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I always look forward to the NAMM show. It’s an opportunity to get away from the 
Washington DC area for a while during what’s often the nastiest weather of the 
year (it did snow at home a little while I was gone), and I get a chance to see 
some products that don’t fit in with the AES show of a couple of months earlier. 
Here are some of the new things that I found particularly interesting or significant. 
 
 

Consoles and Mixers 
 
I reported on the Allen & Heath GS-R24  analog recording console with optional 
multi-channel digital I/O and fader automation in my 2010 AES show report (read 
that for all the details) and now I’m happy to report that the moving faders are 
now moving. It was running with Pro Tools 9 (what else?) and fitted into an 
attractive desk. The GS-R24, at least at this point, sends and received standard 
MIDI continuous controller and note on/off messages only, and doesn’t offer HUI 
or Mackie Control Pro protocol  that a number of DAW programs accept for plug-
and-play operation from a control surface. The GS was running through a small 
application, I believe the Bome MIDI Translator (I hope I got that right – I had to 
do some forensics and net searching to interpret my hastily written note) to 
convert the console’s USB MIDI I/O so it appears to the DAW as three MIDI ports 
with HUI protocol, making use of all 24 of the console’s faders (HUI does 8 
channels per MIDI port).  
http://www.allen-heath.co.uk/uk/DisplayProduct.asp?pview=115 
 
 

Behringer’s Xenix UFX1604 is a 16 channel 
tabletop mixer that offers all the features that 
you’d expect from a mixer of this size and 
format and a few nice bonuses. Channels 1-8 
are mic or line inputs with the ¼” inputs of 
channels 1 and 2 switchable to become high 
impedance instrument DIs. Four band EQ with 
sweepable high and low midrange bands, and 
four auxiliary sends switchable between pre- 
and post-fader. Channels 9-16 are arranged 
as four stereo line level pairs with four-band 
fixed frequency EQ. Auxiliary outputs 3 and 4 
are normalled to two independent 24-bit digital 
effect processors. Channel output uses the 
“semi-4-bus” architecture introduced by 
Mackie with the original 1604. In this scheme, 



the Mute button on each channel (or channel pairs for 9-16) diverts the channel 
pan pot outputs from the main L/R bus to a fixed gain (no master fader) Alternate 
3-4 bus.  
 
There’s also a 16-out, 4-return Firewire interface. Channels 1-12 always send 
their outputs, either pre- or post-EQ, to the Firewire stream. The last four Firewire 
streams can be fed (in pairs) from channels 13-16, Aux Sends 1-2, or the main 
L/R bus. The four Firewire returns can be brought in to the mixer channels 13-16, 
or Firewire outputs 1-2 can be routed straight to the mixer’s monitor section. But 
wait! There’s more. Direct outputs of channels 1-16 can be recorded to a USB 
flash drive (or probably a hard drive) plugged directly into a USB port on the 
mixer. A set of transport control buttons operates the built-in recorder and double 
as MIDI transport controls through the Firewire port for DAW control.  
http://www.behringer.com/EN/Products/UFX1604.aspx 
 
 
Bigger news from Behringer was a bigger console. The X32 is a 32-channel 
digital console with 32 mic/line inputs, 16 mix buses, motorized faders, a 
netbook-sized display plus a little LCD “scribble strip” on each channel. It 
appears to be equally at home on stage and in the studio, with 6 matrix mixers 
for monitoring and alternate feeds, 6 auxiliary sends and returns, and 16 flexibly 
assignable XLR outputs in addition to control room outputs (which, curiously, on 
the press kit photo, are female 
XLRs!) and stereo AES/EBU 
output. A pair of AES-50 
(Ethernet) connectors support a 
yet-to-come digital snake, and 
another Ethernet connector  
interfaces with Behringer’s new 
16-channel personal monitor 
mixer system (more about this 
later). There’s also a USB port for 
recording the board mix directly 
to a USB flash drive.  
 
This is Behringer’s second shot at a digital console. Their DDX3216, released 
around 2002, enjoyed a small success for its small (for Behringer) production 
run, but it wasn’t really the right time. Maybe now it is, particularly with the digital 
console gaining popularity in live work. Without hands on (lit up, under cover, but 
not passing audio at this show), there isn’t a lot more to say about it yet, but 
expect it later this year, maybe in the Fall. Hopefully with Behringer’s recent 
focus on original design and improvements in Chinese manufacturing and quality 
control, it will prove reliable and stable enough at release time to meet the 
mission-critical needs of a live sound with the flexibility of a studio console. 
http://www.behringer.com/EN/Products/X32.aspx 
 



 
Soundcraft introduced the Si Series line of live sound digital consoles priced in 
the same range as the popular Yamaha LS9 models and obviously competing for 
this market. A distinctive feature of the new Soundcrafts is a creative approach to 
the user interface that relies much less on its LCD touch sensitive display for 
operation, and gives a more tactile and hardware-visible indication of what the 
controls are doing at any moment. It still uses the “shared control” paradigm, but, 
for example, when you switch the faders so that they’re controlling bus levels, the 
fader slots light up yellow. Red (see 
the picture) is for graphic EQ bands, 
white indicates linked faders, they’re 
blue when adjusting Aux returns, 
and so on.  “Lights off” indicates that 
they’re acting as normal channel 
faders. The position of rotary knobs 
is indicated by a surrounding LED 
ring. It looks like it’s pretty quick and 
easy to learn and to customize so 
that the buttons you use most often are closest at hand. The Si Compact series 
comes in 16, 24, and 32 channel sizes, and then there’s the Si1, 2, and 3 series 
that go up to 64 inputs. Several digital I/O option cards are available to interface 
MADI, Aviom N-Net, CobraNet, and AES/EBU. 
http://www.soundcraft.com/products/product.aspx?pid=181 
 
 

I’ve always thought of the Midas Venice 
series as the mixing consoles that Mackie 
would have built if they were willing to bust 
their low price point. Compared to the 
roughly equivalent Mackie models, the 
Venice looks and feels more solid, with less 
emphasis on a compact tabletop format and 
more emphasis on doing serious business. 
The new Venice F series (“F” stands for 
Firewire) covers a range of sizes from 16 to 

32 channels, with a Firewire direct output and return for every channel. The 
signal flow is pretty similar to the Mackie Onyx i series, with switching to select 
whether the outgoing and incoming Firewire streams are pre- or post-EQ. Each 
model has four stereo mic/line inputs, so, for example, the 24-channel model has 
16 mono mic/line channels and 8 stereo channels arranged as four stereo pairs 
with separate left and right mic gain controls. Mono mic/line inputs have 4-band 
EQ with two sweepable mid bands. The stereo inputs have four fixed EQ bands. 
All channels have 6 auxiliary sends, four subgroups, and a 7x2 matrix.   
http://www.midasconsoles.com/venicef.php 
 
 



PreSonus has a major firmware update for the StudioLive 16 coming later this 
Spring which will bring it closer in functionality to the newer 24 channel version. I 
won’t tell all I heard (these things have a way of not quite coming out like they 
anticipated, or when) but I will say that they listened to a lot of the users’ requests 
and are incorporating most of the sensible ones that can fit without hardware 
changes. I’ll leak that changing the Solo action to the conventional “mute 
everything but the soloed channel in the control room and headphones” has been 
discussed isn’t yet on the “committed to” list. Somebody there must like clumsy 
the two-handed solo that’s presently implemented. I think it’s really, dumb, it  
confuses users who are familiar with the solo function on other mixers, and 
baffles new users who think this is the way it’s supposed to work. The good news 
from PreSonus is that they were demonstrating their iPad remote control 
application for the StudioLive. More about that in the “Apps” section of this report. 
http://www.presonus.com/products/Detail.aspx?ProductId=52 
 
 

Recorders 
 
I think the tidal wave of handheld recorders over the past three years or so has 
washed ashore. We weren’t flooded this year. Olympus introduced the LS-7, a 
24/96 recorder with 4 GB of built-in memory as well as a Micro-SD card slot and 
a $200 street price. A couple of distinguishing 
features are a third, center mic said to improve low 
frequency recording, and both voice guidance and 
voice operation for hands-off recording. I can see 
using this if you’re recording yourself, but please don’t 
yell “RECORD” at the start of each song at a concert.  
http://www.olympusamerica.com/cpg_section/product.asp?product=1547 
 
Last year Samson introduced the Q3 handheld video recorder that did video OK 
and did audio really well, due largely to the use of the same mics as in their top 
of the line handheld H4n audio recorder. Everyone wished for HD video, so here 
it is. The Q3HD is pretty similar to the Q3 with a different paint job. The 
microphones, while still well protected, are more open. It offers high definition 
modes of 1080p and 720p (that’s lines, progressive scan) at 30 fps, and 720p at 
60 fps in addition to WVGA at 30 or 60 fps. (wide screen, VGA resolution, a 
YouTube “standard”) In playback mode, turning it sideways, just like an iPod, 
gives wider wide-screen playback. A complaint with the original Q3 was the lack 
of an external mic input. While the built-in mics are fine for recording a show or 
music demo, in some instances I wanted to be able to get a mic close to the 
subject with the lens at a reasonable shooting distance. The Q3HD gets part way 
there by providing a stereo mini jack for a line level input, so with a mixer or 
external preamp (probably a good idea for level control) you’re there.  
http://www.samsontech.com/products/productpage.cfm?prodID=2062&brandID=
4 
 



TASCAM and Zoom both introduced new integrated 8-track recorder/mixers that 
are quite similar. Both are limited to recording from two simultaneous inputs, both 
have mic, line, and instrument DI inputs, both record to SD or SDHC flash 
memory. Both have XLR mic inputs with phantom power as well as built-in mics 
for true self-contained recording. TASCAM’s new Portastudio DP-03 also 
features a CD drive both to import tracks from a CD and to burn a CD of the 
mixed tracks. The Zoom R8, a scaled down version of the R16 and R24, includes 
an 8-pad sampler with 24 built-in voices and a drum sequencer for creating 
backing tracks. A USB port allows the R8 to function as a USB audio interface to 
a computer DAW program (it includes a copy of Cubase LE5), and the sliders 
and transport control buttons can also control the DAW.  
http://www.samsontech.com/products/brandpage.cfm?brandID=4 (R8 coming) 
http://tascam.com/product/dp-03/ 
 
 
 

Microphones  
 
Audio Technica has a new low cost 
stereo mic which seems to be well 
suited to use with a video camera, but 
may work well with some handheld 
recorders for when you want to put the 
mic where you can’t operate the 
recorder. The AT2022 features a pair of 

capsules that can be swiveled for wider or narrower X-Y pickup. The output is 
unbalanced, with the mic fitted with a standard XLR connector. An adapter to a 
stereo mini plug is included. It’s powered from an internal AA battery so there’s 
no need for phantom or plug-in power. 
http://www.audio-technica.com/cms/wired_mics/a2c67abf775c91bf/index.html 
 
 
The KSM42 is Shure’s newest addition to the KSM line. It’s a large capsule 
cardioid studio condenser mic with frequency response specifically geared for 
vocal recording. That, of course, doesn’t mean that you can’t use it for other 
things, just that it promises to be a quick setup for a good vocal sound. Internal 
blast filter construction and tailored low frequency response contribute to reduced 
P-popping and other low frequency breath sounds, while the mid-range response 
is tuned for clarity rather than flatness. 
http://www.shure.com/americas/products/microphones/ksm/ksm42-large-dual-
diaphragm-side-address-condenser-vocal-microphone 
 
 
It’s nice to see a new mic manufacturer from the US, and even nicer when they 
survive to show up for a second year at NAMM, and with new products. Miktek 
out of Nashville was back with two new live performance mics to supplement 



their line of studio mics. The PM9 is their first dynamic mic intended for vocals 
(they have a couple of stubby dynamic mics  tailored for drums), while the PM5 is 
a super-cardioid condenser which uses the capsule, electronics, and output 
transformer of their C5 small diaphragm studio mic. Both are in a flat black 
handheld case with a multi-layer windscreen to suppress plosives. The dynamic 
mic is optimized for high rear rejection to allow for more gain before feedback. 
The handheld condenser mic is designed to bring studio quality to the stage. 
Miktek uses Chinese capsules, but most other parts including transformers are 
US sourced, as is assembly and test. 
http://www.miktekaudio.com/products/c5-small-diaphragm-cardioid-pencil-
condenser 
 
 
The new MXL Unitar and Genesis II both employ a dual-diaphragm capsule in a 
clever and unusual way. Rather than using the double-sided capsule to create 
multiple polar patterns by changing the relative sensitivity of the two identical-as-
possible sides, the two sides of the capsule are voiced differently and are used 
one at a time. A switch on the mic (labeled “warm” and “bright”) selects the active 
side, which is indicated by an LED behind the grill so you’ll know which side to 
sing or play into. Also new is the MXR Revelaton Stereo, one very large mic. 
http://www.mxlmics.com 
 
 

Heil Sound always has interesting mics and their latest is the 
PR31BW. It’s a shortened version of the PR30 so it will fit into 
smaller spaces. It offers the same characteristic sound and up to 40 
dB of off-axis rejection as the PR30. It was built to satisfy the 
request of some live sound engineers for a more compact mic to 
place under cymbals and on toms. They also recommend it for 
guitar cabinets, brass, and horns where leakage is a problem. 
http://heilsound.com/pro/products/pr31bw/ 
 
 

The new Electro-Voice RE320 looks a lot like the venerable and well respected 
RE20. It come in stage-friendly black and E-V claims that it shares many of the 
RE20’s characteristics at a significantly lower price. It has the E-V’s Variable-D 
acoustic chamber which reduces proximity effect (this could be a good or bad 
thing, depending on the application). A switch selects a frequency response, with 
one position tailored for voice (the RE20 is a popular voice-over and broadcast 
studio mic), flat on the low end with a boost in the 4-10 kHz range, the other 
position tailored for kick drums, 
another popular RE20 
application, with a similar high 
end peak but at a little lower 
frequency, a dip at 300 Hz, and 
low frequency roll-off starting 



below 100 Hz. My take on this one, at least until I give it a good listen, is that it’s 
the mic to use on a kick drum on stage when you can’t afford (or can’t afford to 
lose) an RE-20.  
http://www.electrovoice.com/product.php?id=1065 
 
 
At the AES show, Blue introduced the Yeti, a multi-pattern USB mic with a built in 
headphone monitor mixer (mic input plus playback from the computer) and an 
integral stand. New for NAMM is the Yeti Pro which offers 24-bit A/D conversion 
up to 192 kHz sample rate (the basic Yeti is 16-bit, 48 khZ). The Yeti Pro also 
has an XLR connector for analog output at mic level so you can use your own 
preamp or split the mic signal for USB recording and something else.  
http://www.bluemic.com/yetipro/ 
 
 
Also new from Blue is the Spark, a bottle-style cardioid condenser mic with a 
“Focus” switch. When Focus is engaged, the response changes 
to something providing greater clarity and detail (I suspect with 
less low frequency content). Still in the working prototype stage 
but on display was the Reactor, a multi-pattern condenser mic 
with pretty radical styling, something that’s typical of Blue mics. 
The head swivels so that two Reactors can be placed side-to-
side for stereo setups. Pattern selection and indication is with a 
unique and very large rotary switch which is back-lit with an 
LED image of the polar diagram. 
http://www.bluemic.com/spark/ 
http://www.bluemic.com/reactor/ 
 
 

Samson showed a new USB microphone named the Meteor. It 
has a bit of a classic look to it, a 1” cardioid condenser 
element, and a headphone jack with volume control for no-
latency monitoring and computer playback. There’s a built-in 
table stand with tripod legs that can be adjusted to tilt the mic, 
as well as a 5/8-27 threaded hole in the base to fit a standard 
mic stand. The built-in A/D converter is 16-bit 44.1 kHz and the 
USB interface is class compliant so no driver is required for 
either Mac or Windows OS.  

http://samsontech.com/products/productpage.cfm?prodID=2065&brandID=2 
 
 
The Lampifier is a microphone with built-in EQ and compression. Size and shape 
is about like a Shure SM-58, and the EQ and dynamics are programmed by 
internal (user accessible) jumpers. Two versions of the capsule are offered, one 
reasonably flat and the other with a frequency response curve similar to an 
SM-58. The mic can be ordered pre-programmed for one of 10 typical 



applications, and a web application guides you in setting the jumpers for other 
factory presets or creating your own custom dynamics control. 
http://www.lampifier.com/ 
 
 
 

Preamps 
 
TASCAM has collaborated with Antares to create the TA-1VP single channel mic 
preamp and vocal processor. The TA-1VP incorporates the new Evo version of 
Antares’ AutoTune, providing real-time pitch correction and doubling of a vocal 

input. Antares’ microphone modeler and tube emulation is included as well as 
compression, gating, de-essing and two band equalization. That’s about 
everything you need to polish a vocal. There’s also a line input for post-
processing or to use the TA-1VP as an insert device if you have a preferred 
preamp. There’s a foot switch and MIDI control, comprehensive front panel 
metering, and settings can be saved as presets. 
http://tascam.com/product/ta-1vp/ 
 
 
Miktek showed a new 2-channel preamp, the MPA-201. It features separate input 
gain and output level controls, a VU meter that can be switched between input 
and output level, a variable low-cut filter, variable input impedance and an 
instrument DI input which doubles as a line input for “that preamp sound” after 
the fact. A “2X” switch re-routes the output of the DI transformer into the mic 
transformer for a different tone color. A “Smooth” button selects between a 
“racked” and “in-console” sound, whatever that means. But with class A discrete 
design, it’s unlikely to sound wrong, just different, when that switch is flipped. 
http://www.miktekaudio.com 
 
 
Focusrite introduced the ISA428 MkII, an update to the ISA428 4-channel 
transformer input mic preamp. Basically, this is a manufacturing update since the 
primary difference between the original and the MkII is that the MkII is lower in 
cost. The analog circuit, in fact the circuit card, is identical to the original model. It 
accommodates the same optional A/D converter card which adds four more line 
inputs. Each mic channel has front panel controls for variable input impedance, 
adjustable low cut filter, phantom power and polarity reverse.  
http://focusrite.com/us/products/mic_pres/isa428_mkii 
 



While it’s actually an acoustic instrument preamp, I’ll lump the Empirical Labs 
Smartax (try saying that correctly after a few drinks) in with the mic preamps. It’s 
a gain stage. an equalizer, compressor, and saturation effect designed 
specifically for acoustic instruments all packed into a 500-series module. In 
addition, it can also take line level signals. Circuitry is all analog, but controls are 
digital.  
 
The EQ section consists of a 70 or 100 Hz 18 dB/octave high pass filter followed 
by three bands of parametric (though not continuously variable) EQ with 
frequencies selected to be particularly useful for acoustic instruments. The 
compressor and saturation circuit follow the EQ. The amount of gain reduction 
and percentage of saturation distortion is adjusted with the Input (drive) control 
(that’s input to the compressor). A Mix control adjusts the amount of 
compressed/saturated signal is added to the clean signal. You can’t 
independently control the compressor and saturator, you can only adjust the 
amount of grunge (from as much as you can get to none) using the Mix control.  
An internal jumper can engage a 150 Hz high pass filter in the compressor 
detector signal path (this is the factory setting) to prevent excessive compression 
from the boomy low end of a guitar. Two units can be ganged together to equally 
compress a stereo source, though this requires installing a jumper between pin 6 
of the card slots containing the Smartaxes. When those pins are connected 
together (this involves soldering in most if not all 500-series racks) a front panel 
switch can engage or disengage stereo linking. 
http://www.empiricallabs.com/ 
 
 

Speakers and Headphones 
 
Mackie introduced a couple of new speakers. The Thump TH-12A is a lower cost 
two way powered speaker-on-a-stick, a smaller version of the TH-15. It features 
a 300 watt class D amplifier for the 12” low end driver and 100 watt class A/B 
amplifier for the 1” mid-high frequency driver. A 3-band equalizer provides some 
room tuning. The XLR input connector has a pass-through to connect another 
speaker, and there’s enough gain range to handle a mic (for lectures or 
harmonica soloists) a as well as line input. 
http://www.mackie.com/products/thump/ 
 
Also new from Mackie is a redesigned version of their lower cost studio monitor, 
the MR5mk2 and MR8mk2, with 5¼  and 8 inch low frequency drivers 
respectively. Both have the same 1 inch soft dome tweeter. The big one is 
powered by a 100 watt amplifier for the lows and 50 watts for the highs. The 
smaller one gets 55 watts on the bottom and 30 watts on the top. ±2 dB high 
frequency and +2, +4 dB low frequency switches provide some room 
compensation. Give that there’s no switch to roll off the low end, they probably 
don’t intend for these to be put in corners.  
http://www.mackie.com/products/mrmk2series/splash/ 



 
 
Both Shure and Sony introduced new headphones, both extensions of their 
existing lines. The Shure SRH940 is a wide range studio “monitor” headphone 
designed for critical listening, not necessarily for extended listening. I thought 
they were bright enough so as to become fatiguing if I had to wear them all day, 
but they’re physically very comfortable. The SRH550DJ is a headphone with 
response tempered for DJ applications, with the hyped bass and midrange 
typical of club sound systems.  
 
Sony’s new offerings are sort of upscale and downscale from the venerable 
MDR-7506. The MDR-7510 is a fixed (not folding) design with over-the-ear 
cushions for acoustic isolation that look rugged enough for studio use. The 7520 
offers higher power handling capacity and magnesium parts for lighter weight. 
The 7550 is an in-ear phone designed for stage monitoring.   
http://pro.sony.com/bbsc/ssr/cat-audio/cat-headphones/ 
 

 
Custom fitted in-ear earphones are one of those 
things that many of us would like to have, but we 
just never seem to get around to visiting the 
audiologist to get fitted. Sonomax has an answer 
for that with their Sculpted Eers custom fitting 
system which allows you (or your dealer) to create 
a custom fitted set of phones in less than five 
minutes. The kit, pictured at left, consists of a 
single-use headband which contains the silicone 
molding compound. The earpieces attached to the 
headband  consist of an inflatable rubber tip that, 
when filled with silicone from the headband, 
expands to exactly match the shape of your outer 
ear canal. You put on the rig as if you were putting 

on a set of headphones, inserte the rubber tips into your ears, squeeze the 
pumps on the headband, and the silicone goop flows into the tips, fitting them 
precisely to your ears. The silicone cures in 4 minutes, after which you remove 
the earpieces from the throw-away headband, attach them to the drivers, and 
you have a pair of custom molded earphones. It’s pretty cool.  
http://sonomax.com/assets/files/pdf/Sonomax-SonoFitSystem-Sheet.pdf 
 
 

In-Ear/Personal Monitoring 
 
There were enough new systems and components related to personal monitoring 
this year that it rates a category of its own. Prices have come down, perhaps  
budgets have gone up a little, and either some of the voodoo associated with 
IEMs has gone away (remember when it used to take a couple of extra monitor 



techs and a bank of equalizers and limiters to equip a tour?). Hopefully musicians 
aren’t going to blow out their ears with these things. We’ll see. But here’s a few of 
the many new IEM systems displayed at this year’s show. 
 
The Rock Box Limiter is a headphone amplifier (mono, not stereo) with a volume 
control and limiter to protect your ears against unexpected loud pops and 
crackles as well as feedback if somebody’s still using a wedge. It’s powered by a 
9V DC wall wart which incorporates a diode bridge so that you can use either 
polarity without smoking it. On the assumption that you’ll be playing an 
instrument, Rock Box also offers a clever breakout cable with a ¼” plug on one 
end that goes to your instrument. About a foot along the cable from the 
instrument end,, there’s a mini jack for your earphones, giving the mini plug 
connection some support. This cable-mounted earphone jack is fed from the 
output jack on the Rock Box via a ¼” plug on the other end. The amplifier end of 
the cable also has a female ¼” jack to pass the instrument signal on to an 
amplifier or DI. Another ¼” jack on the Rock Box accepts the monitor mix at 
either line or speaker level, with  a parallel “thru” jack to string over to another 
player’s Rock Box.  
http://rockonaudio.com/package.php 
 
 

POSSE (Personal On Stage Sound Environment) is a personal 
monitor system in three pieces. A box with all the mixer controls 
including master volume clamps to a mic stand. Your mic plugs 
into a mic cable that come from the mixer control box, The 
mixer box connects to a floor box through a standard HDMI 
cable, and the floor box connects to a belt pack through a 
standard 5-pin DIN MIDI cable. (they’re inexpensive, easy to 
replace, and different so you wont hook it up incorrectly) 
Headphones and instrument plug into the belt pack, and the 
floor box sends the instrument and mic signals up to the 
POSSE mixer as well as providing outputs to the house 
console. A mono or stereo mix of the rest of the band from the 
console comes into the floor box. The mixer box on the mic 
stand has a pair of ambient mics which you can blend into the 
earphone mix so you don’t feel so isolated, and so you can hear 
other musicians on stage. All controls are on the mixer box, and 
power is supplied from a wall wart to the floor box.  

 
The master volume control is surrounded by a ring of LEDs which, when you 
press a button, serves as a chromatic tuner for the plugged-in instrument. Four 
other knobs adjust the level of the plugged-in vocal mic, instrument, ambience 
mics, and console mix. There’s a mini jack for recording your mix, and another 
jack for playback of break music. A supplied mic on a gooseneck can be plugged 
into a jack on the side of the mixer box for an acoustic guitar in addition to or in 
lieu of a pickup. http://www.posseaudio.com 



I completely missed the myMix at last year’s NAMM, but that’s OK since it took 
most of the year before it actually started shipping  (no promises on ETA of 
anything that you read here, of course). As it was initially described, I thought it 
was intended for people jamming together to hear each other similar in function 
to the JamHub, but it looked like it could do more. I though MyMix could be a 
flexible studio headphone monitor system if only there was a way to get inputs 
from the console without stringing additional cables to each player. Late last year 
a 16-channel line input expander was introduced to fill that need. So this year I 
made a point to find the myMix booth and spend some time with it. It’s a pretty 
sophisticated system, a little pricey, and probably better suited for fixed 
installations such as a church rather than for a bar band, but it’s very flexible and 
well thought out. The business end is a hand-sized artist’s station with two 
mic/line inputs, stereo line level outputs for monitor speakers (it’s not just for in-
ear monitoring), a big knob for making adjustments, and a touch screen for 
selecting what you want to adjust.  
 
myMix stations interconnect via Cat 5 Ethernet 
cable in a star network configuration using a 
standard Ethernet switch. They can be powered 
through the Ethernet cable if the switch is so 
equipped, or powered individually with a wall wart. 
The 16-channel line input expander connects to 
the network as another station. The number of 
stations (and channels) is determined by the 
capacity of the switch, but each station is limited to 
controlling 16 channels. In a studio or for a band, 
a simple switch and 16 channels is probably 
sufficient but in a church where there may be 
many things going on at different times, with 
sources from all over the building, a more 
sophisticated network design is needed, but fortunately, it’s possible.  
 
The user interface is clean, the display is easy to read, and informative, but to be 
honest, I think that it’s more complicated than a group of musicians can set up 
quickly. Fortunately settings can be saved so that once you get all the channels 
set up with their inputs and name them so sources can be identified for mixing  
you can recall the setup. There’s a reverb and delay effect processor for each 
station, a 4-band fully parametric EQ for the outputs (but not individual channels) 
and each channel along with the mix can be recorded to an SD memory card at 
each station. It might be possible for a venue with the same bands coming in 
regularly to make good use of this system, but I suspect that a band playing for 
the first (and possibly only) time might find setting it up to be too time consuming. 
This is an elegant system, and elegance has its price.  
http://www.mymixaudio.com 
 
 



The Momentum digital snake system from ProCo Sound has been around for a 
while, but they’ve added a new component that fits in with the theme of this 
section of the report. The Momentum system consists of 8-channel A/D and D/A 
converter modules, either rack mounted or in floor boots, that interconnect via 
Ethernet. Stack up as many modules as you need for up to 256 channels, 
connect each end’s modules to an Ethernet switch, connect the switches with as 
much Cat 5 cable as you need, and you have a snake. The new piece, of interest 
here, is the mo8me mix engine which mixes up to 32 channels on the network to 
8 mono or 4 stereo outputs. Outputs are on male XLR connectors, so from there 
they can go to speakers or headphone amplifiers as you choose. If all you need 
is just the monitor part, up to 32 channels worth of A/D converter plus the mix 
engine can be connected to a single Ethernet switch. The mix engine is 
controlled over Bluetooth (about a 300 foot range) by an iPad running a 99 cent 
application. Multiple users can talk to the same mix engine with protection so that 
the drummer can’t change the lead singer’s mix. This is another system that’s 
more appropriate for a fixed installation or a touring band that can get it all 
together well in advance of show time. 
http://www.mymixaudio.com 
 

Elite Core is a new company with a really 
straightforward 16-channel personal monitor 
mixing system. The system consists of a 
16-channel IM-16 input module, a 9-port (1 in 8 
out) DM-8 distribution module, and up to 8 
PM-16 personal mixer stations. DM-8s can be 
cascaded if more than 8 stations are needed. 
The mixer is simplicity in itself –16 level and 

pan knobs and a master. For the experienced, there’s a compressor and a 
3-band equalizer on the output. There’s also a built-in ambience mic with its own 
volume control. The principal engineer for this system used to be with Aviom, one 
of the first personal monitor systems, and the Elite Core bears a strong 
resemblance. It’s very solidly built even to the extent that Neutrik EtherCon 
locking XLR-style connectors are used for the Cat 5 connections (though you can 
use standard connectors if you dare.  
http://elitecoreaudio.com/personal-mixing 
 
The Behringer Powerplay P-16, while very similar in concept to the EliteCore 
system, has a more digital-looking 
user interface. The architecture is 
similar to other Ethernet-based 
systems described here, an input box, 
individual monitor stations, and a 
distribution box if necessary, but you 
might not need it. The P16-I Input box 
has 16 analog inputs on ¼” TRS jacks 
plus two ADAT optical Toslink 



connectors for 16 digital inputs. You can connect analog and digital sources in 
groups of 8. The P16-I also has 6 Ethernet outputs, so for six or fewer monitor 
mix stations, you won’t need the 1x8 distribution box. The P16-M monitor stations 
work a bit like a digital console in that you select a channel and the knobs act on 
that channel. There’s level, pan, limiter, and a 3-band EQ for each channel as 
well as mute, solo, and “take me back to the main mix” buttons. It appears to be 
quite solidly built and looks like it will be at home both on stage and in the studio. 
Compared to the Elite Core and daddy Aviom systems, it’s the same train, 
different time. Price difference? You bet!  
http://www.behringer.com/EN/Products/P16-M.aspx 
 
 
All of the above systems have been wired. To wrap up this section, here’s the 
Lectrosonics Quadra four-channel wireless IEM system. The 4-channel system 
consists of the M4R belt-pack diversity receiver and M4T half-rack transmitter. 
The system operates in the license-free 900 MHz band with 24-bit 48 kHz digital 
modulation. The M4R receiver features a high-resolution, backlit LCD and 

membrane switches. A four-
channel mixer with real knobs 
allows the performer, in real time, 
to customize a mix of the four 
channels feeding the transmitter. 
This is typically an overall stereo 
mix and two mono channels to 
which the artist adds the other 
channels, typically “more me” and 
more of whatever he takes his 

cues from. The M4R runs for 6 hours on three alkaline AA batteries. 
The M4T transmitter has an output power of 200 mW for extended operating 
range. The four transmitter inputs can be either analog or AES/EBU digital on 
locking XLR connectors. Rack mounting hardware for two M4T units together in a 
1RU configuration is provided. The M4T operates on AC mains power, 
eliminating the use of a wall-wart. 
http://www.lectrosonics.com/Wireless-Monitors/quadra.html 
 
 
 

Converters and Interfaces 
 
TASCAM introduced a couple of new 
small USB audio+MIDI interfaces the 
US-200 and US-600, to expand the 
popular US-122 series (which is still 
around). The new models use the USB 
2.0 interface which allows for more 
channels at higher sample rates than 



the old, but almost completely universal USB 1.1. Common features are 5-pin 
MIDI In and Out and ¼” stereo headphone outputs with a direct hardware path 
from input to monitor output for no latency input monitoring. The US-200 has two 
analog mic/line inputs on XLR combo jacks, and four analog outputs in addition 
to the headphone output. Input 1 can be switched to high impedance for direct 
recording of instrument pickups. Mic inputs can provide phantom power, and 
outputs are on RCA jacks. The US-200 is powered from the USB port, 
eliminating the need for an external power supply. The US-600 is a six-in/four-out 
interface with four XLR/TRS combo mic inputs, and stereo S/PDIF digital in and 
out. Both are bundled with a copy of Cubase LE5, 
http://tascam.com/ 
 
 
Focusrite retired the Red series of analog preamps and signal processors at the 
end of last year, but they must have had a lot of red anodized panels left over, 
because now we have the RedNet system, an Focusrite’s Ethernet based digital 
audio networking solution accommodating up to 128 input and output streams. 
RedNet uses the Dante audio networking technology from Audinate from 
Australia. While Ethernet is fairly new to most of us on the lower rungs of the 
audio interfacing ladder, the Dante network technology has been around for quite 
some time and can be found in a lot of professional applications such as Yamaha 
and Allen & Heath iLive digital consoles and several digital snake systems. In a 
DAW system, the Dante network starts out with a PCIe host interface card 
installed in the computer. From there, everything connects with standard 
Ethernet cables and switches or routers.  
 
The current lineup: 
RedNet 1 and 2 are 
8- and 16-channel 
A/D-D/A converters 
respectively, RedNet 
3 is a 32 in/out digital interface supporting AES/EBU, S/PDIF, and ADAT optical 
I/O (dual ports for up to 96 kHz s/Mux), and RedNet 4 is an 8-channel mic/line 
preamp. Up to 128 inputs and outputs are supported at up to 96 kHz with 
reduced capacity up to 192 kHz. The units can be hot-swapped and they’re 
automatically detected and configured upon connection so, while it’s good to 
have a basic understanding of how Ethernet works, most systems don’t require 
an IT specialist to install and maintain. Needless to say, Focusrite’s  reputation 
for high audio quality is carried through in this new system. 
http://focusrite.com/us/rednet/ 
 
I wasn’t sure if I should put this with the audio interfaces or cool gadgets, but 
here it is. The Focusrite VRM Box is a tiny box that’s mostly knob that applies 
their VRM process to the monitor path of a stereo signal. VRM stands for Virtual 
Room Modeling, a technology that’s been incorporated into a few of Focusrite’s 
audio I/O boxes from the past year or so. It attempts to emulate the sound 



characteristics of a variety of speakers and playback environments (TV set in the 
den, $5,000 monitors in the studio, etc.) when listening to a mix through 
headphones. The VRM box takes power and digital audio from a USB port, an 
application program adjusts the listening parameters, and a headphone amplifier 
with a big volume knob provides decent headphone volume. Input can also be 

from S/PDIF up to 192 kHz sample rate though 
the USB connection is still required to power the 
box and run the control application. Understand 
that VRM won’t replace your $5,000 monitors in 
a well tuned room. It’s today’s version of a 
studio engineer from the 1970s checking the mix 
on Auratones, or, in the ‘80s, on Yamaha NS-10 
speakers. Used with that in mind, it can tell you 
what your mix will lose when played in other 
environments. But it won’t tell you what you 
need to do in order to correct it. If it’s mixed 
right, it probably doesn’t need correction. 

http://focusrite.com/us/products/audio_interfaces/vrm_box 
  
 
Remember Creamware and its companion DAW program (before the term 
“DAW” was coined) called SCOPE?  Well, it’s back. This German company was 
one of the first, if not the first, to come up with a DSP-based sound card, Triple 
DAT, that offered superior performance to the SoundBlaster, the popular 
computer sound card of the day. They also had an early multi-channel I/O 
interface which, though it had a lot of dedicated fans, never got enough traction 
to survive and eventually the company went into the German equivalent of 
bankruptcy. It was revived by management who didn’t know anything about the 
product (often typical of how it works over there, apparently) and it flopped again. 
Now there’s a new 
company, Sonic Core, who 
is making a new product 
based on the same design 
concepts of the original 
Creamware hardware but 
updated to today’s components and standards. The XITE-1, in a 1-rack space 
box, has a vast number of I/O ports which are configured through a software 
application that looks on screen like a system block diagram. It’s not for the 
novice, though there’s plenty of DSP power inside for effects and signal 
processing right in the box, it’s extremely flexible, and the rep said that the audio 
quality is right up there with today’s top shelf brands.  Also from Sonic Core is the 
Ferrofish A16 MkII, a 1 rack space unit that provides 32 channels of high quality 
A/D and D/A conversion as well as translation between MADI and ADAT optical 
multi-channel I/O.   
http://sonic-core.net/joomla.soniccore/index.php?lang=us 
 



 
The iConnect MIDI is a MIDI router for interconnecting MIDI devices of three 
different flavors. It’s (as far as I know) the first device designed to provide plug 
and play capability between any MIDI device and any iOS device such as the  
iPad, iPhone, and iPod touch. It has two conventional 5-pin MIDI In and MIDI Out  
ports, a USB MIDI interface to talk to a MIDI class compliant computer driver, a 
USB MIDI host port which, through a hub, can support up to 8 MIDI devices, and 

a mini USB port with the smarts 
to connect to an iOS device 
serving as either a controller, 
sound source, or both. The 
iConnect MIDI fully supports the 
new CoreMIDI framework 
introduced in iOS 4.2. After many 
requests to support DMX lighting 
control, they were flying an 
American DJ light using an 
application to convert MIDI to 

DMX controller codes and an accessory adapter to the 5-pin XLR style standard 
DMX connectors. This is the device to get if you’re serious about using your iPad 
for music making, either as a sound source or as a controller.  
http://www.iconnectmidi.com/ 
 
 

Software and Plug-Ins 
 
Cubase 6 is out, with, quite honestly, many neew features that I thought it 
already had. One big one is the ability to group tracks, for example drums or 
background vocals, and use all of the available editing tools on the group rather 
than having to perform the same edit multiple times on each individual track. 
Cubase 6 comes in two flavors, the full version, and Artist 6, a project studio 
version with fewer tracks available (64 should be enough for most projects), 
fewer VST sounds and processes included, and lacking some of the 
sophisticated project and workflow management tools in the full version. Get the 
details at: 
http://www.steinberg.net/en/products/cubase/cubase6_versions.html 
 
In other Steinberg news, Yamaha (Steinberg’s parent company) has created a 
VST plug-in model of the Neve Portico 5033 EQ and 5043 compressor that’s 
been blessed by Rupert Neve. Sir Rupert, who has had a hard time accepting 
that digital processing can duplicate the sound of analog processing, admits that 
they did a good enough job to make him a believer. 
http://www.steinberg.net/en/products/vst/rnd_portico_plugins/rnd_portico_plugins
_start.html 
 



The new Fraunhofer (the folks who invented MP3 data compression) real time 
encoder from Sonnox allows you to monitor the encoded/decoded stream in real 
time so you can mix and master with an ear to what it will sound like when the 
data-reduced file is played back at the listener’s end. It supports MP3 and AAC 
formats, and allows you to work while hearing audio as processed through any of 
the encoding systems that the program supports. You can select two different 
encoders or sets of parameters for the same encoder and compare them using 
an A/B switch. You can also listen to output minus input to hear what’s being 
thrown away in the data compression process. There’s a gain adjustment to 
prevent clipping during encoding (there are meters and clip indicators to guide 
you), and once you’ve mixed the project, it will perform the encoding of your 
chosen compression method.  
http://www.sonnoxplugins.com/ws/pub/plugins/products/pro-codec.htm 
 
 
For those who can’t live without that “warm 
analog tape sound,” Universal Audio 
created the Studer A800 tape recorder 
plug-in. Based on the performance of this 
popular 2-inch multitrack recorder, the plug-
in provides what’s claimed to be an 
accurate representation of the audio path 
including both electronic and magnetic 
saturation. Modeled by UA's DSP 
engineers with help from magnetic 
recording expert Jay McKnight of Magnetic 
Reference Lab (a friend and a really 
righteous guy), the A800 plug-in models the 
entire tape path and circuit electronics of 
the hardware. The model includes a choice of four different tape formulations, 
three speeds, and four operating (reference fluxivity) levels. Almost like the real 
thing, clicking on the deck’s top panel opens it up so you can tweak the repro 
EQ, bias, and select between NAB, IEC and AES 30 ips equalization. For when 
the tape op screws it all up, an “auto calibrate” button gets it all back to 
recommended factory settings. Like most, if not all, of UA’s plug-ins, this one 
requires their hardware DSP accelerator co-processor.  
http://www.uaudio.com/store/special-processing/studer-a800-tape-recorder.html 
 
 
While we mostly think about plug-ins today as running natively (on the 
computer’s CPU), both Universal Audio and TC Electronic offer accessory 
hardware DSP processors to take the load off and provide a predictable number 
of instances of a given plug-in. But something’s brewing over there. As part of a 
larger strategic review, TC Electronic has decided to quit further development of 
their PowerCore series of DSP co-processors. TC will, however, continue selling 
all of the currently available PowerCore plug-ins and will continue support for the 



DSP hardware. With the most recent release of software version 4.0, PowerCore 
is fully compatible with current operating systems and DAWs – 32 bit as well as 
64 bit.  
 
In addition, TC Electronic announced a collaboration with Universal Audio with a 
crossgrade program, allowing registered PowerCore users to receive a package 
of up to $1,300 worth of UAD Powered Plug-Ins free of charge when registering 
their newly purchased UAD-2 DSP Accelerator Package. This crossgrade offer is 
valid through June 30, 2011.  
 
One of TC Electronic’s products was a Firewire version of their PowerCore 
processor which brought the technology to portable computers. Recently UA 
announced a Firewire version of their DSP accelerators. So even though we’ve 
lost one of the two players, there’s still a plug-and-play plug-in DSP plug-in co- 
processor. Presently the UA Firewire accelerator supports only the Mac OS, but 
perhaps in the future Windows users will have the capability.  
http://www.uaudio.com/promotions.html 
http://www.uaudio.com/uad-plug-ins/uad-2-duo/uad-2-satellite-duo.html 
 
 

Instruments and Other Musical and Unmusical Stuff  
 
The Grand V is the next generation of Roland’s modeled piano technology built 
into a medium sized grand case with amplifiers and speakers completely 
integrated so that sound comes out about in the same way as a real piano. Yes, 
it really does sound like a real piano, and they took great care that from the 
player’s perspective, it sounds and feels like sitting at a real piano. I talked with 
them about the Grand V’s potential as a studio piano and how you’d mic it. They 
were a little fuzzy on the concept (it also has direct analog outputs), but showed 
me how parameters could be changed to give the kind of sound differences that 
we get by putting mics in the various traditional and un-traditional places. It might 
be nice to have a piano in the studio that doesn’t go out of tune and that you 
don’t need to call in a technician to adjust the hammers for a particular session or 
fix a rattle. But then a good piano tech can fix or adjust practically anything in a 
couple of hours. But if your all electronic piano doesn’t boot up before a session, 
who ya gonna call? 
http://www.roland.com/V-Piano/grand/ 
 

 
For my folky friends, Roland introduced a the 
FR-18 3-row diatonic (button) V-Accordion 
synthesizer. This stomach Steinway has twelve 
internal sound sets covering the characteristics of 
Irish, Cajun, Tex-Mex, Swiss, Italian (Organetto), 
and Swiss accordions, as well as tone wheel 
(Hammond) organ sounds and eight orchestral 



voices. And if that’s not enough, it has a MIDI port as well. While none of my 
friends who play button accordion play more than one or two styles, it could be 
convenient for stage use since the end of an acoustic accordion that usually gets 
miked is always in motion.  
http://www.roland.com/products/en/FR-18_diatonic/index.html 
 
 
Roland showed the new GR-55, latest in a long string of virtual modeled guitars, 
making all sorts of sounds and noises, some you’d expect from a guitar, any that 
you’d expect from a synth. The big thing about it is ease of use and remarkably 
low price. Check out the videos and the sounds.  
http://www.roland.com/GK/GR-55.html 
 
 
The Kitara is sort of a cross between a synthesizer shaped like an electric guitar 
and a TeleTubby, with a color multi-touch LCD screen mounted in the body 
where you’d strum the strings. To call it a guitar is kind of stretching the point. 
Instead of strings and frets, it has mechanical switches (remember the Z-tar from 
Starz Laboratories?) to select a basic pitch, and a synthesizer to make the 
sounds. You can strum across the virtual strings, or pick individual strings, or 
play up to a 5-note chord, you can get vibrato with a finger (on the strummed 
end, not on the fretted end, more like a whammy bar) and you can assign 
different sections of the fingerboard to different synth voices. 

 
It runs Linux, and the manufacturer, Misa Digital 
Instruments, plans to offer at least some of the code as 
open source so that users and outside developers can 
create new sounds and effects for it. Needless to say, it’s a 
completely different instrument from what we think of as a 
guitar. After listening to several minutes of weird distorted 
sounds and effects, I asked the guy demonstrating it if he 
could play a song, and he couldn’t. So it’s not going to 
become most guitarists’ principal axe, but it’s there for the 
player with a good imagination and the initiative to figure 

out what to do with it.  
http://misadigital.com/index.php?target=home&lang=en 
 
 
The Fairlight CMI was a very early, perhaps the 
first, sampling workstation and sequencer. Now, 
a new Fairlight, closely associated with the 
original Fairlight, has produced the 30th 
anniversary model. Based on a PC workstation 
computer and Fairlight Crystal Core Media 
Processor DSP card originally developed for 
Fairlight’s current DAWs, it offers the same 



sequencer user interface as the original model, grungy 8-bit sampling as well as 
24-bit sampling (you can morph between high and low resolution versions of the 
same sample), 24 tracks instead of the original 8, and a hard drive instead of the 
8″ floppy disk. It still uses a light pen like the original.  
http://www.fairlightinstruments.com.au 
 
 
LOUD (Mackie’s parent company) has been cranking out amplifiers under the 
Ampeg brand name for several years now, including new higher power, solid 
state designs along the line of the Portaflex. Last year I asked them if they had 
ever thought about bringing back the original Portaflex B-15, and the answer was 
something along the line of “ummmm . . . probably not.” Well, now they have, and 
they’re quite excited about their new Ampeg Heritage B-15. Working in close 
contact with Jess Oliver, the original amplifier’s designer, the Heritage B-15 will 
be issued as a very limited edition (50 units). Circuit and components, tubes, and 
transformers have all been blessed by the original designer, and, while LOUD no 
longer has their own manufacturing facility in the US, the amplifier is hand-built in 
Michigan by Metropoulos Amplification. This is more than nostalgia for those who 
can afford it. The B-15 was a really good amplifier for the classic rock’n’roll bass 
sound and it held up on the road well.  
http://www.ampeg.com/products/heritage/b-15/index.html 
 
 
TC Electronic introduced a line of effect pedals featuring a new technology which 
they call TonePrint. There are five pedals currently in the series, a vibrato, 
flanger, chorus, reverb, and delay/looper. They come loaded with presets and a 
couple of tweakable parameters, and a USB port. That’s where the TonePrint 
comes in. TC has a program in which they work together with players to develop 
customized versions of the pedal which take the “famous player” concept beyond 
a set of favorite presets. In addition to actual sounds, they can customize such 
things as the range and function of the controls and dynamic response of the 
processor, creating a custom pedal for the artist, and which you can download 
and install in your own pedal. Apparently the process is more involved than using 
an editor to create settings a rack-mounted effect processor – the artist sits with 
the developer, the pedal, and his instrument and they work together to come up 
with the pedal that the artist wants, and that’s what’s stored and published. At 
this point there’s no plan to release the development program to the users, but 
you never can tell. I think it’s an interesting concept and it can certainly get more 
mileage out of a pedal after everyone knows “that” sound and it’s time to sell that 
pedal and move on to another. 
http://www.tcelectronic.com/pedals.asp 
 



 
I really appreciate nice guitars, and 
part of this year’s show was a 
special section celebrating the 
work of a selected group of small 
shop luthiers, a few of whom were 
on hand to talk about their work 
and their philosophy. It was a nice 
touch and a good reminder, in a 

universe of mass-
produced store bought 
instruments, of how 
interesting and beautiful 
a hand crafted  
instrument can be. 
 
 

Apps 
 

PreSonus was showing their iPad remote control 
application for the StudioLive series of consoles. The 
iPad Remote talks to the StudioLive through the 
Virtual Studio Live application that’s installed along 
with the mixer’s driver and talks to the console over 
the Firewire interface. Rather than simply a remote 
display for VSL (some users have been implementing 
this using a remote screen host program), it offers a 
new GUI that has individual screens for common 

functions such as mixing monitors or tweaking an individual channel. An 
important feature (this was my suggestion, though I don’t know that they didn’t 
think of it independently) is the ability to assign permissions to individual iPads so 
that, for example, the bass player can’t change the singer’s monitor mix. It was 
still in Apple purgatory at show time, but it should be available as a free 
download from the iPad app store shortly.  
http://www.presonus.com/products/Detail.aspx?ProductId=52 
 
Pretty much long the same line, Allen & Heath now has an 
iPad application for remote control of their iLive mixer 
series. The iLive MixPad connects to an iLive MixRack via 
Ethernet using a wireless router and provides all of the the 
essential controls for live mixing including channel faders 
and mutes, aux sends, channel processing including high-
pass filter, gate, parametric and graphic EQ, dynamics and 
delays, mic preamp gain, and full meter display. The iLive MixPad application 
also offers several useful tools for system set-up including channel assignment to 



buses, a real time analyzer, and naming and assigning colors to the channel 
strips. 
http://www.allen-heath.com/ 
 
 

TASCAM now has an iPad version of their vintage 
1984 Porta One 4-track Portastudio. Like the original, 
it records four tracks, one at a time, with mixdown to 
stereo 16-bit 44.1 kHz WAV files ready to upload to 
iTunes. 1980 style TASCAM VU meters and a 
cassette in the transport add to the vintage vibe. 
Recording is from the iPad’s built-in microphone or a 
mic plugged into the headset jack.  

http://itunes.apple.com/app/portastudio/id402568182?mt=8 
 
 
AirTurn is a box with two foot pedal inputs and Bluetooth output. It’s designed to 
remotely control page turning of a musical score or lyric sheet displayed on an 
iPad by transmitting page turning commands accepted by a number of iPad 
sheet music apps including forScore, MusicReader, and unrealBook. It uses 
standard momentary normally open pedals, one for forward, one for back, your 
own or AirTurn can supply two single or one dual pedal. It can also be configured 
to work with Bluetooth-equipped computers that can accept the PageUp and 
PageDown keyboard commands. I’m thinking that with the proper code 
translation it could also work as a remote control for a DAW, perhaps to toggle 
playback and punching into record.  
www.airturn.com 
 
 

Gadgets and Geegaws 
 
At last year’s NAMM show, TC Electronic introduced the 
PolyTune, the first (and until now, as far as I know, the 
only) polyphonic guitar tuner. (see the review on my web 
page) A polyphonic tuner displays the “in tune” status of all 
six strings of the guitar simultaneously when you strum 
across them. You can tune individual strings either from 
the polyphonic display or from a more typical single-note 
display which pops up when you pick a single string.  This 
year, Hardwire (of the DigiTech family) showed their new 
HT-6 polyphonic tuner. Like the TC, it’s a foot pedal format, 
a bit larger than the TC but just as hefty. My first 
impression is that the Hardwire polyphonic display, with a 
whole row of LEDs per string, offers better resolution of 
“out-of-tuneness” than the TC, but I’d have to compare them side-by-side in order 
to give myself a second opinion. One advantage for some players that the 



Hardwire tuner offers over the TC  is that it in the chromatic mode, it’s not limited 
to open strings in standard tuning. While it won’t recognize most open tunings, it 
understands when the low E string is tuned down to D, and it will recognize the 
standard tuning intervals with the guitar capoed up as well as tuned down. I know 
that not many electric guitarists use a capo, but if the tuner adapts well to 
plugged-in acoustic guitars, this feature will be appreciated by a lot of folkies.  
http://www.hardwirepedals.com/ht6-polyphonic-tuner-images.php 
 
  
Last year I saw a really clever gadget, the Kelly SHU kick drum microphone 
shock mounting system. It’s a horseshoe shaped aluminum or composite bracket 
suspended inside a kick drum by elastic cords under the heads of the screws that 
secure the drum’s bracket lugs. The mic is attached to the bracket using its 
standard stand adapter, and the rig supports the mic inside the drum, vibration-

isolated, and positioned as you want 
it. This year they came up with a 
variation designed for mounting a 
boundary (PZM) mic using the same 
elastic suspension scheme. A 
boundary mic hanging in mid air 
(typically a PZM is placed on the 
floor) doesn’t have much of a 
boundary to work against, though I 

suppose it’s similar to the common ‘80s kick 
drum miking technique of using a PZM on a 
blanket inside the drum. When I mentioned that 
I wished there was a way to make use of this 
mount without having to take the drum apart, 
like for use on festival stage where drums 
come and go, I was pointed to a drum on 
display which had the suspension cords 
attached to the lugs on the outside, with the 
mic poking through the hole that’s usually in 
the head. Pretty clever.  http://kellyshu.com/ 
 



I’m fascinated by mechanical musical instruments, 
and Ragtime West had several of their creations 
on display including this one that includes a guitar 
and a five string banjo. If you’ve heard Pat 
Metheny’s latest recording Orchestrion, or seen 
him on tour, he’s using a backup band comprised 
entirely of “robot” instruments including some built 
by Ragtime. I noticed that the banjo in the model 
on display at the show was a Deering Good Time, 
and when I saw Janet Deering walking around the 
exhibit hall, I took her over to see it. She was 
unaware that Ragtime was at the show, but when 
she saw it, said “Oh, we have one of those at our 
home.”  They traded a few banjos for it. This guy 
makes some really outrageous contraptions, most 
of which make decent music. You really should look at the web page if you’re at 
all interested in mechanical instruments. 
http://ragtimewest.com/ 
 
 

Industry News   
 
In 2002, Roland introduced V-LINK, a concept for linking the control of video 
imaging with music. In 2008, the V-LINK specification was released to the public, 
and this year at NAMM time, based on the V-LINK specification, the MIDI Visual 
Control protocol standard was established by the MIDI Manufacturer’s 
Association. They’re keeper of the keys for the MIDI standards including just 
plain old MIDI, MIDI Machine Control, MIDI Show Control, and now MIDI Visual 
Control. Roland’s Edirol group manufactures the V-LINK interface hardware for 
video players which allows a MIDI controller to remotely control such functions as 
image selection, playback start/stop, speed, color, and frame shape. These are 
the sort of things that we’re accustomed to seeing in music videos, and as the 
protocol becomes more common, I expect that video will be showing up in live 
performance, even in small venues. There are currently many devices with built-
in V-LINK control output under the Roland, Boss, Edirol and RSS brands, ranging 
from “groove boxes” through video editors, and at this show, Denon introduced 
the first DJ mixer incorporating V-LINK, so it looks like the concept is starting to 
catch on. 
http://www.midi.org/aboutus/news/2010pr.php 
 
 
I don’t usually report about components, but since I’m interested in what’s inside 
the hardware that I use and review, I wanted to mention Archwave, a company 
that makes a line of chips and software supporting audio over USB and Firewire. 
Based on the Bebob operating environment, their DM1500E and DM1100F (high 
quality and low cost respectively) processors incorporate a CPU, DSP mixer and 



synchronizer, as well as a Firewire controller, USB interface, SPDIF and ADAT 
I/O, with a USB host port for streaming audio directly to a USB flash drive. Given 
that I saw a couple of mixers at the show with the audio-to-USB capability built in, 
I suspect that this chip might be getting around more in the near futures. I’ll keep 
an eye out for it when I look under the hood of some of this year’s crop. This isn’t 
something that you buy at your local music store, it’s a component and software 
development kit to make a manufacturer’s job easier by using an application-
specific integrated circuit (ASIC) instead of custom-designing the features he 
needs. Archwave’s current client list includes Prism (Orpheus), Apogee 
(Ensemble), Phonic (Summit digital mixer), PreSonus, and Cakewalk/Roland, so 
they keep pretty good company. 
http://www.archwave.net/index.php 
 
 

Evolution vs. Revolution – the Wrapup 
 
It seems that every year commentators say that the show was more evolutionary 
than revolutionary. I do, too. But reading someone else’s wrapup (a benefit of 
taking a few days after the show to get my report organized before publishing it) 
got me to thinking about when was the last “revolutionary” show, or even if 
there’s ever really been one? These classifications are usually driven by a single 
product that’s destined to change the way we work with music – so what’s been 
revolutionary recently? Pro Tools 9 working with outside hardware? Naw, it’s just 
good business. The MIDI guitar controller? Nope, didn’t really catch on, nor has 
any other alternate controller. The hand held flash memory recorder? Nope, it’s 
just a replacement for the cassette recorder. My “revolution RADAR” is usually 
pointed toward developments in recording, so I guess I’d have to go back to the 
Alesis ADAT recorder, or maybe the Mackie 1604 mixer before that, or 
TASCAM’s adaptation of their 4-channel (for quad) consumer recorder brought 
out of the doldrums to bring affordable multitrack recording to musicians. Those 
are products that changed the way I, and those with budgets like mine work. 
Have I missed something important in the last twenty years?  No, I think that 
we’re still evolving, and that’s a good thing. 
 
People have been saying for the past several years that the music industry is in a 
slump, but I guess everyone who isn’t buying recordings or attending shows is 
buying instruments and recording gear. This year, the NAMM show attendance 
was up from last year by a what sounds like mere 3%, but that 3% brought the 
total to over 90,000 attendees, a 109 year record. There were over 1,400 
exhibitors with nearly 250 of them being first-timers at the show. All of the 
exhibitors that I talked to (those who still had any voice left) were enthusiastic 
and said that they were having a great show. I had a pretty good show myself. 
 
 
 


