
2016 Winter NAMM Show Report 
 
Anaheim, California 
January 21-24, 2016 
© Mike Rivers – 2016 
 
 
Coming from around Washington, DC, boy, was I 
glad to be somewhere else when “Snowzilla” hit 
back home. In fact, one of the reasons why this 
report is a bit later than usual in coming is 
because I did a week of visiting in California after 
the show and at least avoided all the mess during the snowfall  - though the snow 
was still deep enough that it took two days to get my car out of the garage and 
down the driveway.  
 
Enough excuses – like last year’s show, this one had a very upbeat feeling to it, 
attendance of both exhibitors and attendees was up from last year, the technical 
sessions were beefed up (some were even kind of technical), there was some re-
arrangement of where exhibitors were located, and the thunder of drums was 
louder than ever (by actual measurement with my handy phone SPL meter app). 
Coming hot on the tail of the AES show at the end of October, there wasn’t much 
in the way of new pro audio products to report on, but new products continue to 
emerge and establish new trends. So, let’s get on with the show. 
 
 
Microphones and Acoustic Pickups 
 
Shure introduced the KSM8 DualdyneTM dual-
diaphragm cardioid dynamic microphone. Its 
significant feature is that it exhibits 
substantially less proximity effect than the 
typical cardioid mic. They employ what they 
call a dual diaphragm design, though that’s a 
bit of a misnomer to someone familiar with 
dual diaphragm condenser mics. Only one 
diaphragm in the KSM8 actually has a voice 
coil; what they call the other diaphragm is 
really a baffle, or one might think of it as 
something akin to a passive radiator in a 
loudspeaker. It’s in the tuned acoustical path 
of sound reaching the rear of the active 
diaphragm that produces the cardioid’s rear 
rejection. It’s similar in concept, though 
different in execution, to the E-V Variable D 
mics such as the RE-20. From a quick listen 



to my own voice, I think it would make a good narration (“voiceover”) mic, and 
perhaps would work well on stage for a performer who didn’t need to use 
proximity effect as part of a vocal style. Street price is $500 for the standard mic, 
and also available in Shure’s QLX-D and ULX-D formats for $685 and $905 
respectively.  
http://www.shure.com/americas/ksm8 
 
 
Podcasting must be a good business, because podcast mics are flourishing. 
Typically, these are large capsule condenser mics tailored for speech, and 
incorporate an A/D converter with USB output for a direct connection to a 
computer. Many also include either a direct analog monitoring of the mic signal 
output or monitor a mix of the mic signal and playback (if any) from the computer 
through the USB port.  
 

The spiffiest of this show’s crop of podcast mics was 
the SST Studio Station USB microphone from Miktek. 
This is very businesslike integrated microphone, 
mixer, and USB interface aimed squarely at the full-
production podcast, with a nod to the tabletop 
musician. What puts it in a different category from the 
many USB mics with a monitor output and possibly a 
secondary input is its hefty and heavily weighted 
base, with the microphone mounted on an articulated 
swing arm very much like what you’ll see in practically 
any radio broadcast studio. The base has three 
sliders for level control of the mic, an external 
mic/line/instrument input, and a monitor mix that 

blends the input source with computer audio playback through the USB port. 
There’s an LED level meter, phantom power for the external mic input, and even 
a cough button (mic mute switch).  
 
The inputs are hard-assigned left and right 
to the stereo digital stream. When recording 
a single source, for instance, the SST’s own 
microphone, a Mono button sends both the 
left and right channel inputs to the center of 
the headphone mix so you don’t have to 
listen to yourself in only one ear. As I 
understand it, the digital stream is still 
stereo, however, with the mic in the left 
channel. To get a mono podcast, you’d need to set up for recording a mono file 
or mono stream. I came away really impressed with the design, though I wish it 
was a little more of a mixer. While you can record a stereo instrument with the 
inputs provided, you can’t record a stereo instrument along with a vocal. If there 
were two line level inputs, even if their levels were controlled with a single 



ganged slider, it would be possible to record a vocal with stereo accompaniment, 
or, more important in a broadcast-like situation, have a stereo source such as a 
CD player connected and quickly move from speaking to playing music. It’s a 
brand new product, and I expect that there may be refinements coming. A 19mm 
electret condenser mic with a 100 Hz 12 dB/octave low cut filter and foam 
windscreen is included. Resolution is up to 24-bit, and with the sample rate 
unspecified (and I forgot to ask) I suspect is 44.1 or 48 kHz. Street price is about 
$300 
http://www.miktekaudio.com/products/procast-sst-usb-microphone-audio-
interface 
 
Neat Microphones (a Gibson brand) are continuing in their quest to make some 
of the most visually distinctive but practical you’ll find today, Last year they 
introduced the “Bee” series of condenser mics with cases striped yellow and 
black like the body of a bumblebee. New this year are a couple of tabletop mics 

characterized by their somewhat unconventional shapes 
and built-in stands (or, should I say, stands with built-in 
mics). Though not as hefty as the Miktek SST, these are 
similar in concept. The top of the line Beecaster 
incorporates a large, square-cased microphone assembly 
which consists of four 25 mm condenser capsules with a 
switch that puts them in one of four pickup configurations – 
mono (mostly omni), stereo, wide stereo, and focused 
stereo. The Bumblebee has a similar 
base as the Beecaster but with a 
single pattern mic with a switch for 

shaping the frequency response for voice, music, or 
“neutral.” Both of these Bees are class-compliant plug-and-
play on a Windows or Mac computer and phones or tablets 
that support class-compliant audio (most iOS and most 
Android 5 devices), with up to 24-bit 96 kHz resolution 
when used with a computer. Street price for the 
Bumblebee is $200, and $350 for the Beecaster.  
http://neatmic.com/bee/bumblebee-microphone 
http://neatmic.com/bee/beecaster-microphone 

 
  
Miking a harp, particularly for concert sound, is often 
difficult. As I was walking past the Dusty Strings 
booth, I was impressed by the harp sound coming 
from a small amplifier without a mic in sight, so I 
stopped by the booth to see what sort of pickup 
arrangement they were using. I don’t think this is 
brand new, but it was the first time I’ve seen it, and 
I’ve had to mic harps at festivals before and wished 
there was a better way to get reliably good amplified 



sound from one quickly. Dusty Strings sells harps with a pickup system installed, 
and also offer a pickup kit which can be installed on any harp fairly easily as long 
as there’s enough space to get inside. They have three different models for 
various sized instruments, employing three or four small piezoelectric pickup 
elements. It’s not something that you can slap on when someone with a harp 
shows up at your folk festival stage (I’ve used a C-Ducer for that in the past), but 
if you’re a harpist, or play in a band with one, you might give the Dusty Strings 
pickup system a look. At $250-$400, they’re not cheap, but it’ll give you better 
sound with less trouble than having a typical stage mic pointed at the instrument.  
 http://manufacturing.dustystrings.com/harps/accessories/amplification/dusty-
harp-pickup 
 
 
IK Multimedia was demonstrating their new 
iRig Acoustic pickup and companion mobile 
device app in their showroom all day, with 
various acoustic guitarists playing on stage 
between demos of their Amplitube apps 
and new mastering app. I expect the worst 
when I see an acoustic guitar with a pickup, 
particularly an add-on one, coming my way, 
however I was impressed with the natural 
sound they were getting from this little clip-
on mic with a little processing help from the Amplitube Acoustic app running on 
an iPad. The business end consists of a MEMS (Micro Electro-Mechanical 
System) microphone-on-a-chip, the type commonly used in mobile phones, 
housed in a flat-pick-shaped clip that attaches to the guitar through the sound 
hole. It’s easy to install and remove. It really needs to connect to a phone or 
tablet since its cable is terminated in a mini TRRS plug and the mic requires 
power via the phone’s mic/headphone jack. There’s an in-line lump near the 
phone end of the cable, which provides a headphone jack for listening to 
playback or monitoring while you’re playing.  

 
They left one with me, and when I got home, I 
gave the barefoot pickup a quick listen. I 
have only an Android phone and tablet and 
presently the app is only available for iOS 
(Android “coming soon” as usual) so I 
couldn’t tweak it as it was intended to be 
tweaked, but a little dab of parametric EQ 
had it sounding pretty good. The mic is only 

$49, no batteries needed. Personally, I’m not a big fan of having my phone as 
part of my act, but as mobile devices become more functional every few months 
(think about controlling your own monitor or house mix), I suppose it’ll soon 
become as ubiquitous as the a guitar pick. I’ll probably review the iRig Acoustic 



and its companion app when the Android version comes out or when somebody 
gives me an iPad.  
http://www.ikmultimedia.com/products/irigacoustic/ 
 
 
Signal Processors 
 
Manley Labs exhibited two new signal processors, or rather, re-imaginations of 
old line stalwarts. The names and functions will be familiar to anyone who knows 
Manley gear, as will be the sound, but modern components and construction 
techniques make them less expensive to build, as well as giving the company a 
shot at making subtle changes in how they sound to be more fitting for 
contemporary music production.  
 
The ELOP+ is an 
updated version of their 
classic ELOP (Electro-
optical) all tube stereo 
limiter. In addition to 
the original fixed 10:1 
compression ratio (which qualifies it as a limiter), there’s a new 3:1 ratio setting 
for more versatility, particularly as a bus compressor, a new power supply, and 
new front panel styling. Inputs are transformer balanced, outputs are 
electronically balanced.  
 

The NU MU is a re-
engineered version of 
Manley’s classic Vari-
Mu stereo 
compressor. It 

incorporates the “T-Bar modification” which replaces the dual triode 5670 tube 
with a pair of 6BA6 pentode tubes wired as triodes, giving more perfect matching 
between the two halves of the internal balanced signal path. In addition, there’s a 
new power supply and a new control. The new HIP control apparently changes 
the shape of the gain reduction versus level curve that brings in compression at a 
lower level but retains more high level dynamics. The effect (though I really 
couldn’t hear it on headphones there on the show floor) serves to bring up lower 
level program material without squashing the high level dynamics in the process. 
The panel is substantially redesigned with the individual channel controls 
straddling a very cool pair of meters with their pivot points to the left and right 
rather than at the bottom, making it easy to see how the two channels are 
tracking.  
http://www.manley.com/products/view/manley-elop 
http://www.manley.com/products/view/manley-nu-mu 
 
 



Mixers and DAW Control Surfaces 
 
It’s getting hard to tell them apart these days. We still have real mixers, bless 
‘em, with mic preamps, equalizers, faders, and lots of outputs. But now we have 
mixers that look like a stage box festooned with XLR connectors, maybe an 
Ethernet connector, with all the mixer guts in the box, but with no knobs or 
buttons – you bring your own control panel on an iPad. Then, too, we have 
hardware control surfaces that look like mixers, but have no guts other than what 
it takes to send the movement of the knobs to the mixer-in-the-stage box or to 
the DAW program running on the computer, and with no audio passing through 
them (well, maybe just a little for a headphone jack and talkback microphone). 
Big and small, NAMM’s got them all.  
 

In the “real mixer” category, 
Soundcraft has a new Signature series 
of compact mixer in sizes from 10 to 
22 input channels with from 6 to 16 
mic preamps (the rest are line-only 
inputs) with circuitry descended from 
the Soundcraft Ghost console of the 
1990s. Models with fewer than 16 
channels have 3-band EQ, with 
4-band EQ on the larger models. All 
have USB stereo input and output for 
recording and playback, with The 
Signature MTK series having USB 
output streams for each channel for 
multitrack recorder, and USB input 
streams for each channel plus 2 for 

multitrack playback. Built in compression from dbx and built-in effects from 
Lexicon are offered in various counts depending on the number of channels. 
These look like good solid “like a Mackie but different” analog mixers. 
http://www.soundcraft.com/products/mixing-consoles/signature-series 
 
 
Small is the new big thing, and 
Mackie two tiny bring-your-own-
tablet tabletop mixers. Both have 
the same features and differ in only 
the number of inputs and outputs. 
The ProDX4 and ProDX8 have four 
and eight input channels 
respectively, with two of those 
channels being a stereo pair, either 
line level on a mini TRS jack or a 
Bluetooth stream for backing tracks or break music. The other two or six 



channels have Mackie “Wide-Z” inputs on XLR-1/4” combo jacks for mics, 
instrument pickups, or line level sources, requiring no manual gain switching. 
Both have stereo main outputs; the DX4 has one auxiliary output, the DX8 has 
two. Primary control is via WiFi with Mackie’s MixerConnect app for iOS and 
Android. The app offers control of channel level and pan, EQ, and compression 
on every input channel, output level, graphic EQ on the main outputs, and an 
effect processor. The big knob on the front panel works in conjunction with the 
Mix, FX, and numbered channel buttons to adjust the channel level to the mix, 
auxiliary, or effects bus, or to select the effect and variations. It’s a quick way to 
make simple adjustments without fooling with a touch screen.  
http://mackie.com/products/prodx-series 
 

Also coming soon 
from Mackie is the 
Axis digital mixing 
system. The whole 
shebang consists of 
their DL32 mixer-in-
a-stage-box that’s 
been around for a 
year or so, the new 
DC16 hardware 
control surface, and 
up to three iPads. 

Mackie knows their mixers and knows what works, and the DC16 attempts to 
bring back all the controls and indicators that we lost when we went to digital 
mixers with either minimal hardware controls or none at all. The version they had 
at NAMM still had some work to be done but it seems to be well thought out, with 
sensibly chosen buttons for quick access to the many different mixes. You can 
customize the fader section to put the faders you most need right in front of you 
and bury the mostly set-and-forget channels.  
 
There are 17 touch-sensitive moving faders (16 channels plus master), 6 VCA 
groups and 6 mute groups, 6 stereo submaster groups, 14 auxiliary sends which 
can be grouped as stereo pairs, color coded channel labels, and full detailed 
channel display through an iPad. There are 32 input and 32 output USB streams, 
which can be connected to a computer or recorded directly to a local hard drive. 
Connection between the I/O box (with the DSP mixing guts) and control surface 
is via Dante. Audio processing is 24-bit, 48 kHz.  
 
There’s a tray for up to three iPads at the rear edge of the DC16’s top panel. You 
can have different displays on each iPad, and can remove any of them for 
making adjustments while on stage or walking the house. Cleverly, each iPad 
remembers what it was previously displaying restores that display when it returns 
to the console. For instance, you could have an iPad displaying channel input 



levels, take it up to the stage and adjust monitor mixes, and when you bring it 
back to the console, it switches back to the meter display automatically.  
http://mackie.com/products/axis 
 
 
For years, PreSonus StudioLive users have been bugging the company for a way 
to use the faders and knobs on their console as a control surface for their Studio 
One or other DAW program. After all, there’s two-way control communication 
between the console and an iPad, so all they have to do is convert that to MIDI 
messages and shoot it over the Firewire connection to the computer. But then, 
those of us who don’t write software say: “all they have to do is” a lot. Well, now 
PreSonus has a real hardware control surface, the CS18AI. Unlike Mackie, who 
took a fresh approach to the workflow design of their new Axis control surface, 
PreSonus built theirs with much the same look and feel as their popular 
StudioLive console. From a distance, you could mistake the CS18AI for a slightly 
tricked out StudioLive 16AI.  
 
While the CS18AI makes a 
fine control surface for Studio 
One (and other DAWs), its 
reason for being was really to 
work with up to 64 channels 
of the RM32AI or RM16AI 
mixers-in-a-stage-box that 
they introduced back in 2014. 
Connect an RM32AI to the 
CS18AI via a single Ethernet 
cable (AVB protocol) and you 
have all the controls of the 
StudioLive plus control over 
some tricks that the RM32AI 
can do that the StudioLive 
can’t, that you can put 
anywhere you can string a 
Cat5 cable. The RM32AI has 
had a companion control app 
called UC Surface that gives 
access via an iPad or a touch 
screen computer to all the 
mixing and DSP functions in the box, and in the working environment with a 
CS18AI, UC Surface can be a secondary control surface (take it on stage to mix 
monitors) as well as a detailed channel and effects parameter display.  
 
The CS18AI has real touch sensitive and motorized faders so there’s no longer a 
need to “zero out” fader positions to get them to agree with the digital settings 
when you switch from one mix to another as was the case with the StudioLive 



mixers. Where the StudioLive has an LCD with a scroll wheel, the display on the 
CS18 is larger and touch sensitive. Other than perhaps a few setup things, it 
would be quite possible to operate without an iPad, something that would bolster 
my confidence a few notches up.  
 
While the bulk of the inputs and outputs are on the RM32AI, the CS18 
conveniently has a pair of balanced TRS line outputs, a pair of TRS line inputs 
and a pair of mic/line inputs on the rear panel. There’s a scribble strip for naming 
channels that also indicates the channel pan position, and the Select buttons can 
be color coded to indicate channel group assignments.  
 
The RM32AI plus the UC Surface offers what they call “Filter DCAs” that are 
effectively groups within groups. You can have a “Toms” group, a “Drum Kit” 
group, and an “All Percussion” group, assign “All Percussion to a single fader 
that’s always handy. If you want to adjust the level of the drum kit, open that 
group and the 18th fader, labeled “Flex,” becomes the master for that group. If 
you want to adjust only the snare level, open the Drum Kit group, adjust the 
snare, and the adjusted mix will be on your “All Percussion” fader. There’s a set 
of transport control buttons when running Studio One or Capture (PreSonus’ one-
button multi-channel recorder application) along with the CS18. In addition to UC 
Surface, the RM32AI can be controlled with the simple Q-Mix-AI app, allowing 
musicians on stage to tweak their own monitors. There’re loads of features here. 
It seems to be a pretty well thought out package. Go watch the video.  
http://presonus.com/products/studiolive-cs-series 
 
 

Avid has a new EuCon Pro Tools control surface, 
the Dock. It was actually introduced at last Fall’s 
AES show but I didn’t get around to seeing it 
there. This is its first NAMM showing. It’s an iPad 
dock that features a single fader, a big jog/shuttle 
wheel, 8 soft knobs surrounding the docked tablet, 
16 assignable soft keys, two programmable touch 
strips (one horizontal, one vertical), a set of 
buttons for automation control, and a EuCon 
monitor volume control. It’s functionally similar to 

the touch screen on Avid’s large S6 control surface. It makes a nice companion 
to the smaller S3 controller or it can stand alone with an iPad. 
 
I couldn’t decide whether to save the new Waves emotion LV1 live mixing 
console program for the software section of this report, but since it’s really a 
mixing system, I’ll include it here. The software, which runs under Windows or 
Mac OS, is a mixer control surface for SoundGrid hardware. You connect the 
computer to a Waves SoundGrid server that talks to a SoundGrid I/O device, and 
you have up to a 64 channel mixer. It can run stand-alone on a laptop, or if you 
want to get fancy, you can hide the computer and set up one or two touch screen 



monitors as in the picture above. It’s very flexible 
and the SoundGrid hardware is well respected, 
though fairly expensive, and you’re tied in with 
one hardware manufacturer. I personally think 
that mixing on a slick surface with no tactile 
feedback is an acquired taste, but it must work 
just find for some.  
http://www.waves.com/mixers-racks/emotion-
lv1#introducing-emotion-lv1-live-mixer 
 
 
Recorders 
 
This was TASCAM’s first showing of their new rack mounted solid state recorder, 
the SD-20M. It’s designed for fixed systems but there’s no reason why it couldn’t 
be used in a PA house rack, as long as a digital console or plug-in host hasn’t 
fully replaced the rack. It’s a one rack space unit that records up to four 
simultaneous channels from two mic/line and two line inputs. Borrowing a trick 
from their handheld recorders, it will also record two channels in dual mode, with 
the second channel pair recorded at a lower level than the primary channels so 
you’ll have a backup in the event of an overload.  

 
TASCAM also expanded their line of 
digital recorders that are intended as 
companions to a DSLR camera. The 
new DR-701D is functionally fairly 
close to last year’s new DR-70D 4 
channel recorder, but it adds HDMI 
sync, time code, a remote start/stop, 
and a solid magnesium case.  Also 

new from TASCAM is a MADI I/O card for their 64-track capture recorder. 
http://tascam.com 
 
Most fun for me at the show was the 
new Vinylrecorder T580, which is 
actually a family of disk cutting products. 
The basic setup is a stereo cutter head 
and lathe with a diamond stylus, to 
which you can (really must) add the 
RIAA equalizer with groove pitch 
(spacing between grooves) controller, 
heated diamond stylus, vacuum chip 
remover, and vinyl blanks from 7 to 14 
inches in diameter, including a thin 
flexible one like the EvaTone Soundsheets. One thing the company doesn’t 
supply is a turntable and power amplifier to drive the cutter head. They were 



using a Technics 1210, and conveniently, Technics has recently announced the 
re-introduction of their 1200 turntable, which will work just fine (or buy one used 
for about half the new price). It’s not cheap, about $3600, plus the turntable and 
amplifier.  
 
I imagine they’re here at the show (the guy has been making cutters for 30 years) 
on account of the vinyl craze that’s still on a roll. One-off cuts aren’t suitable for a 
production run, but this might be a worthwhile investment for a mastering shop so 
they can do a small run for a band that wants few vinyl copies of their latest 
release to sell at gigs, or, like in the old days, take a freshly cut disk into the radio 
station and get it played on the air. Does anyone do that any more? Or maybe 
you’re the next John Lomax. The builder’s assistant at the show has a record 
cutting business doing small runs and cutting records at events such as a 
karaoke party or corporate team building outing. If you don’t have a friendly local 
disk cutting shop, give him a shout. He does mail order. 
 
While this isn’t the first time I’ve seen a record being cut, it’s been probably 25 
years since I’ve had anything mastered for disk production. While at the show, I 
cut a Bo Carter record for a radio DJ friend.  
http://vinylrecorder.com/ 
http://www.livevinylrecords.com 
 
 
Portable PA Stuff and Such 
 
HK Audio introduced the Lucas Nano 608i compact PA 
system, a bass speaker, a mid-high speaker on a pole 
projecting from it, and a small mixer. The shtick is that the 
mixer has hardware controls, but it’s also controllable via 
Bluetooth from an iPad app. It’s about the right size for a 
soloist or duo, but not a full band. It has eight input channels 
distributed as four XLR combo jacks for mic, line, or 
instruments, a stereo pair of ¼” jacks for line inputs, and a pair 
of inputs that can either be from RCA jacks or a Bluetooth 
stream. Controls on the panel are pretty minimal, but adding 
an iPad gives access to a three band equalizer with a low cut 
filter and a high shelf, a compressor, level, pan, and effect 
send for each channel. Settings can be saved and recalled. 
When hardware knobs are turned, the new setting is mirrored 
on the iPad remote control, however it doesn’t work the other 
way around since the knobs aren’t motorized. It’s an attractive 
package, quick to set up and easy to carry.  
http://hkaudio.com/products.php?id=446 
 
 



Mackie’s SRM450 and SRM350 powered 
loudspeakers have been around for a long time 
and they’re still selling well. While Mackie has had 
a subwoofer that worked with the SRM line, it 
didn’t really match up. New this year is the 
SRM1550, a 15 inch subwoofer engineered and 
styled to match the SRM full range speakers. It 
features a 1200 watt integrated power amplifier 
and adjustable digital crossover with presets for 
the SRM450 and SRM350.  

http://mackie.com/live/mackie-extends-srm-portable-series-1200w-srm1550-
subwoofer 
 
 
Neutrik is the first name (or maybe the second if you’re a Switchcraft fan) in 
audio connectors, and this year, with the introduction of their Xirium Pro system, 
they surprised us with a different kind of connector, a wireless one. The system 
consists of a transmitter and a receiver carrying two channels of full bandwidth 
audio with no companding and low latency over a 5 GHz RF channel. Each 
transmitter and receiver can be mated with one of three I/O modules, - line level 
analog on XLRs, AES/EBU 24-bit 48 kHz (XLR), and  Dante (Neutrik EtherCon 
locking RJ45). In addition, the receiver can take a fourth module that converts it 
to a repeater for extended distances. Setup and status monitoring is done via 
WiFi with an iOS application. Power either from 100-240 volts AC or from an 
internal rechargeable battery pack with an estimated operating time of about 10 
hours. Typical applications are in large live sound installations where running 
audio cable to speakers on delayed towers out in the field.  
http://www.xirium.net/xirium-pro/en 
 
 
Interfaces 
 
This wasn’t a big show for audio-to-computer interfaces, so I have to scramble 
here a bit. The new Focusrite RedNet A16R provides 16 channels of A/D and 
D/A conversion at line level, selectable for +18 dBu or +24 dBu = 0 dBFS and 
interfacing to the digital world via Dante. It’s a really high quality answer to those 
who keep whining: “I have plenty of mic preamps. Don’t make me buy more just 

to get more 
inputs.” The 
RedNet series is 

designed mostly for large installations, and it’s pretty bulletproof (it has redundant 
power supplies, for example) but it may be possible to connect this unit directly to 
a computer using the Dante Virtual Sound Card driver.  
http://us.focusrite.com/ethernet-audio-interfaces/rednet-a16r 
 



Sonoma Wire Works introduced a hardware family of computer audio interfaces 
for the guitarist. The first one out the gate (and actually available now) is the 
Guitar Jack Stage, a guitar interface in a 4-switch foot pedal format with a high 
impedance instrument input and a second input for a mic or line level source on a 
¼” phone jack. The microphone jack provides 3v plug-in power and, if a stereo 
mic is connected, you’ll get a stereo 
recording. I assume the same is true 
for a stereo line level source. There’s 
also an input for an expression pedal. 
 
The computer output is on a Lightning 
connector making it directly 
compatible with newer iOS devices. A 
Lightning to USB cable is provided for 
connection to a computer, and a USB 
OTG cable is included for connection 
to newer Android devices equipped 
with the Samsung Audio Technology 
firmware such as the Galaxy 5. The knobs on the Guitar Jack Stage emulate the 
controls on a guitar amplifier – Gain, Volume, Bass, Midrange, and Treble, 
though these are assignable for, along with the foot switches, controlling the 
MIDI-controllable effects. Sonoma offers compatible recording and effect 
software, though it works with third party software as well, including Apple 
Garage Band. Note that the Guitar Jack itself doesn’t include effects, only control 
for effects in your recording or signal processing applications.   
 
Other family members coming later this year are the Studio Jack (2 mic/line 
inputs), Guitar Jack Mini and Studio Jack Mini.  
http://www.sonomawireworks.com/guitarjackstage/ 
 
 
Windows users like me can finally crawl out from under our rocks and attend the 
Universal Audio Apollo family picnic. After years of being an Apple-only 
supporter, UA announced the Apollo Twin USB interface for Windows. The Twin 
has been around for a while so I won’t go into details about it here, but to refresh 
your memory, it’s a 2-in x 6-out interface with UA’s top quality mic preamps with 
UnisonTM preamp modeling, an ADAT optical input for 8 more channels, 24-bit 
resolution up to 192 kHz sample rate. Like it’s kin, it includes the UAD-2 DSP 
host for running UA Powered Plug-Ins without eating computer resources. Their 
Realtime Analog Classics plug-in bundle is included. USB3 Super Speed is 
required.   
http://www.uaudio.com/interfaces/apollo-twin-usb.html 
 
 
ToneDexter from Audio Sprockets might be my favorite product of the show. I’m 
throwing it in here even though it’s not a computer interface, but it’s more than a 



DI. It’s a very smart interface for an instrument with a piezoelectric pickup. In 
addition to the instrument input jack, there’s an XLR mic input with phantom 
power if it’s needed. No, it’s not a mixer that blends the mic and pickup signals. 

The way it works is that you first find a mic 
that sounds good on your guitar - you can 
play around in a studio-like environment, 
experimenting with different mics if you have 
access to more than one, and find a good 
position for the mic on the guitar. Then you 
put the ToneDexter in learning mode and 
play for a minute or so. The unit samples 
both the mic and pickup signals, determines 
the difference between the two, and 
calculates an algorithm to process the pickup 
signal so that what comes out sounds like the 
microphone. It’s doing a lot of work here, I 

suspect operating in the time domain as well as simply generating an 
equalization curve. The clue to this is that there’s a control labeled 
“Focus/Bloom” which, when turned toward Focus, removes some of the room 
ambience to give the effect of moving the guitar closer to the mic. For the demo 
setup at the show, not only could I hear the pickup with or without processing, I 
could compare the processed pickup sound with the mic sound, and they were 
remarkably close. Without the processor engaged, the pickup sounded brittle and 
quacky. You can save 16 processing algorithms so you can use it with different 
guitars, different mics, a mandolin, maybe a uke. It doesn’t do much for magnetic 
pickups, but then they don’t sound as bad, or sound bad but not in the same way, 
as piezo pickups. The developer said that’s because the transient content of a 
magnetic pickup’s output is too different from that of a piezo pickup around which 
the algorithm was designed. Controls are fairly minimal – there’s a three band 
parametric equalizer for touch-up or compensating for room acoustics, gain 
controls for the pickup and mic, a mysterious Character knob, a gain knob for the 
Boost switch, and a Feedback knob which I believe is a notch filter. There’s an 
effect send and return in case you want to corrupt your nice acoustic sound, and 
a DI output at mic or line level from an XLR connector. I wish I had a couple of 
these for the folk festivals I work, where there are many bad sounding pickups.  
http://audiosprockets.com 
 
 
For The Musicians 
 
A few years ago, there were about 
a dozen booth spaces at NAMM 
devoted to boutique analog 
synthesizers and modules. Now, 
it’s blossomed into a small island, 
the centerpiece of which was 



Moog’s Desert Island of Electronicus, surrounded by dozens of mostly small 
makers of small Eurorack modules which can be mixed and matched, powered, 
and patched to create unique instruments and unique sounds – at least I hope 
there are some imaginative musicians who will be taking is somewhere fresh and 
new with the availability of new tools, mostly without presets.  
 
Remember the band 10 cc with Paul Godley and Lol Creme?  In the quest for a 
new guitar sound, they came up with a contraption that attached to an electric 
guitar near the bridge. It was a series of motor-driven wheels which, when 
pressed against a string, played the string much like a violin bow. This made a 
kind of eerie sound (eerie for a guitar anyway) with practically no attack and 
sustain as long as a wheel was in contact with a string. This isn’t a really new 
idea - the hurdy gurdy works like this, as does the violin equivalent of the player 
piano, the Mills Violano Virtuoso – but the sound got the attention of guitarists. 
Jimmy Page played his guitar with a bow, and the E-Bow enjoyed some 

popularity.  There was a short lived 
commercial version of the Godley-
Creme invention called the 
Gizmotron, and now 30 years later, 
a new, less haywire, and more 
featured version has arrived. The 
Gizmotron 2.0 has a speed control 
for varying the attack and tone, it’s 
easy to remove when you don’t 
want the clutter on your instrument, 
and it’s fairly light, being built 
mostly from tough ABS plastic with 
a metal drive shaft and ball 
bearings where it counts. It’s 

powered through a USB cable (though there’s no data, just power) that can come 
from a computer if you have one on stage, or from the included wall wart. I asked 
if it was built from 3D printed parts (because it looks like the sort of thing for 
which that process is appropriate) and, in fact, that’s how they built their 
prototypes, but the final product is factory-built. It’s a nice design and an 
interesting effect – if you don’t overuse it.  
https://www.gizmotron.com/ 
 
Hall E at the NAMM Show used to be fairly calm, but this 
year there were a couple of adjacent aisles full of with loud 
guitarists trying to hear the pedals they were trying, and the 
racket drove me away pretty quickly. While I was there, 
however, I had a look at the Soundbrenner Pulse, a device 
that’s designed for musicians who can’t depend on hearing 
a click, or even hearing the drummer, to keep in time. It’s a 
wearable metronome about the size and shape of a wrist 
watch, can be worn on the wrist or arm, and both blinks and 



vibrates to the programmed beat. It can operate on its own over a wide range of 
tempi with more common time signatures, but it really gets up and dances when 
connected to an iOS or Android device via Bluetooth Smart (yeah, you might 
have to wait until it’s time to update your phone). With the companion app, you 
can choose the time signature from a list that reads like a page from catalog of 
socket wrenches, set accented beats, build a set list with rhythm and tempo for 
each song, and synchronize up to ten metronomes so everyone in the band can 
play to the same drummer. When the mobile device running the app is connected 
to a host computer via WiFi, the app can take time code from a running Pro 
Tools, Abelton Live, or Logic Pro X playback and use that as the tempo 
reference. Power is from an internal battery (4-5 hours estimated running time), 
rechargeable through a mini USB connector.  
http://www.soundbrenner.com/ 
 
 
Software Plug-Ins 
 
At this year’s show, a large meeting room was reserved for software vendors 
who were willing to trade some foot traffic for peace and quiet. It’s a great idea. 
About 30 vendors shared the room, demonstrated their products without live 
drums and guitars, had an opportunity to see what the others were doing, and 
swap some ideas. Software isn’t my forte, but I occasionally run into things that I 
find interesting even though I may never use them myself. Here are a couple: 
 
Zynaptiq showed a new plug-in called UNMIX::DRUMS. The user interface is 
really simple, but it really works and does what they claim, at least when you 
have the right program material (a footnote on their web page that confirms this: 
“* Actually achievable amounts depend on input signal specifics” is a testimony to 
their honesty) It operates on a full mix, so it’s more appropriate in the mastering 
phase than during mixdown.  
 

The big knob in the center is a volume 
control to adjust the overall level of 
drums in the stereo mix. You can get 
pretty near to turning the drums off, or 
boost them unrealistically, but 
hopefully you have better taste than 
that. The other two knobs give you 
some control over the balance of 
instruments within the drum kit. It’s not 
simply an equalizer, but rather, a 
program that looks at the 
instantaneous spectral content of the 

mix to identify the drums, and then operates on that in, what I suspect is a similar 
manner that what you’d do with a spectral editor such as Sony’s Spectral layers 
or the similar tool in iZotope RX. This seems like a really good tool for a 



mastering engineer to punch up certain types of mixes, or to tone down an overly 
enthusiastic drummer that the producer couldn’t tame.  
http://www.zynaptiq.com/unmixdrums/ 
 
Waves Nx Virtual Mix Room is a DAW plug-in to provide a better way to mix 
through headphones. It attempts to model in the phones what your mix would 
sound like when played through accurate monitors in a well designed control 
room with good acoustics. You can mix mono, stereo, or even mix surround with 
it. It doesn’t fix anything in your mix – you do that by listening and tweaking – 
what a concept! I didn’t really get a good opportunity to try it since Stevie 
Wonder’s entourage was heading to the Waves booth when I was there, and 
when that happens anywhere at NAMM, everything stops. However, it seems 
that they’ve though about a few more things than other folks who have attempted 
something similar.  
 

It uses a video camera 
connected to your computer 
and pointed at you to track 
your head position and 
adjust what you’re hearing 
to reflect your listening 
position. There’s a wireless 
head tracker coming later 
this year if you’re prefer 
wearing a headband to 
being on camera. The head 
tracker is used to define 

your sweet spot (you can be 30° off camera axis - the speakers’ directional 
characteristic is in the program). Once you’ve saved your listening position, 
turning the camera off virtually moves you back to your sweet spot no matter 
where you actually are. You can also enter dimensions of your own head to 
include an approximation of your personal HRTF (Head Related Transfer 
Function) in the model. I didn’t see anything about headphone calibration, so I 
think the program expects you to know what a great mix sounds like on your 
phones. Waves puts things on sale every week – at the moment Nx is half price, 
$49, and you can download a 14 day free demo. You need at least an i3 CPU 
and a 64 bit operating system. It runs in Pro Tools of course, plus a handful of 
other hosts. Check the web site. I hope someone who reads this will try it out and 
tell me how well it works.  
http://www.waves.com/plugins/nx 
 
 
Problem Solvers and Odd Stuff 
 
A curiously named product is the Bluetooth Cable from Belcat Co. Ltd (China). 
The company makes a line of instrument preamps, effects, small amplifiers, and 



accessories. Now I thought that the reason why we have Bluetooth was to get rid 
of the cable. Well, what this really is, is a Bluetooth receiver with a mic input and 
mixer, and an analog output. It’s designed for singing along with music streamed 
via Bluetooth from your phone or music player. Nothing on the web site about 
this yet. You can try later, but you probably don’t need one. Or if you do, check 
out Radial Engineering’s Bluetooth DI and make something out of that.  
http://belcat.com 
 
Radial Engineering can be counted on to come up with new problem solvers just 
about any time I look, and this show was no exception. The new Headlight and 
Headlight Pro route a single instrument input to one of four outputs. If you play 
several instruments on stage, all of which need to go through a DI, and you want 
each instrument on its own mixer channel so the proper EQ and gain for that 
instrument can be preset, the simple solution is to have a separate DI for each 
instrument, but that makes for a lot of clutter on stage. The Headlight Pro is a 
single-input DI that allows you to unplug one instrument, plug in another, and, 
with a switch, assign the instrument input to its proper console channel.  
 
Is this a good solution? I dunno. It puts a lot of responsibility on the player – he 
must remember to mute the input when switching instruments so as not to send a 
blast of noise through the PA system, remember to press the correct button for 
the instrument he’s plugged in lest he drive the house engineer nuts, then un-
mute before he starts playing. The just plain (not Pro) Headlight might be a more 
useful solution, but to a different problem. This is for the electric guitarist who 
plays one guitar, but wants to switch it among four different amplifiers for different 
tone setups. The input incorporates Radial’s Drag control for adjusting the load 
impedance that the pickup sees.  
 
The Radial JDX Direct Drive combines the JDX (Jensen transformer) DI input 
with an amplifier simulator for a Marshall half stack, a clean Fender Twin, and the 
standard JDX straight-through tone, along with a Bright switch.  
http://radialeng.com 
http://radialeng.com/newsletters.php (early birds will have to go to the NAMM 
2016 newsletter for further info on these units as they weren’t on the main web 
site when I wrote this) 
 

I like practical things that are pretty as well. 
Dusty Strings has some lovely tuning wrenches 
for hammered dulcimers and harps. Everyone 
who plays these instruments needs a tuning 
wrench and these have a Snark digital tuner built 
in. The harp tuner has a custom wood handle 

and cost $85, the dulcimer tuner is a little more “industrial” and not as pretty, but 
a bit cheaper. A fine gift for the harpist or dulcimer player who you love. It’s 
almost Valentine’s Day as I’m writing this, or start saving for Christmas.  
 



http://manufacturing.dustystrings.com/hammered-dulcimers/accessories/dulci-
tune/ 
http://manufacturing.dustystrings.com/harps/accessories/duo-tune/ 
 
The most retro of retros at the show came from Stratos 
Technology, a Japanese company, where they’re really 
into old computer games. Stratos Technology makes a 
line of circuit boards that adapt a Compact Flash or SD 
card to replace the storage device (mostly SCSI) used in 
obsolete computers and sound modules from years gone 
by. Need some memory for your Akai MPC60 or 
something with a Zip drive? This is the place to go.  
http://tinyurl.com/zpttxuz   (This is a link to the Japanese web page through 
Google Translate. Good luck!) 
 
From the smoke-and-mirrors department: Morrow Audio is yet another company 
that believes they’ve unraveled the mystery of making a better sounding cable. 
Their postulate is that with stranded wire, the signal is caused to “jump from 
strand to strand instead of flowing through a continuum.” Morrow uses only solid 
wire, though some of their cables use multiple strands of insulated wire for high 
current applications such as speakers. Their cables are also heavily shielded to 
minimize RFI and use a small diameter conductor, which gives low shield to 
conductor capacitance. Good design principles for sure, but no magic here.  
http://morrowaudio.com/ 
 
 
In Closing, An Open Fan Letter 
 
A lot of the booths have famous artists dropping by to sign autographs, maybe 
demo a product or talk or play a bit. The aisles, particularly on the weekend days, 
get severely clogged with people standing on line to get their autograph or take a 
selfie. This is my 28th or maybe 29th Winter NAMM show (plus a few Summer 
shows), and for the first time ever, I took time out meet an artist appearing at a 
booth. Engineer, producer, gear collector, and writer Sylvia Massy has a new 
book coming out soon entitled Recording Unhinged and she made a booth 
appearance at Hal Leonard Publishing, talking about some of her experiences 
and previewing what we’ll find in the book It promises to be a collection of stories 
from Sylvia herself as well as a number of her industry friends, together with 
some do-it-yourself tips and techniques that she’s used to capture sounds and 
solve problems. Having read a fascinating series of articles she wrote in Mix 
Magazine several years back I just had to meet her. She’s a delightful person (I 
think I’m in love) and I expect that the book will be both a useful and entertaining 
read. And I didn’t even have to stand in a line.   
http://www.amazon.com/Recording-Unhinged-Creative-Unconventional-
Techniques/dp/1495011275 
 


