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I love going to California in the winter. Coming from the East Coast, It’s a 
pleasure to spend a few days in the sun talking gear and kicking tires before 
coming home to the cold and (so far not too much) snow. Like the AES show a 
few months before, exhibitors seemed to be really enthusiastic about NAMM and 
were happy to see business picking up. There were many new exhibitors and 
more attendees than in the past couple of years. Since NAMM is a general music 
show, not just audio, I did browse the guitar sections a bit, and while I didn’t 
attempt to report on any instruments or amplifiers, I did run across a few neat 
gadgets and ideas that you’ll find sprinkled around. So off we go.  
 
 
Microphones 
 
AES is the place where we most often see new studio microphones introduced, 
and indeed we did at the last show. Mics at NAMM tend toward live sound and 
portable recording. Here are some highlights.  
 
IK Multimedia has been pushing Android connectivity in recent 
months, and I was eager to see and try their new iRig Mic HD-A, 
the Android version of the iRig Mic HD handheld condenser mic 
with Apple digital connectivity that was introduced a while back. I 
have an original (analog) iRig mic that works really well for 
interviews on the noisy show floor. I had high hopes that IK had 
finally cracked the Android digital audio I/O barrier and we’d have a 
better quality general-purpose mic with a means to bypass the 
phone’s mediocre analog mic input.  
 
The iRig Mic HD-A is a hand-held mic incorporating a 24-bit 44.1 or 
48 kHz sample rate A/D converter. A gain control on the mic ahead 
of the converter adjusts the record level. It comes with both a 
standard USB cable for connecting to a PC and an OTG (On The 
Go) cable for connecting to phones. It’s bundled with IK’s iRig 
Recorder and AmpliTube apps.   
 
Manufacturers have shied away from using Android’s USB 
connectivity for audio because, unlike Apple’s iOS the Android 
operating system doesn’t have a class compliant audio driver, and 
furthermore, every Android device manufacturer customizes the OS for their own 



whim, which apparently doesn’t include pro audio. Samsung recently introduced 
an Android OS for their newest Galaxy devices incorporating the Samsung 
Professional Audio Framework with hooks for real time audio/MIDI processing, 
together with a software development kit that shows some promise of low latency 
audio performance. This could entice audio developers but it’s pretty early for 
anything coming out of that yet. Fun fact: Linux users will recognize Jack, the 
audio/MIDI router, as part of Samsung’s Professional Audio Galaxy OS 
extensions.  
 
The good news is that IK’s HD-A mic doesn’t require the Professional Audio 
hooks and is said to work with any Android device with a USB port when 
connected via an included OTG (On The Go) cable. They displayed one running 
on an Android phone at the show but, when I tried plugging it into my phone, I 
couldn’t coax the phone into recognizing that there was anything connected to 
the USB port. It turns out that USB isn’t quite as universal on phones as it is on 
computers. The HD-A mic may require Android OS version 5 or a version with 
some hook that mine doesn’t have. Both my phone and tablet are running 
Version 4 and both are old enough so that they aren’t likely to get an update. Oh, 
well. Most people are on a phone plan that gets them a new device every year or 
two, so if your present phone doesn’t support the iRig HD-A mic, your next one 
probably will.  
http://www.ikmultimedia.com/products/irigmichda/ 
 
    
The AmpRidge MightyMic S is a miniature plug-in powered shotgun-like style 

condenser mic designed for recording on a mobile 
phone. I plugged it into my decidedly not fancy 
Android phone and recorded a short spiel about it 
from the developer. It worked really well in the 
noisy show floor environment. Because of its 
shotgun design, it’s probably better for making a 
“live me” video from a few feet away than for 

recording a concert from the back of the room – shotgun mics don’t have “reach,” 
they reduce nearby ambient noise. When I got home and listened to the 
recording on real speakers, I was quite pleased. It’s a good functional design, it 
doesn’t look or feel particularly awkward when attached to the phone, it includes 
a headphone jack for listening to playback without unplugging the mic, and it 
includes a foam windscreen.  
http://ampridge.com/amp-mms.html 
 
 
Sennheiser makes a wide range of wireless mics and systems (their 9000 digital 
system is perhaps the industry’s most complete and complex) and at this show 
they introduced the D1, a straightforward plug-and-play system operating in the 
2.4 GHz (license-free) band that automatically takes care of the things that 
musicians often don’t understand about RF systems, while not dumbing down the 



technology. It’s a diversity system that seamlessly switches between two RF 
signals, with a third RF channel that maintains the diversity operation should one 
of the primary channels become unreliable. Up to 15 systems can operate 
together. When first powered up, it searches for free channels and sets up the 
receiver and transmitter for the best RF 
signal. The backup channel is constantly 
monitored so that if it’s needed, it knows 
that it’s switching to an available channel.  
 
The D1 comes in two basic packages with 
several variations. The hand-held version 
is available with six different capsules 
from the Evolution series. There’s a belt-
pack version available with a lavaliere mic 
or headworn mic that incorporates an 
adjustable signal processor with an equalizer, de-esser, and automatic gain 
control. Finally, there’s a belt pack version with an instrument DI input.  
http://en-us.sennheiser.com/d1 
  
 
When I walked into the Gibson (guitars and more) room at the show, I was 
greeted by a display of unusual looking microphones. A relatively new company, 
Neat Microphones, is now a Gibson brand, and the Bee mics were on display 
there. There’s a familiar ring to them. They were all kind of wacky-looking, but in 
an artistic way, and appeared (best I could tell through the Plexiglas display 
cases) to be meticulously crafted. Most had a large capsule on a stalk above 
rising above a stylish body.  
 

Yup, Blue Mic founders Skipper Wise and Martins Saulespurens 
just couldn’t stay retired after Skipper sold his company a couple 
of years ago. The Bee line has names like Worker Bee, King 
Bee, Bumblebee, and Beecaster, and spans the range (not 
unlike the Blue products) from high quality studio mics to 
tabletop podcasting mics. The black and yellow bumblebee 
striped theme appears in one form or other on all of the mics. 
Nothing to hear yet, but I think that we can expect from Bee 
what we’ve learned to expect from Blue – definitely not your 
“just another microphone,” but rather, a series of microphone 
products that have been well thought out and designed to excel 
in specific applications which are common enough so that it’s 
worth considering having a go-to mic that you can always count 
on. 
http://neatmic.com/bee/king-bee-microphone 
 

 
 



Shure introduced the MOTIV series of mics with either USB or Lightning digital 
connectivity. They cover a lot of bases with this line.  
 

First up is the MV51, housed in a body that closely resembles 
the old Shure 51 (not quite “The Elvis Mic” – that’s the 55). It 
contains a 1” condenser cardioid capsule followed by an A/D 
converter and DSP section that provides EQ and compression 
with presets for speech, singing, acoustic guitar, and “loud” 
(appropriate for an instrument amplifier or drum kit), plus flat 
(unprocessed). There’s a headphone jack for monitoring, and 
a simple monitor a mixer for combining the mic signal with 
playback from the computer when tracking. A touch pad is 
used to select the DSP preset, mute the mic, adjust the mic 

gain, and adjust the mic/source balance in the monitor output. It has a “kickstand” 
style swing-out support for setting directly on a tabletop and serving as a swivel 
when mounted on mic stand. 
 
The MV88 is Shure’s mobile device compliant variation 
of their VP-88 single point hand-held stereo mic. It’s an 
M-S configuration with one cardioid and one bi-
directional condenser capsule in a swivel-mounted 
housing sized and shaped to plug directly into the 
Lightning connector of a current generation Apple 
mobile device. (This one doesn’t offer USB 
connectivity) It comes with an app that offers stereo 
width control (with a graphic representation), five 
presets (I assume essentially the same as those for the 
MV51), gain control, monitor output through the 
iGadget’s headphone jack, and the app is a stereo recorder as well. The swivel 
mount allows it to be positioned for the correct left/right orientation when shooting 
video in the landscape mode. 
 
Rounding out the series is the MV5, a ball on a detachable stand that includes 
three DSP presets, flat, optimized for vocals, or optimized for tracking 
instruments. There’s also a headphone jack for monitoring. It’s basically a 
podcaster’s mic with some flexibility.  
http://www.shure.com/americas/stories/motiv-digital-microphones 
 
 
Zoom has adapted the interchangeable mics from their H5 and H6 recorders to 
operate with iOS devices, offering three microphone assemblies that plug directly 
into a Lightning connector. The iQ5 is an M-S stereo mic in a “ball” case that 
swivels in enough directions so that it can be used for video recording either 
vertically or horizontally. The iQ6 is an X-Y stereo mic borrowed from the Zoom 
H4 recorder, and the iQ7 is a higher quality, larger mid-side stereo mic assembly. 
Since the preamp and A/D converter are built into the mic assembly, there’s a 



hardware gain control with a three-LED level indicator 
that’s a more visible activity and overload indicator than 
watching a recording application. There’s a headphone 
jack for monitoring and listening to playback, and a Zoom 
iOS recording app is packaged with the mics. Since these 
are intended to be used with iPhones and iPhone users 
often house their phone in a case, the iQ mics come with a 
Lightning connector extender and spacer to allow the mic 
to be used with the phone in its case.  
http://zoom.co.jp/products/iq7/?lang=en 
 
 
A good mic deserves 
a great preamp, and 
Manley has been 
making great 
preamps for years. 
The Manley Labs 
FORCE is a new four 
channel 2 rack space mic tube mic preamp that borrows circuitry from the 
recently introduced CORE channel strip. Each channel has a custom Manley 
input transformer and a 12AX7 tube in the signal path. Each channel has its own 
little control panel with switches for a 120 Hz low cut filter, polarity reverse, 48v 
phantom power, and low (40 dB) or high (60 dB) gain. There’s a rotary gain pot 
and a 7-step LED level meter. XLR inputs and outputs are on the rear panel, and 
each channel has a front panel ¼” high impedance (10 mΩ) instrument input. 
With a maximum output level of +35 dBu, this preamp isn’t going to be the 
headroom limitation in your system.  
While Manley gear has never been inexpensive, the FORCE and CORE are 
priced to be affordable by the professional grade project studio. Perhaps by next 
show we’ll see a compressor from Manley that follows this trend.  
http://www.manley.com/index.php 
 
 
 
Mixers 
 
There were plenty of mixing consoles on display at the show, but little new here. 
The trend seems to be toward smaller mixers with few inputs, more suitable for 
an individual podcaster than a recording or performing musician. 
 
It’s been three (I think) years since Mackie introduced the concept of a mixer with 
the hardware control surface replaced a graphical touch-screen user interface, 
most commonly an Apple iPad through a WiFi link. This year, it seems that nearly 
every company that makes small mixers, and even some that make large ones, 
has picked up the idea. What I’ve come to call a “black box mixers” were coming 



out of the woodwork at this show and it appears that they’ll be here to stay, at 
least for a while. They differ in the number of inputs and outputs, but what they 
have in common is no physical controls other than perhaps preamp gain trims 
and a power switch.  
 
All of these manufacturers have some experience in the digital mixer market, and 
they bring their own brand of DSP technology to these black boxes.  
 
There are advantages to this concept:  

• Lower cost – Fewer parts and less to build 
• Size and Setup - No big console to take up seats in the venue, no need to 

run a snake from the FOH position to the stage 
• Mixing from anywhere – Can they hear as well under the balcony as in the 

prime seats? If not, walk over, listen, and fix it. Mix monitors right from the 
player’s position? A real blessing. 

 
Disadvantages – sure there are: 

• Hidden Cost – That $1000 mixer becomes a $1500 mixer if you don’t 
already have an iPad 

• WiFi Connection to the tablet – Losing it means losing control of your mix 
• Obsolescence – Your new iPad may not work with your old mixer or vice 

versa 
• Accuracy – I don’t know about you, but I’m always putting my finger in the 

wrong place on my touch screen phone and something happens that I 
didn’t expect (more of a problem for geezers like me than a 15 year old 
gamer) 

 
However, it looks like this technology is going to get some serious consideration 
over the next few years, so it’s something worth following and learning about if 
you’re considering the purchase of a new or replacement mixer. Like any mixer, 
the things that differentiate one from another beyond input/output count are the 
features and quality of their implementation. Equalization is a given for any mixer, 
but many of the black boxes include dynamics processing (compression, limiting, 
gating) on all input channels and some or all outputs. There are often effects, 
graphic EQ on outputs that are typically assigned to monitor duty, and of course 
every developer’s graphical user interface is a little different. Don’t agonize over 
audio specs – sound quality is no longer a major issue. Think about how well a 
given system meets your requirements and helps you to think like a mix 
engineer. 
 
 
The PreSonus RM series offers the full complement of EQ, effects, and remote 
controllability offered by their hardware based StudioLive mixers. If you know the 
PreSonus StudioLive AI, you know the capabilities of the RM mixers. The 
RM16AI and RM32AI are identical in all respects other than the number of 
physical input and output connectors and channel activity LEDs on the box. Like 



the StudioLive mixers, the RMs can be cascaded for more channels. With their 
new UC-Surface Universal Control software (Windows, Mac, and iPad, and 
coming soon for the StudioLive AI mixers later this year), operating the RM mixer 
from a computer equipped with a touch screen monitor provides the same user 
interface on a large screen that you have on the smaller iPad. Ethernet and 
Firewire 800 data I/O is standard, and Dante, AVB, and Thunderbolt I/O on 
interchangeable cards will be coming. 
http://www.presonus.com/products/StudioLive-RM-Series 
    
 
Soundcraft, an old hand at building both analog and digital mixing consoles, is a 
newcomer to the black box club. Their Ui series is available in two sizes - the 
form factor and size of the Ui12 suggests placement on a tabletop or on the floor 
near the musicians as a stage box. The Ui16 is full rack width and is equipped 
with rack mount ears. The Ui12 has a carrying handle that looks like one rack 
ear, and the rack ears on the Ui16 are also “pierce” to serve as carrying handles 
when it’s not mounted in a rack.  
 
The Ui12 has 12 inputs, but you need to count them carefully. There are four 
XLR mic-only inputs, four XLR-1/4” Combo mic/line inputs, 2 line inputs on RCA 
jacks, and stereo playback from a USB drive. The rather skimpy literature 
available at present lists two dedicated Hi-Z instrument DI inputs, but they’re 
nowhere to be found. It’s likely that two of the combo jacks can be switched to 
accommodate instrument pickups. There are two main outputs on both XLR and 
¼” jacks, two headphone jacks, and four auxiliary outputs on male XLRs.  
 

The Ui16 offers 4 mic-
only inputs and 8 
Mic/Line combo inputs 
plus the RCA and USB 
inputs. The Ui16 also 
offers the ability to 
record the stereo mix 
directly to a USB drive. 
Other Harman Group 
companies bring their 
technologies to the 
table; dbx contributes 

dynamics processing and automatic feedback suppression, there’s Digitech 
amplifier and effect pedal modeling, and three reverb and delay based effects 
processors from Lexicon. 
 
One feature that sets the Soundcraft Ui apart from others in the field is that its 
control panel software is device independent. It’s built into the mixer’s firmware 
and opens in any web browser on a connected computer or mobile device. This 
is a real plus since most existing systems of this nature depend on an iOS app 



for control, leaving Android users out in the cold (or into the poorhouse). The Ui 
supports up to 10 connected devices, with security settings that allow limiting the 
level of control access for each device so a musician on stage can control his mix 
without affecting the house mix. Connection between the main unit and the tablet 
controller is via WiFi, with a direct Ethernet connection, for example, to a 
computer, as an alternative. 
http://soundcraft.com/products/mixing-consoles/ui-series 
 
 
Mackie, who introduced the “black box mixer” concept three years ago, 
introduced their latest model, the DL32R. Diverging from their “jacks and an iPad 
tray” format, the DL32R is a 3 space rack mount unit that can also serve as a 
stage box for your mic inputs and speaker outputs. Like the rest of the DL line, its 
control is solely via an iPad. There are 32 Onyx mic preamps with digitally 
controlled (and hence recallable) gain, with inputs 25-32 being on combo XLR-
1/4” connectors and serving as either mic or line inputs. With the ¼” inputs 
providing up to 40 dB of gain and with an input impedance of 30 kΩ, they’ll serve 
as instrument DI inputs in a pinch. The14 outputs are fully assignable from the 
main, auxiliary, and group buses. An AES3 digital output can be fed from any 
output bus pair. 
 
Each input channel has a polarity invert switch, low cut filter, gate, compressor, 
and parametric EQ. All outputs have parametric EQ, 31-band graphic EQ, and 
compression. Inputs and buses can be mono or can be linked in adjacent pairs 
for stereo. Three effect processors are fully assignable to effect buses or as 
channel inserts.    
 
There are two USB ports, one for connecting a disk drive, the other for 
connecting to a computer (Mac or PC). For show capture, all 32 input channels 
can be streamed directly to a hard drive or computer, and can be played back as 
channel inputs as a virtual sound check. A Dante card is optional for system use.  
http://dl32r.mackie.com/ 
 
 
 

The Phonic Acapela 16 follows Mackie’s 
original form factor, looking pretty much like a 
traditional mixer with the top panel controls 
replaced by a tray sized to hold a tablet. The 
control app is currently for iOS, but they say 
that an Android version is coming. The 
particularly cool thing with this black box is that 
you don’t really need the tablet or computer 
unless you want to walk around with it, The 
Acapela 16 includes connectors for a VGA 



monitor and USB mouse, which, when connected, give you full control over the 
mixer. 
 
The I/O complement is 12 mic-only inputs, 4 XLR combo Mic/Line inputs, 2 main 
outputs, 2 control room outputs, 4 auxiliary outputs that can be fed from auxiliary 
or group buses, and a headphone jack. Each channel and each output has a 4-
band parametric equalizer, delay, and dynamics processor (compressor, limiter, 
and gate). Two effect processors, each fed from its dedicated FX bus and 
assignable to any output bus are included. 
http://www.phonic.com/en/acapela-16.html 
 
 
 
Computer Audio Interfaces 
 
Arturia, a company better known for their digitally modeled analog synthesizers. 
Introduced Audiofuse, a high quality tabletop USB 24-bit 44.1 kHz to 192 kHz 
sample rate recording interface. Its 14 inputs consist of 2 mic/line/instrument XLR 
combo jacks with their own gain controls and LED meters, 2 RCA jacks for line 

level or phono cartridge level with RIAA 
equalization, and S/PDIF (stereo), and ADAT 
optical digital ports for expansion. The XLR 
inputs have insert jacks for connecting an 
outboard processor in line between the preamp 
output or line input and the A/D converter.  
 
There are four analog line outputs for connecting 
two sets of monitors. While they both carry the 
same audio stream, there’s a trim control for 
matching the level of the two sets of monitors. A 
top panel switch selects between the two monitor 

output pairs. There are two headphone outputs with independent volume 
controls, conveniently equipped with both ¼” and mini phone jacks. Digital 
outputs are ADAT optical and S/PDIF coax. A built-in talkback mic provides 
communication to the talent, and there’s direct input monitoring (true zero 
latency) with a blend control to adjust the balance between the input source and 
the DAW playback. A big knob in the center It’s very stylish and comes in three 
colors – black, gray, and silver. 
http://arturia.com/audiofuse 
 
 
 
Universal Audio introduced a software update for the Apollo series of interfaces. 
With the Apollo Expanded software connected to a Mac via Thunderbolt, up to 
four Apollo interfaces of any size can be combined on the bus to appear as a 
single interface with the full I/O count of all the units. The Expanded system 



actually accommodates up to six UAD-2 devices (each Apollo contains one) so 
additional DSP accelerator modules can be included in the bundle.  
 
How is this integrated I/O different from the Core Audio aggregated audio/MIDI 
device option? For one thing, it offers flexibility in assigning and naming ports in 
preset configurations. For another, if one of the devices on the bus is an Apollo 
Twin, whose big knob makes it a dandy monitor controller as well as an interface 
and DSP host, The Twin’s control functions can be assigned to operate another 
Apollo device on the Thunderbolt bus. For example, if your monitors are 
connected to an Apollo 16 in a rack, you can use the Twin on your desk to 
control the monitor output level of the 16.   
 
Universal’s new Console 2.0 software adds several enhancements including 
preset channel strip chains of UAD plug-ins, new control room functions for 
alternate monitor switching, and improved headphone cue mix management.  
http://www.uaudio.com/blog/apollo-expanded-namm-2015 
 
 
As part of their MOTIV line of mobile device products, Shure introduced the MVi, 
a palm-sized USB audio interface. It’s housed in all metal box with a single XLR-
1/4” combo jack for connecting a mic, a mono line level source, or an instrument 
pickup. It provides 48v phantom power for the mic, and is available with either a 
USB or Lightning cable to connect to a computer or a new iPhone. A touch 
sensitive panel identical to the one used on their MV51 microphone provides 
input selection switching and a choice of DSP presets appropriate for typical 
sources.  
 
 
Zoom showed the not quite working yet TAC-8, TAC-2R, and TAC2 Thunderbolt 

(only) eight- and two-
channel audio interfaces in 
familiar configurations. 
The TAC-8 has 8 mic/line 
inputs, with channels 1 

and 2 doing triple duty as high impedance instrument DI inputs. The rear panel 
has ¼” jacks, one pair nominally dedicated to monitoring, the other eight for 
whatever you send to them – dedicated headphone mixes, outputs to outboard 
signal processors, alternate speakers, etc. ADAT optical and S/PDIF coax 
provide10 additional digital inputs and outputs. There’s also 5-pin MIDI in and out 
and, while there seems to be less and less need for it these days, there’s also 
word clock input and output. As expected, there’s a software mixer application, 
though at least at this time it’s Mac-only, not surprising since most Windows 
systems aren’t yet equipped with a Thunderbolt port.  
 
The Zoom TAC-2R is a small tabletop box with two mic/line/instrument inputs 
and headphone output on the front panel and a pair of ¼” line output jacks and 



MIDI in and out. There’s also a switch on the 
rear panel for direct (hardware) input 
monitoring, which will make this interface 
more useful for the iDevice folks working on 
overdubbed projects. This allows you to hear 
the input source in the headphones without 
having to go in and out of the computer. The 
TAC-2 is similar in function to the TAC-2R but in a different, but familiar form 
factor. XLR combo jacks and ¼” line outputs are on the rear, instrument DI and 
headphone jacks are on the front. The top surface has the meters and a big knob 
that controls line output and headphone volume as well as input gain. The 
comparable interfaces with USB 2/3 connection that were announced last year 
are now in the pipeline, and, bless their hearts, will remain available, at least for a 
while.  
http://zoom.co.jp/products/tac-8 
http://zoom.co.jp/products/tac-2r 
 
 
 
When I reviewed the Focusrite Forte USB interface a while back, I was really 
impressed by its sound quality, particularly with its mic inputs. I told them that 
they should make a tabletop or rack mount 4- or 8-channel USB interface with 
the same quality electronics and a less elegant but more straightforward control 
panel. Well, they did it with the new Clarett series . . . almost. The new Clarett 
series includes four models, the 2Pre, 4Pre, 8Pre, and 8PreX.  All of them use a 
new preamp modeled after the classic Focusrite ISA. The Forte’s preamp is 
described in similar language, though I was that these aren’t exactly Forte 
preamps, and that they think the Clarett’s preamp is the best one of the entire 
Focusrite line.  
 
There are a number of common features across the Clarett line in addition to the 
mic preamps – all but the 2Pre have ADAT optical and S/PDIF digital I/O for 
expansion; the 2Pre has no S/PDIF and only ADAT optical input. All have MIDI in 
and out, and offer two headphone outputs, with the exception of the 2Pre that 
has only one. All models have two instrument DI inputs.  
 
Analog inputs are on XLR Combo jacks on all but the 8PreX, which has separate 
XLR mic and ¼” line input connectors plus two dedicated ¼” instrument jacks on 
the front panel. The two smaller models have all of their analog inputs on the 
front while the 8Pre has two mic/line/instrument combo jacks on the front panel 
and six mic/line combo jacks on the rear panel.     
 



The two smaller Claretts have 
four analog line outputs plus 
headphones. The 4Pre has 
each of those four outputs 
doubled, with the likely 
application being one set 
driving speakers and the other 
set driving an outboard 
headphone system. The 8Pre 
has two analog outputs 
dedicated to control room 
monitoring and eight other 

outputs for whatever you need. The 8PreX has the same output arrangement 
and adds a second ADAT optical I/O pair, which gives it the capability for up to 
26 inputs and 28 outputs. Although not specified, I wouldn’t be surprised if the 
ADAT I/O supports the S/Mux mode using the two ports for 8 channels at high 
sample rates.  
 
Metering on the 2 and 4 input 
models uses Focusrite’s tri-
color LED ring that surrounds 
the input gain knobs. The 8 
channel models have 6-step 
LED bar graph meters. The 
8PreX has, in addition to the 
input channel gain controls, 
dedicated front panel 
switches for polarity inversion, low cut filter, and phantom power.  
 
When I saw the Claretts, I assumed that they followed the system design of the 
Scarlett and Saffire series, providing a DSP mixer within the interface that’s really 
handy for setting up monitor mixes with remarkably low input latency – I’ve 
measured less than 1 ms delay through the Scarlett mixer at sample rates higher 
than 44.1 kHz. When I began this write-up, I realized that neither the skimpy info 
sheet I picked up at the show, nor the web page, nor the guy who gave me a 
quick run-through at the show mentioned a built-in monitor mixer. What got me 
wondering about this is that literature states, in reference to the Thunderbolt I/O: 
“…. interface latency so negligible that you can monitor and track within your 
software without any noticeable delay.”  
 
Since I first released this review, I heard from the product manager that the 
Claretts would indeed have the MixControl application similar to that for the 
Scarlett and Saffire interfaces. He also said that there’s still some unfinished 
development and testing – rollout is currently expected to be in the June through 
August time frame. Hopefully the news will continue to be good.   
 



 
 
Now, about the Scarlett’s computer connection – it’s Thunderbolt. There are 
certainly advantages to Thunderbolt over Firewire and USB, among them lower 
latency since the I/O bus speed is high enough so that even with a large number 
of tracks, several milliseconds of buffering isn’t necessary in order to avoid 
dropouts. However, the computer industry grows in fits and starts. By not 
providing an alternate computer connection such as USB or one of the Ethernet 
protocols like Dante, AVB, or AES50 (the latest interfaces from MOTU connect 
via Thunderbolt and AVB), since Thunderbolt I/O in the Microsoft world is 
presently pretty scarce, Focusrite has put the Claretts out of reach of those of us 
who use a Windows platform for audio.  
 
One might argue that all serious recording professionals use Macs, but one 
would be wrong, especially outside of the USA. It occurred to me that the smaller 
Claretts would make classy recording system when coupled to an iPad, but, alas, 
I looked around and there appears to be no such thing as a Thunderbolt to 
Lightning adapter or cable, so that’s out.  
 
After tasting the Focusrite Forte, I was ready for a Clarett, but looks like it’ll have 
to wait until I’m ready for a new computer, which will be a while yet.  
http://us.focusrite.com/news/the-fastest-audio-interfaces-in-the-world 
 
 
Recorders 
 
Dedicated multitrack hard disk recorders come and go. Mackie, Alesis, and Akai 
had their day and are gone, JoeCo and Cymatic are the new kids on the block, 
but RADAR has hung in there through a couple of corporate name changes 
(initially Anatek, then Otari, and now iZ Technology) and continues to be the one 
to get if you want the best. They’ve been making improvements over the nearly 
25 years that they’ve been building RADARs, though shortly before this NAMM 
show, the buzz about RADAR Studio was going around the audio and recording 
forums. The headlines were along the lines of “RADAR Now Runs Pro Tools.” 
 
RADAR has traditionally used its own customized operating system and purpose-
built recording software, integrating it with their highly respected A/D and D/A 
converters (as well as an assortment of digital I.O options) and system controller, 
a custom keyboard with a button for everything you’ll need. The excitement is 
that the new RADAR Studio can, in addition to running the RADAR software, now 
run Pro Tools, or just about any other Windows DAW program, using a 
customized version of Windows 8. It even ships with Pro Tools 11 Native and 
Harrison MixBus pre-loaded and set up to run with the RADAR I/O and take 
advantage of the keyboard controller. You have to bring your own license, of 
course. It’s been tested with Reaper and a few other DAW programs as well, 
Since there’s a touch screen on the front panel, if you’re really in a bind for space 



or transportation, you really don’t need anything but the single box to operate 
either the recorder or the DAW. As always, though, there are ports for an 
external (presumably larger) monitor and mouse. 
 
It’s not quite ideal, yet, though. Radar and Pro Tools can’t run simultaneously in 
the same box. It’s a dual-boot system so you can run either RADAR or Windows. 
When you boot it up, you get a choice of what you want to run or, if you don’t 
make a choice, it starts whatever ran last. So, you can do your tracking on Radar 
without having to fuss with a mouse, then reboot and start up your DAW for 
editing and mixing. I didn’t get to see this in action, but they say that with all that 
they’ve stripped out of Windows, switching between systems takes about 10 
seconds. 
 
The bugaboo is that for the most common studio workflow, you really need a 
separate mixer order to provide monitor and headphone mixes when tracking. At 
the moment, I see the most effective application for the single box setup is for 
live recording. Run RADAR to record the show using its excellent converters and 
rock solid software, then boot up the DAW and mix it. The RADAR Studio files 
are immediately available to import into the DAW so there’s no need to swap disk 
drives or run a conversion routine to get WAV files. You can start bugging iZ any 
time now about when they’re going to have mixing available within RADAR. It’s 
going to happen – it won’t be everything that Pro Tools is, but it’ll be appropriate 
for making headphone mixes for tracking.  
http://www.izcorp.com/products/radar/ 
  
 
While we’re still on recorders, TASCAM has updated their DR-680 8-channel 
portable field recorder. The DR-680 MkII has a preamp upgrade and lower jitter 
clocking for better audio performance. Oh, and there are new red “bumpers” for 
the front panel. Their DR-70 four-channel recorder designed specifically for 
DSLR cameras has had a similar preamp and clock makeover. 
http://tascam.com/ 
 
 
Monitoring 
 
Hear Technologies was one of the earliest (maybe even 
the first) commercial manufacturers of a mix-it-yourself 
monitoring system. The 8-channel system that they’ve 
been making for a dozen or so years received a major 
makeover this year. The hear back PRO is 16 channel 
system that adds features such as stereo mixing with 
panning on all channels, level indicators, storable 
presets, and both ¼” and 1/8” headphone jacks (no 
adapters needed). That XLR plug that you see sticking 
out of the top in the photo is for a microphone which can 



be used as an on-stage talkback or intercom, and, alternately, can be added into 
your personal headphone mix to provide some ambient stage sound. It’s digital, 
of course, and claims less than 0.25 ms latency. It’s a really slick looking unit, 
and with all the other similar systems on the market now, it’s nice to see a 
pioneer, and really small company to boot, getting caught up. – Photo from Phil 
O’Keefe of Harmony Central 
http://www.heartechnologies.com/hbpro/hearbackpro.htm 
 
 
In-ear earphone designer Stephen Ambrose partnered with ADEL to build an 
earphone that provides louder sound than the current crop while reducing the risk 
of hearing damage. That seems to be a tall order, since many people get hearing 
damage from too-loud earphone listening. There’s a lot of things going on with 
the 1964Ears in-ear monitor, but the most significant one appears to be a vented 
diaphragm arrangement that pushes the transients toward your eardrum, but 
then vents the built-up pressure back to the outside. I’m not a good judge of in-
ear phones because I’ve never found them to be sufficiently comfortable to listen 
long enough to become accustomed to them, but I’ve been told that the 
technology is sound and that they work very well. Incidentally, this was started as 
a Kickstarter project. 
http://www.1964adel.com/ 
 
 
Sensaphonics, one of the earliest entries into the personal in-ear monitor market, 
has come up with some tweaks targeted to improving the sound of in-ear 
monitoring for musicians with hearing impairments. Based around their ARRO 
technology, which builds an ambient microphone into each earpiece and blends 
the ambient stage sound in with the monitor mix, the 3D-ME system employs 
custom DSP to tune the earphones to match the musician’s hearing loss. One 
success story involves a musician who was completely deaf in one ear. By “un-
balancing” the ambient stereo image from the mics and feeding them both to the 
ear that works, allowing him to hear the full stage in addition to his own monitor 
mix. Apparently there’s enough information coming in to trick the brain into 
providing some stereo perception. 
 http://www.sensaphonics.com/3d-cros 
 
 
 
Software 
 
Does the Windows world need another DAW? Nick Garcia (who, as it turns out, 
is a local Washingtonian) thinks so, and he and his team designed the Lumit-
Audio DAW specifically to work with a touch screen display. It features unlimited 
track count, drag and drop editing, automation, effects, and some gesture 
awareness for those accustomed to using touch screen devices. System 
requirements are pretty modest – a Pentium 4 with Windows 7 or 8. Although the 



idea of a touch screen is to give a hands-on experience, it supports outboard 
USB control surfaces such as the Mackie Control. ASIO drivers are supported, 
as well as VST1-VST3 plug-in formats. I’d include a screen shot, but really, it 
looks just about like any other DAW that looks just about like any other DAW.  
http://www.lumit-audio.com 
  
 
 
I reported on the Softube Console 1 last year, but to refresh your memory, it’s a 
pairing of a Softube channel strip plug-in and a hardware controller that includes 
for every knob and button that you’d find on a console input strip. The channel 
strip plug-in that the Console 1 controller was designed around models the Solid 
State Logic SL 4000E, not at all a bad choice for a console. This year they 
introduced an SSL XL 9000K console strip plug-in that also works with the 
controller.  
 
Engineers and producers loved the SSL 4000 when it was introduced because of 
how much it could do and how well the automation worked, but few cared for the 
sound (though they used it anyway). The SSL 9000 that came along later had 
much lower distortion than the 4000 and was cleaner all around. By that time the 
recording industry was well into the “clarity of digital” so the 9000 quickly became 
a favorite. Today, however, people with their DAWs miss the rock’n’roll sound of 
the 4000, so that’s why Softube chose that as their first Console 1 emulation.  
 
Now you have a choice of two well accepted SSL sounds from Softube, a pristine 
one and one that’s a little dirty and gritty. At present, the 4000 is still the standard 
package with the Console 1, and the 9000 is available as an extra cost option. I 
wouldn’t be surprised if they eventually offer a choice of models in the package, 
or perhaps have a combo price. Time and marketing will tell.  
http://www.softube.com/index.php?id=xl9000k 
 
 
Gadgets and Stuff 
 
I commented to one of the vendors at the show that many products that I found 
most interesting were ones that didn’t pass audio. Here are a few who don’t, and 
some that do.  
 
The LOKNOB is a replacement for the knobs on your stomp box or amplifier that 
prevents settings that you’ve tweaked to perfection and that you don’t want to 
change from being jostled or turned accidentally. The idea of a locking pot shaft 
isn’t new – I have a few pieces of old military surplus radio and computer gear 
that have pots that lock with a collet that clamps the shaft, but the LOKNOB is a 
different design that’s sized right for musical electronic gear. You can install it 
yourself with no tools but the hex wrench that’s included with the knob. (OK, you 
might need a screwdriver to get the original knob off)   



 
It’s not a completely positive lock, but it’ll 
easily survive a careless packing-up job 
and serve as a reminder to think twice 
before turning that knob. The system 
consists of a fairly fine detent that you 
overcome by pulling upward on the knob 
before turning it. When you release the 
knob, its teeth mate with teeth on a ring 
mounted on the chassis, and then the knob 
is then secured from careless handling. The 
LOKNOB comes in two sizes but only come 
in one style, round knurled aluminum, so 
they won’t replace the chicken heads on 
your vintage amplifier, but they’ll help save 
your settings. The inventor whittled his 
initial model from wood!   
http://loknob.com/ 
 
 
RAM Mounts come a musician who, in real life, has a factory that makes 
products for agricultural machinery. As an outgrowth of their design for a tractor 
and motorcycle-proven mount for phones and GPSs, they offer a diverse line of 
device holders that clamp to a mic stand. There are a couple of sizes of four-
finger spring loaded “claws” for tablets and phones, a cradle for a compact mixer 
of up to about 8 channel size, clamps for stomp box sized effect processors, a 
camera mount, and even a drumstick quiver and cup holder. They’re made of a 

tough reinforced plastic with ball 
joints for flexible positioning. The ball 
(there are two sizes, for light or 
heavy things) as well as the clamp 
that goes on the stand tubing, is 
coated with a rubber surface for a 
no-slip grip. They’re a little pricey, 
but they offer a lifetime guarantee 
(send them a photo of your broken 
clamp and they’ll send you a new 
one).  There’s no specific info about 
their NAMM showings on the web 
site yet, but I presume it’ll eventually 
be added.  

http://www.rammount.com 
 
 



 
Guitar Gizmos 

 
Dialtone Pickups adds a new twist to the conventional 
magnetic guitar pickup. In addition to developer John 
Liptac’s own tweaks to the winding and magnetic designs 
of a conventional pickup, his Dialtone pickup has two 
flush mounted rotary knobs at the corners of the pickup 
case. Those control the center frequency and Q of an 
active filter powered by a 9v battery, offering a degree of 
tone control right out of the pickup. A gain control is 
optional.  
 

Since the pickup contains active circuitry, unlike a standard pickup, it has a low 
impedance output. It’s not balanced out of the pickup (that wouldn’t be too hard) 
but it would be easy to replace the guitar’s jack with a TRS jack that had a 
resistor equivalent to the active source impedance connected between the ring 
and sleeve right at the jack. You could then run a balanced connection between 
the guitar and a mic preamp for a quieter direct output in the studio, and still use 
a standard guitar cable with an instrument amplifier. This is the same scheme 
that Mackie mixers and dozens of other audio gear manufacturers use for 
“balanced/unbalanced” outputs that work. It’s food for thought. 
http://www.rammount.com 
 
 
I normally don’t write about stomp boxes because I 
don’t use them myself, so I’m writing here about a 
switch that I’ve never seen before that’s used on the 
Apollo series pedals made by MC Systems. It looks like 
the typical push-button toggle (push-on-push-off) foot 
switch, but with a twist. If you give it a really hefty 
stomp, it toggles an additional function. In the case of 
the pedal I looked at, it toggled between two alternate 
drive level settings, each of which can be preset with a 
knob that becomes active when you tap for one 
alternate setting or stomp hard for the other alternate 
setting. They told me that there’s a “pressure plate” (their words) behind an 
ordinary switch. It takes quite a bit of pressure to activate the third function – I 
couldn’t do it with my thumb – so I hope these are mighty sturdy pedals that can 
take a lot of heavy stomping. 
http://www.mcsystemsmusic.com/ 
 
 
 
 



Revpad from GTC Sound is a system that consists of a pedalboard-sized box 
that contains four of their own effects together with a wireless controller that you 

can stick on to your guitar to operate the box. From the remote, 
you can select the effects, which can be preset chains as well 
as single effects. Effect parameters can be adjusted from the 
guitar by a small touch pad on the wireless remote controller. 
That’s not all that special, but wait! There’s more!   

 
Two features caught my eye, and they can be integrated in clever ways. First, it 
has input and output jacks (send/return loop in guitar lingo) for an external effect 
processor. The inserted effect can stand alone and switched in when desired, or 

(this is the cool part) it can be incorporated into a 
chain preset. The other cool thing is that the box 
can send MIDI control data, and the remote 
controller can control the MIDI messages. So, in 
effect (pun intended) you can have wireless 
remote control of an outboard MIDI-controllable 
effect processor or for a VST plug-in running in a 

computer or mobile device. 
http://www.gtcsound.com/revpad_page/ 
 
 
Relish Guitars of Switzerland makes solid body electric guitars with a couple of 
interesting features. They have an aluminum “backbone” inside the body that 
provides a solid block on which the pickups and tailpiece are mounted. Their 
claim is that increases sustain. But the thing that caught my eye was the wiring 
and control of the pickup system. They offer an 
ordinary three position mechanical switch, but 
they also have an alternate switch that’s 
electronic, operated by a pair of touch-sensitive 
buttons on the guitar top. Advantages? The 
obvious one is no noise, and no dirty contacts to 
get fussy during a show.  
 
They have models with standard wiring, but they 
also offer a modular option with plug-in 
connectors for the pickup, switch, and pots so 
that it’s easy for the owner to customize the 
instrument by swapping components without soldering. What caught my eye (and 
prompted me to include this in my write-up) was that all of the internal wiring 
uses shielded cable, and the pickups are connected to the electronic switch via 
SMA coax connectors, both for robustness and for ease of exchanging pickups 
without soldering. That’s really classy. 
http://relishguitars.ch 
 
 



This one is here simply because it looks so cool. Analog Outfitters salvages 
components from old Hammond organ tube amplifiers builds new amplifiers from 
them (sometimes using an original Hammond chassis) and packages them in 
extra sturdy enclosures, some re-purposing ready made containers, some made 
from recycled materials, some made from exotic hardwoods. Here’s a rebuilt 
Hammond reverb/tremolo unit ready to be put to new use, probably with a 
modern organ or a guitar. 
There’s a spring at the back of 
the cabinet and a motor driven 
tremolo modulator in the 
foreground. Some beautiful 
work here, some ugly as art can 
be, all hand crafted with years 
of tube amplifier experience 
and love.  
http://www.analogoutfitters.com 
 
 
 
Technology – Chips In A Tube and Tube On A Chip – Oh My! 
 
The latest version of Roland’s Blues Cube amplifier that they released last year 
had an empty socket inside. This year they filled that socket with what they’re 
calling a Tone Capsule. It’s a package that looks like a 9-pin miniature tube, and 

contains DSP code (and maybe additional hardware – I 
didn’t ask) for custom tailoring the tube modeling circuitry of 
the basic amplifier. The initial Tone Capsule was developed 
with the help and guidance of guitarist Eric Johnson. He’s 
the guy who claims to be able to recognize what make of 
battery is in his pedals, and Roland’s goal was to make an 
amplifier that he felt comfortable using as an alternate to his 
favorite amplifiers. In concept, this is a lot like the TonePrint 
pedals that TC Electronic introduced a couple of years 
back, but rather than just filter the sound between the 
instrument and amplifier, the Tone Capsule actually adjusts 

the parameters that model things like bias (the virtual tube operating point) and 
distortion characteristics. Presumably there will be customized models of other 
famous guitarists’ favorite amplifiers, and perhaps a programming tool kit for end 
users. Of course playing through an Eric Johnson Tone Capsule Blues Cube isn’t 
going to make you sound like Eric Johnson, but it might make you feel like 
practicing harder.  
http://www.rolandus.com/promos/tone_capsule_ej 
 
 
Unlike some show write-ups, I don’t copy and paste from press releases, I write 
in my own words about things that I see that I find interesting. I’ll have to confess, 



though, that I never got near enough to the Korg booth to have found this next 
item myself - too many famous artists and big crowds waiting to get autographs. 
In fact, I didn’t hear about this until after the show when someone asked me 
about it, so I checked out the press release and thought it was interesting enough 
to describe here. Korg has partnered with Noritake (I have some of their dinner 
plates – or maybe that’s not the same Noritake) to develop a vacuum tube in an 
integrated circuit package. With construction based on Noritake’s vacuum 
fluorescent display (VFD) technology, they’ve built a working triode tube. 
Designated the Nutube 6P1, it’s said to have 2% of the power consumption of a 
typical triode, and an expected life of 30,000 hours. Size is described as 
approximately 30% of the volume of a conventional vacuum tube (would that be 
a 12AX7 or a 6550?) and from the picture in the press release, appears to be 

similar to a 40-pin DIP. From the rather 
sketchy description and words in the 
press release about “generating the 
same rich harmonics which vacuum 
tubes are known for” (well, only if you 
want them to), I imagine that when this 
component is fully baked and ready for 
use, it’ll first find its way into 
synthesizers and solid state instrument 
amplifiers that they think need some 
tube mojo.  

 
So far, there are no published specifications, characteristic curves, or even 
package dimensions, but Korg expects to start putting it to use some time this 
year. Whether we’ll find it in a Manley or Fearn mic preamp remains to be seen, 
but I think it’s a pretty cool idea and, whether or not the product makes sense, 
the technology does. 
http://www.korg.com/us/news/2015/012212/ 
 
 
The Wrap 
 
Korg at the outro makes a good intro to wrapping up this report. This year was 
the invasion of the analog synthesizer. There were two “communities” of analog 
synths, one in Hall E a convention hall block long (about 150 feet) and three 
aisles wide and a couple of rows in one of the upstairs exhibit halls. Korg, who 
re-introduced their MKS-20 as a kit last year, introduced a full reconstruction of 
the ARP Odyssey from 1972. Roland showed a prototype “re-imagined” analog 
synth still in the pipe dream stage, but their JD-Xi “Analog/Digital Crossover” 
synthesizer, combining real analog waveform based bass and lead synth sounds 
with polyphonic PCM-based utility sounds like piano and guitar, is ready to go 
and priced around $500 on the street. Or you can buy a new Moog System 55 
(Keith Emerson’s rig) for $35,000.  
 



This was a busy show, with more exhibitors and likely more attendees than last 
year. It was loud, too. One afternoon, I grabbed a late lunch at one of the food 
counters in the convention center all the way in a back corner of Hall C or D. 
Drums were pounding in the distance, maybe 500 feet away. I pulled out my 
phone, opened the SPL meter app and measured 99 dBA. That’s NAMM for you. 


