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The usual disclaimer 
 
This isn't a 100% report on the entire show, just things that interested 
me, were new to me, or were things that I've mentioned in previous 
reports that have either become reality, died, or matured.  If you're a 
manufacturer and I didn't mention your product, its either because it 
just wasn't in my area of interest, I've written about it before, or 
because you didn't buy me a good enough dinner.   
Now on with the show: 
 
Anaheim, California - January 16, 1997 
Day 1 
 
The National Association of Music Merchants Winter Market has evolved 
along with the state of the music industry.  From a convention of music 
store owners looking for trombones and pianos, it's now the place where 
high tech music manufacturers (including makers of trombones and pianos) 
break new and innovative products into the market. Where the Audio 
Engineering Society used to be the show for new audio and recording 
products, it seems that more new announcements are made now at NAMM.  Or 
maybe they just need that two months between AES and NAMM to get the 
bugs out of the software.  We'll see that some of them didn't quite make 
it. 
 
The Anaheim Convention Center is divided up into several exhibit 
halls, and although the divisions aren't perfect, there's some attempt 
made to keep similar products reasonably close together.  As has been my 
practice for the last several years, rather than spend the first day 
rushing through the complete show and trying to remember what to come 
back to, I spent nearly the whole day in Hall E.  This is where they put 
the new exhibitors (as well as some of the smaller old ones, too) and 
it's often where some of the most innovative products can be found. 
This year was no exception. 
 
1997 is the year of the multi-channel digital audio interface card. 
Where as little as six months ago, anything with more than stereo inputs 
and outputs was an expensive rarity, this year you couldn't turn a 
corner without running into one, and for under a grand at that.  Antex 
was there with their 4-channel card which, at this writing, still is 
shipping with Windows NT drivers only.  They say that Windows 95 drivers 



are just a few weeks away (deja vu all over again), but that they've 
decided that they won't bother with Windows 3.1. As someone who has 
managed to resist Windows about a year ago, I think I'm beginning to see 
a new computer in my future just so I can play with this new stuff. 
 
Terratec Promedia, a German firm, showed their EWS64 audio card which 
has the wildest collection of inputs and outputs I think I've seen yet - 
two stereo analog line inputs, a stereo mic input, two stereo analog 
outputs, a mono output that can hook to the PC speaker, one S/PDIF 
digital input and two S/PDIF outputs, and two MIDI interfaces.  In 
addition, there's a 64 voice polyphonic wavetable General MIDI 
compatible sample player/sampler, and a connector for a Waveblaster 
wavetable synth.  The interesting thing is that they do all of this I/O 
without a mess of squid tentacles hanging off the back.  There are 
several connectors on the rear panel of the card, and what there isn't 
room for on the back is on a panel mounted in a front panel accessible 
5-1/4" disk drive bay in the PC cabinet.  Still got one? 
 
Frontier Designs had their 8-channel ADAT interface card in several 
digital audio workstation (DAW) booths, a good sign.  The Frontier folks 
have had their ear to the ground for a while and have come up with a 
neat product.  Again, no tentacles, just a pair of ADAT optical 
connectors.  This is an ideal card for working with an ADAT in 
combination with a DAW, or for extending the DAW with a digital mixer. 
 
Going up in channels, Aardvark's Studio 12 has an 8-channel ADAT 
interface, 2 channels of analog audio with 18 bit converters, and two 
channels of S/PDIF coax or optical, or AES/EBU digital.  With that 
combination, you can work back and forth between a DAW and an ADAT, mix 
down to DAT, and monitor from the analog outputs. 
 
And if 12 channels isn't enough, Sonorus introduced the STUDI/O with two 
ADAT interfaces for a total of 16 channels.  The ADAT ports can be 
reconfigured in the driver software to function as optical stereo S/PDIF 
inputs or outputs.  All of these new I/O cards have some DSP horsepower 
on board to provide such functions as mixing, effects, and sample rate 
conversion, as the software writers play catch-up. 
 
For those of you with two channel digital I/O cards in your workstation 
computer who have been fumbling with using a DAT as your A/D and D/A 
converter, Tracer Technologies, a distributor heavily involved with 
products to support digital audio, introduced the Big DAADI single rack 
space 20 bit A/D and D/A converter.  It features balanced audio in and 
out, and digital I/O switch selectable between S/PDIF and AES/EBU.  The 
Tracer unit looks suspiciously like (even down to the text in their 
respective brochures) the ADA-1000 from Lucid Technology, which I think 



is an outgrowth of Symentrix. 
 
We've been talking PC here exclusively, but Lucid has a new NuBus card 
for the Mac which provides S/PDIF digital I/O as well as some DSP power. 
 
Here's a couple of gadgets to help tame all of thise digital inputs and 
outputs.  Midiman's new product of the show is a digital audio patchbay 
with twelve inputs (six optical and six coaxial) and six outputs.  There 
are actually twelve outputs, but they're arranged as six pairs of 
connectors, one coax and one optical per output.  The optical connectors 
can carry either S/PDIF or ADAT data, but there's no format conversion. 
That might be coming, though, if you yell loud enough, says chief 
engineer George Van Wagner.  Like all Midiman gear, it's built on a 
solid chassis and carries a lifetime warranty. 
 
People who interconnect more than about two pieces of digital audio gear 
are starting to find out that without a master clock source that 
everyone can sync to, strange noises start to appear at the most 
embarassing times.  Aardvark has the solution in the AardSync II low 
jitter master clock  Not only does it provide a clock signal for the 
standard 44.1 and 48 kHz sampling rates, it's front panel selectable to 
several odd-ball rates required when working between various flavors of 
film and video where things don't run at the "right" speed when 
transferring from one format to another.  It's also programmable to any 
rate you might need, and will derive word clock from a video source. 
There are three standard word clock outputs plus a 256x oversampled 
ProTools Superclock output, and AES/EBU. 
 
Like multi-channel audio I/O cards, digital consoles are also in season. 
At the AES show, TASCAM introduced a digital 8-bus console, and Yamaha 
had a new 4-bus digital console.  I haven't been by either of those 
booths yet so see how they're doing, but the news we've been waiting to 
hear has finally arrived - Mackie is in the game.  The Digital 8-Bus (d8b) 
features 24 channel faders plus a master, which can be configured in 
banks for up to 48 input channels divided between mic, line and tape, 
digital and analog.  A set of "virtual" pots with real knobs, one per 
channel, control panning, some auxiliary sends, and some EQ parameters. 
 
Like most digital consoles, there's quite a bit of sharing of controls. 
For instance, there's a basic group of 4 knobs dedicated to to 
the basic equalization parameters that are displayed both numerically on an 
alphanumeric display and relatively with a ring of LED's around 
the knob serving as a pointer.  The faders do double duty as main channel faders 
and for setting up cue mixes, and a group of faders can be assigned to send 
MIDI continuous controller messages.  Dynamics processing and effects are 
available on every channel and (hooray!) a meter bridge is standard.  A 



pretty comprehensive set of MIDI machine control commands are available 
from the console including record enable, so it's quite possible that 
you'll never have to touch your recorder after you've loaded the tape. 
There's even a jack to connect a foot pedal for punch-ins in the event 
that you have your hands tied up playing an instrument. 
 
There's a motley assortment of inputs and outputs.  The basic console is 
set up for analog I/O with the only exception being a pair of S/PDIF 
coaxial ports for two-track in and out. Inputs 1-12 have the standard 
Mackie mic preamps (Phantom power is switchable on a per-channel basis, 
another Hooray!)  as well as line inputs.  There are 12 auxiliary sends, 
though no dedicated returns; they typically come in through the third bank of 
channels.    Connections to 24 channels of multitrack tape are through six DB-25 
connectors, balanced +4 dBu level.   There are optional AES/EBU, S/PDIF, 
ADAT, or TASCAM multi channel I/O available to make it fully digital. 
 
Everything is automated and recallable, with mix data stored on an 
internal hard disk and copyable to a floppy disk for storing with the 
tape.  Automation is based on moving faders with touch sensitive knobs 
that let you take control when you grab them.  Although every function 
is available from controls on the mixer, there's a connector for an SVGA 
monitor to display the status of the entire mixer on a screen, and a 
keyboard and mouse port for those who can't get into real knobs.  I 
addition to the position of all the controls, the screen displays other 
such useful information as a graph of the equalizer response.  And 
speaking of equalizers, Mackie brought an engineer from one of the 
famouse British console makers in to work on the equalizers, with the 
orders to make it warm and fat.  But in addition, the EQ has the ability 
to provide very narrow peaks and notches. 
 
They really thought of some clever and potentially useful non-audio 
things.  For instance, there's a standard PC-style (IEC) power connector 
for the external monitor, and a built in modem so that your console can 
call back to the factory for a software upgrade now and then (presumably 
with your permission). [Update – in the production unit the modem was replaced 
by an Ethernet port] 

 
Now for the bad news.  I'm sure glad I don't have to tell you how it 
sounds, because it wasn't running audio yet.  They said they'd have a 
working prototype there on Friday or Saturday, so I guess there'll be a 
few folks sleepless in Woodenville (a suburb of Seattle) getting it 
somewhat civilized.  Though the marketing folks say it will ship in a 
couple of months, the engineers say it will ship when it's ready and the 
bugs are all out.  I suspect the reality will be somewhere between those 
extremes.  And the price?  $8995, but that's without the full digital 
I/O. 



 
Teaching an old dog new tricks, Sound Lab, from Italy, was showing an 
add-on digital interface kit for the Yamaha ProMix 01, the mixer that 
started the low priced digital mixer revolution.  The Promix 01 Digikit 
is a box that bolts to the bottom of the mixer, and provides two slots 
for ProMix 02 digital I/O cards for a total of 16 digital I/O channels 
in ADAT, TASCAM, AES/EBU, or Yamaha Y2 format.  In addition, a S/PDIF 
coax input (routed to the 01's stereo input) and another coax digital 
main output are provided.  This digital output, however, is selectable 
between 44.1 and 48 kHz, where the standard digital output on the ProMix 
is fixed at 44.1 kHz.  Word clock in and out are provided for the 
purpose of digital clock synchronization.  The price hasn't been 
announced yet, but they know what the competition is. 
 
Back to more conventional hardware, PreSonus has chopped their popular 
ACP-8 8 channel compressor/limiter/gate down to a single rack space two 
channel unit, the ACP-2+. At $350, it represents a good buy in a 
dynamics processor with a full set of controls.  The PreSonus Blue Max 
is a half rack sized compressor for the people who buy a compressor and 
then ask "how do I set my compessor to compress my 
vocals/drums/guitar/keyboards, etc.?".  It's equipped with a preset knob 
offering two or three choices of combinations of ratio, attack, and 
release that seem to work pretty well on certain common instruments. Of 
course there's a manual setting too.  It's a stereo unit (both channels 
are locked together so you can't use it as two compressors as you can 
the ACP-2+), and there's a higher gain mono input designed for plugging 
in an instrument.  This one is $250. 
 
Motion Sound is one of those companies that I've been following through 
the years.  They make a small, portable rotating speaker unit to be used 
with an organ, and it actually sounds very good.  Their new model, the 
Pro-3T has (guess what the "T" stands for) a tube preamp, prominently 
displayed behind a clear plastic panel.  This is an outgrowth of their 
R3-147 rack mount unit, which has the rotation horn assembly and a pair 
of built in mics.  They added a tube preamp to that one and people 
thought it sounded good, so . . . The Motion Sound units have always had 
a crossover and amplitude modulator to provide a bass output that 
sounded like the rotating drum speaker in the bottom half of a Leslie 
cabinet, and now they have an answer to the question that their 
customers have been asking - "when are you going to build a rotating 
bass speaker?".  If you're an organ player who's getting too old to haul 
around a Leslie and you aren't satisfied with organ synthesizers, listen 
to this stuff. 
 
A couple of new/old synthesizers.  The Selector by Technosaurus is a 
large modular analog synthesizer with a patchbay to string together 



VCO's VCF's resonators, modulators, and envelope generators. If you 
don't know why the sound of a synthizer is called a "patch", you'll know 
why after looking at or working with these systems.  This is the Real 
Thing, folks (almost - MIDI control is available).  They range in price 
from $3100 to $11,000 depending on how many goodies you get, so this is 
not a toy.  It's the sort of thing a school might buy, or they'd lend 
one to Stevie Wonder for a while.  Another new retro synth is the Xbase 
09 from JoMoX out of Germany.  This is a drum machine (kick, snare and 
hi-hat only) based on the Roland TR-909 sounds, with plenty of knobs for 
tuning and tweaking, and a pattern based sequencer built in.  The sounds 
are generated digitally, but they aren't just 909 samples.  The knobs 
can be tweaked in real time, so it's pretty expressive.  And for those 
lucky enough to have a TB-303, there's a sync output to connect it to. 
At around $1,000, this isn't a toy either, but it might be cheaper, more 
available, and even more flexible than the Genuine Article. 
 
At last January's NAMM show, Justonic introduced a system that used 
micro-tuning to retune a synth on the fly to just intonation.  This 
produces a sweeter tone and a more "in tune" feeling that the even 
temperment that keyboard and fretted instruments are restricted to. 
They've made some updates this year and are getting some recognition.  I 
like when that happens.  Last year they had a concept and a 
demonstration, and this year they have a $200 software package, in 
addition to a General MIDI synth of their own.  Justonic won't work with 
every synth (due to the requirement of micro-tunability to a high 
resolution), but their list of tested synths is expanding, and includes 
several Kurzweil keyboards, the Roland Sound Canvas series, the E-mu 
Proteus and Morpheus family, and the Yamaha MU-50/80. 
 
But a good idea doesn't stay unique very long in this business.  Free 
Play Productions was demonstating a $69 program for Windows that 
provides micro tuning for many "world music" scales in addition to just 
intonation.  It works on the same principle of micro-tuning, so it works 
with a similar range of products as the Justonic system.  The race is 
on! 
 
Now, saving the best for last - Steve St. Croix is at it again!  About a 
dozen years back, at an AES show, he showed a concept model for a 
multitrack digital workstation that he was designing for Symetrix.  This 
never came to fruition and a few years later, a somewhat similar 
workstation design showed up at the Spectral booth with Steve up front 
demonstrating it.  The highly successful Spectrical Prisma Music system 
(now, I believe, the Producer system) was the result and it's evolved a 
time or two.  This year, Steve's been working with Ensoniq and the 
system he was demonstrating, the PARIS (Professional Audio Recording 
Integrated System) was the closest thing yet to his original concept, 



which, surprisingly, has changed fairly little in all of these years. 
Steve's one of those folks who has some good visions, and keeps plugging 
until someone can figure out how to build them affordably. 
 
The heart of the PARIS is a PCI card containing six of Ensoniq's own 
DSP chips that they're using in their high powered effects processors. 
The card can handle 16 simultaneous tracks of audio, and it's interfaced 
to the outside world through a series of expandable modules which begin 
with a 4 channel I/O plus a stereo I/O, and which can be expanded up to 
32 channels on the same card.  A hardware control surface provides 
automated faders (moving fader automation is optional), "tape transport" 
controls, equalizer controls, and monitor controls.  Steve (like me) 
thinks real knobs are much faster to use than an on-screen mouse when 
doing routine tasks like tracking and mixing. 
 
An on-screen display provides a console as big as you have a monitor to 
display it (it will support split screens under Windows NT), with meters 
on every channel that actually work, a library of effects for the DSP 
chips, and a very intuitive editing system.  This is another one of 
those "we'll try to have the working prototype here tomorrow" deals, so 
I never saw it actually work, but Steve puts on a great show, and if his 
influence with the Spectral system is an indication of what this one 
will be like, it'll come closer to the DAW that I've always dreamed 
about.  Cheap, too.  $3,000 gets you the software, the card, control 
surface, and a basic 4x4x2 I/O box.  Another "shipping when its ready" 
product, but Ensoniq has the resources to get it to market. 
 
  
NAMM Show - Day 2 
 
I knew you, as I, would have a couple of questions about that Sound Labs 
digital I/O adapter for the Yamaha Promix 01, so I went back to fill in 
a couple of blanks.  The multitrack inputs and outputs are 48 kHz only, 
and the mix output switches between 44.1 and 48 kHz by performing sample 
rate conversion on the mixer's native 48 kHz output.  This means that 
you can work at 48 kHz with your multitracks and get 44.1 kHz mixed 
output, but if you're suspicious about what sample rate conversion does to 
the sound (a matter of hot discussion every now and then), it's worth 
some additional investigation, or at least a listen in a quiet 
environment. 
 
Something else that I slid over in yesterday's report was that the 
Mackie digital mixer, in addition to the 20 bit S/PDIF L/R mix output, 
provides the same mix in 24 bit AES/EBU format.  The idea here is to 
preserve as much resolution as possible when mixing a whole bunch of 
digital sources.  And, the Mackie Mixer Watchers Society reports that 



the working prototype is, so far, a no-show.   
 
Today's daily multi-channel audio I/O card report brings us to the 
E-Magic booth where the Audiowerk8 card was introduced.  They talked 
pretty fast and enthusiastic about it, and didn't have any detailed 
literature for reference, but it appears that the basic card provides 
two analog inputs and eight analog outputs, plus a single pair of 
S/PDIF I/O's .  It has connectors for future expansion which will 
include 3 additional S/PDIF outputs and an optical I/O adapter. 
 
The E-Magic folks were mighty proud that their card couldn't be beat for 
it's list price of $795, but they hadn't seen the interfaces that Event 
Electronics had to offer.  The $349 DARla is a 20 bit analog I/O PCI bus 
card with two inputs and 8 outputs built around the Motorola 56301 chip. 
I've long complained that today's crop of multitrack recorders don't 
have input level controls, and that same complaint carries over to sound 
cards - If your console has a +4 output and your sound card has -10 
inputs (and most do, for consumer compatibility), you had to do 
something about it.  The DARla configuration software allows you to set 
the card's operating level.  I don't know if it's a continuous 
adjustment or a selection of 2 or more preset levels, but this is 
definitely a good thing.  I'd rather have a hardware jumper control that 
function and just be done with it, but the software setting is better 
than none.  All of DARla's connections are on those dinky mini phone 
jacks that are hardly worthy of passing 20 bit audio, though.  I wish 
these guys would get away from their consumer mentality and provide real 
connectors. 
 
So they showed me the Layla - PCI card with little more than a big DSP 
chip on it, connected to a single space rack mount box by a DB-25 cable, 
and that's where all the connections to the outside world are made. 
There are 8 independent analog inputs and outputs, as well as a stereo 
pair of analog outputs which are a mix of the other eight.  You can use 
this as a monitor output, or a mixed output if you like what you can do 
with the DSP-driven internal mixer.  There's also an S/PDIF I/O pair 
which claims to be 24 bits (which I didn't think was officially defined 
for that format).  All the audio connections are rear panel mounted 1/4" 
TRS jacks - hooray! - and there's a pair of jacks on the front panel in 
parallel with (or maybe normalled with - I didn't ask, but it would be a 
good idea) inputs 7 and 8, so you can plug a walk-in device into your 
system without a patchbay or digging around in back of the rack.  Word 
clock in and out are provided for synchronization in a multi-digital 
system, and there's also a MIDI interface with in, out, and thru 
connectors.  Layla will provide synchronization to audio programs via 
incoming MIDI time code.  I've always been partial to PC audio 
interfaces that keep the connections outside the computer's case, so 



this one appeals to me.  Price is "under" $1,000. 
 
Both of these Event products are manufactured by echo [lower case 
intentional] Corporation.  As a general comment on the state of the 
business, everybody's multi-channel card drivers are for Windows 95. 
Although the PCI bus interface is now shared with the Macintosh, 
apparently the software writers aren't.  Nobody has Mac support now, but 
they're all promising it by this Summer.  Read this again in six months 
and see if they don't have Windows NT drivers before they get around to 
supporting the Mac.  Sorry, guys. 
 
I haven't made it around to the exhibit halls with most of the recording 
equipment yet, so I haven't been bombarded by more great mic preamps, 
but I stumbled across a couple. Event had a nice transformerless, solid 
state preamp that they've optimized to work with their R0DE microphones. 
I didn't get a price, but I'd suspect it's in the $400 range, 
considering the intended application. 
 
Martech was claiming "most beautiful" as one of the characteristics of 
their MSS-10.  It's indeed a lovely piece, with a milled aluminum front 
panel and recessed VU meter, and a form factor about like the power 
supplies of classic condenser mics.  If you have to ask how much it 
costs, you can't afford it, but they're offering a 60 day money back 
guarantee - something that's really significant when dealing with 
equipment that you really need to live with for a while to learn whether 
or not it's worth to you what it costs.  If people don't take advantage 
of companies who make such offers (use it for your one big gig when you 
know you can't afford to keep it, then box it up and send it back), 
perhaps it will become a common method of in-studio evaluation of high 
end (and high priced) gear. 
 
Bellari's tube mic preamps have always been a pretty good sound for the 
buck, and they've entered the mic multiprocessing chain field with the 
RP-533.  For $700, you get a transformer input tube mic preamp, 
compressor, and exciter.  Combined processors that are common in a 
recording chain is becoming a popular item (compare this with some of 
the Joemeek range, a unit from Rane, and the Focusrite Green Voicebox, 
for instance), and the packages seem to be a pretty good choice, 
particularly for the studio without a traditional mixing console.  It's 
worth a listen.  There's also a new stereo tube compressor from Bellari, 
also $700, this one sounding less like an "effect" than their previous 
tube compressor design. 
 
Horizon is a major manufacturer of cables, so I was a bit surprised to 
be dragged bodily over to a mic stand by a rep at their booth and told to listen 
to their new mic preamp technology. Before I was told anything about 



what they were selling, the rep told me that Bill Gates had bought 24 of 
them (THE Bill Gates).  The conversation went something like this: 
 
Mike:  "So what does Bill Gates know about mic preamps, or even need 
them?  Is he a closet home studio guy?" 
 
Horizon:  "No, he has microphones all over his house to do things like 
turn on lights when someone comes into the room." 
 
Mike: "So why does he need a fancy preamp for this?" 
 
Horizon: "He wanted the best there was, and he chose ours" 
 
Mike:  (speechless, almost for the first time) 
 
Anyway, he went on to explain that Horizon wasn't actually making 
preamps, but they had developed a chip intended to be the front end of a 
mic preamp, claiming automatic and perfect input impedance matching, 
full isolation (from what he didn't say) without a transformer, flat 
frequency response from DC to 1 MHz, low noise, and available with a 24 
bit A/D converter built in.  The demonstration consisted of a pair of 
mics, one going into a Promix 01 mixer, the other going through their 
preamp chip, and a switch to select which one went to headphones.  To 
me, the difference was quite obvious, but it sounded like switching a 
high pass filter in and out.  I was going to write about this in the yet 
to come section of this report where I talk about curious, interesting, 
and crackpot products at the show, but since we might start seeing some 
products with this chip as a front end in the coming year, here's a 
heads up.  Look for it in preamps, A/D converters, and mic splitters if 
Horizon's marketing is successful. 
 
Event's 20/20 powered monitors have been pretty successful since their 
introduction last year.  New in this line is the Tria triamplified 
monitor system designed for the workstation (that means "smaller than 
studio").  As the "tri" implies, Tria consists of a pair of  smallish 
two way cabinets with a 5-1/4" woofer and 1" soft dome tweeter, and an 
8" downward firing subwoofer.  The subwoofer cabinet also houses power 
amplifiers and a trimmable active crossover.  The speakers are 
magnetically shielded so they can be placed close to a video monitor for 
video production and computer based workstation applications.  Price is 
$849.  I don't have a clue as to how it sounds but it comes from a good 
family. 
 
There's been a lot of discussion lately about the benefits of wiring a 
studio for isolated and balanced AC power, and Midi Motor (as well as a 
couple of others)  has been providing studio-sized power systems for 



several years.  This year they introduced the Hum Buster Jr. a $289 
package that provides three 60 watt circuits and one 300 watt circuit. 
This is about the right size for a PC-based workstation, or for powering 
an instrument amplifier that hums too much.  This technology is 
effective is almost any studio that hasn't been specially wired, and the 
Jr. seems to be about the right size for a bedroom studio. 
 
The Akai MPC series has long been the choice of producers of 
percussion sample based music.  Latest in the series is the MPC-2000, a 
100,000 event sequencer with 2 MB (expandable with SIMM's to 32 MB) of 
16 sample RAM and a 16-pad control surface.  A new graphical interface 
that looks a bit like that on Akai's other sampling workstations 
provides a fairly clear view into the sequence for editing purposes. 
The base unit (around $1500)  has stereo analog inputs and outputs, with 
digital I/O and 8 individual outputs avaialble as options.  Samples are 
loaded either from a built-in 3-1/2" floppy disk drive or external SCSI 
device.  In addition to its own dedicated sample library (provided with 
the unit) it will load other Akai sample formats (including previous MPC 
series), E-mu EIII, Roland S-760, and even WAV files. 
 
Alesis introduced several new products at the show.  The QSR is a rack 
mounted version of the popular Quadrasynth QS-8 64 voice synth for $900. 
New in the "Nano" series is the NanoSynth, based on the QS-6 engine, and 
incorporating a bank of QS sounds arranged with General MIDI mapping for 
easy working with standard multimedia applications.  NanoPiano is a 64 
voice piano module containing the QS-8's multisampled Bosendorfer grand 
piano sound as well as a few alternate pianos and complimentary pads. 
NanoBass is a collection of new bass sounds.  All of these Nano modules 
are 1/3 rack sized and are priced at $450 (synth), $400 (piano), and 
$300 (bass).  Controls are simple and straightforward. 
 
Finally, some new/old accessories from ADA.  They've reissued their 
phaser from 1979 and flanger from 1978.  Some players consider those 
units to be the finest of their breed, and now they're available again 
as the Final Phase and Final Flange.  Another "vintage" market shot in 
the foot.  Rocket, a devision of ADA, has reissued a couple of stomp 
boxes from Seamoon, a small manufacturer from Berkely in the early 
`70's.  Fresh Fuzz is a distortion pedal, and Funk Machine is a 
triggered wah designed for bass. 
 
A new product from Rocket is the Batt-Man-4, a 4 output 9 volt stomp box 
power supply. This one almost went into the "crackpot" section, but I 
know that there are crank guitarists out there who claim to be able to 
hear a difference in performance of their effects pedals between 
different brands of new batteries.  The Batt-Man provides two fixed 
outputs and two variable outputs which not only lower the voltage, but 



apparently also raise the source impedance of the power supply, simulating 
the characteristics of a partially discharged zinc-carbon battery.  I 
called it a "dead battery simulator," but I recognize that most of the 
classic stomp boxes didn't have any power regulation and would indeed 
increase distortion (we didn't call it "lose headroom" back then) if 
their power supply voltage dropped.  As a zinc-carbon (and to a certain 
extent an alkaline) battery ages, not only does the chemical reaction 
produce a lower voltage, but an insulating layer builds up on the 
conductive surfaces, increasing the source resistance of the battery. 
This makes the battery voltage at the terminals vary to a greater extent 
with current as they age.  Since an amplifier draws more current when it's 
producing a higher output, this results in a drop in supply voltage 
and provides a sort of gross compression which is sometimes desirable by 
guitarists. Interestingly, the Seamoon pedals reissued by Rocket claim 
to "react dramatically to battery emulators such as the Batt-Man".  I 
think I see a system brewing here. 
 
 
NAMM Show Report - Day 3  
 
Here's a trade secret.  When I write these reports, I don't actually 
remember all of this stuff, if fact, after about the second day, I don't 
even remember to eat unless someone buys me dinner.  That was a great 
gathering of on-line folks last night!  But I digress - I wander around 
the show talking to people at the interesting booths, and taking 
literature back to the hotel room to remind me of what I saw.  Rewind to 
Alesis for a couple of things that slipped beneath the surface 
yesterday. 
 
At the AES show in November, Alesis introduced the Studio 12R, a neat 12 
channel rack mount mixer with mic inputs on all channels.  This looked 
like a great item to go along with a portable ADAT recording system, or 
for a small PA.  This show, they introduced the Studio 32.  This one is 
a 16 channel 4-bus mixer with in-line tape monitoring, three band EQ 
with the middle band sweepable both in frequency and bandwidth, six aux 
sends, and mic inputs on all channels.  If it sounds good, it might be a 
good companion for a single ADAT system that grows a second ADAT before 
it's time to buy a new console.  List price is $1299, in the same 
ballpark as its obvious target, the Mackie CR1604-VLZ. 
 
Also from Alesis is the Wedge, a small, wedge shaped box containing the 
reverb part of a Quadraverb 2.  It's designed to be placed on top of 
your console so you can adjust reverb parameters without reaching over 
to a rack that's outside of the sweet spot.  That's a good idea, and in 
fact the Wedge is about the size of the remote control of some larger 
reverbs. The problem, though, is that it might not be so convenient to 



drag four cables (from its input and output 1/4" TRS jacks) around the 
studio or over the work surface of your console.  If you buy one, be 
sure to buy a 4 channel snake to go with it.  Too bad Alesis didn't 
build it with a multi-pin connector and pack a snake along with it. 
 
Percussionists will be happy to hear that the KAT is back.  For many 
years, KAT led the market with the KAT line of MIDI percussion 
controllers, but a couple of years ago the market dried up, and so did 
the company.  With today's emphasis on percussion based dance music and 
the popularity of their Orbit dance percussion module, E-mu Systems has 
acquired the KAT product line and returned their most popular products 
to the marketplace.  The drumKAT and DK10 are a pair of pad controllers 
with a pad layout sort of like Mickey Mouse's head and ears, providing 
10 pad surfaces.  The DK10 is the basic model with one note per pad, 
while the drumKAT allows stacking up to 8 notes on a pad for melodic 
playing or dynamic cymbal or drum sounds.  The two share the same 
control surface and the DK10 can be upgraded to a drumKAT with a 
software change.  Also in the line are the trapKAT, a 24 pad playing 
surface that's large enough to mimic a real drum kit, and the malletKAT, 
with a xylophone-like layout. 
 
For the power hungry, Crown's new K2 Balanced Current Amplifier is a 
model of efficiency.  The power amplifier will pump 1,250 watts per 
channel into a 2 ohm load. That's not such a big deal except it weighs 
only 38 pounds and it delivers all of that power with completely passive 
cooling - no fans, no visible heat sink.  It's just so efficient that 
all the energy that comes in the 15 amp power cord goes out to the 
speakers.  It comes in an array of both tasteful and putrid colors with 
silly names, and, like a telephone, you can get it in black, but you 
have to ask for it. 
 
I've long been a fan of Manley Laboratories both for the excellent sound 
of their products and for David Manley's commitment to excellence in 
every phase of the design and construction.  I've kind of had my fill of 
tweak preamps and combos recently, but when Manley comes out with one, 
it's worth a listen.  New this year is an all tube mic preamp and 
equalizer combination, the EQ-500, which features differential circuitry 
and transformer balancing throughout, and includes a passive equalizer 
similar to the classic Langevin design. 
 
Focusrite introduced two more units in their lower cost Green line.  The 
Dual Compressor and Limiter is a pair of highly adjustable compressors 
with an independent limiting function.  Compression onset can be 
switched between hard and soft knee action, attack and release times are 
adjustable over a wide range, and a program-dependent auto release time 
is also provided.  High and low pass filters can be switched into the 



compressor side chain to allow selective compression of frequency bands 
rather than full range compression, with potential applications as a 
de-esser or to heavily compress the bottom end of a mix without removing 
dynamics from the mid range where melodies are usually defined.  The 
limiter has a very fast attack (fixed) and release time adjustable from 
20 msec to 1 second.  There's a "look ahead" button which actually 
delays the signal through the limiter slightly to allow the VCA sensing 
circuitry to preview the limiting required. 
 
The Green Channel Strip is sort of a follow-on to the Voicebox and for 
my money (which they don't have yet) is the right unit for the project 
studio.  It consists of a mic preamp, a comprehensive parametric 
equalizer, and  compressor/expander/gate with more control than that 
provided on the Voicebox.  While the Channel Strip doesn't have a 
separate control for de-essing, the high and low pass filters of the 
equalizer section can be switched to the compressor/expander side chain 
to provide this function.  Line and instrument level inputs are provided 
so you can get a clean signal to tape out of the preamp, then do surgery 
on the recorded track during mixdown. 
 
The Korg SoundLink 168RC digital recording console that's been showing 
in various prototype stages for a coupe of years is finally shipping. 
This console looks like a good match for a pair of ADATs in a small 
production environment, and at $2,750 for a 16x8x2 console with 16 
channels of ADAT optical I/O, a pair of analog mic inputs and a few line 
inputs,  scene automation, and built-in effects processing, it might be 
the steal of the month.  Like many digital consoles, there are far fewer 
controls than there are functions, so work may move along slower than on 
a traditional console, but the 168RC is pretty well laid out and I was 
able to walk up to one and figure out how to mix 16 ADAT tracks in just 
a few minutes and no coaching.  Combine it with one of the many ADAT I/O 
cards for a computer that we've seen this weekend, and maybe a digital 
patchbay to handle those connections, and you have a full blown 
workstation with sample editing capability, backup and storage on ADAT 
tape, and a friendly hardware control surface.  I could get enthusiastic 
about this if I learned more about it. 
 
On the 4-track MiniDisk front, the Yamaha is doing well, the Sony just 
started shipping last week, and TASCAM's is still a couple of months 
away.  HHB has started packaging the data format MiniDisk media as a 
studio product, so that will improve the media availability. 
 
I've been looking around at the past couple of shows to see if anyone is 
making a time code interface for the TASCAM DA-38 (the one that's less 
expensive than a DA-88).  The Mark of the Unicorn Digital Timepiece is 
supposed to do this (SMPTE in, TASCAM sync out) but that's been promised 



for nearly two years now, and I figured it had been abandoned when they 
came out with the MIDI Timepiece AV last year.  MOTU has assured me that 
this time the DTP is really going to be out in two more months.  When I 
asked my usual source at TASCAM if they've had one to test yet, or had 
given MOTU a DA-xx to test the DTP with, the answer was along the lines 
of  "I've heard some talk, but I can't comment on anything now" - same 
answer to the question of whether they've heard from anyone else 
interested in building an interface or if TASCAM was building one 
themselves.  I guess this means either that an answer that TASCAM 
doesn't want to hear (that someone has provided the function that will 
allow their customers to buy the cheaper recorder) is right around the 
corner, or that DA-38 users can abandon all hope of having their 
machines chase lock to time code without buying a DA-88. 
 
Over on the MI side, DigiTech has a new model in the Vocalist series, 
the Vocalist Performer.  This is a palmtop sized harmony processor with 
reverb.  It's designed to be used in real time and, while not as deeply 
programmable as other Vocalist units, it's easy to use from the front 
panel, and, in fact, no MIDI control is provided.  This isn't intended 
to be a full blown studio tool (they have others for that) but would be 
great for a small performing group that wanted to add vocal harmonies or 
double vocals on stage, and for putting down quickie demos. 
 
Also at the DigiTech booth was a new combo instrument amplifier from 
Johnson, which features DSP-emulated voicing characteristics of several 
popular amplifiers of both tube and solid state design (the Johnson is 
all solid state).  It utilizes the DigiTech S-DISC DSP technology and 
includes an S-DISK effects processor.  Sounds good, too.  This is the 
second amplifier I've seen that uses DSP, the other (still alive and 
healthy) being the Line 6. 
 
At the Roland booth, the most interesting new technology was V-Drums. 
Along the same line as the VG-8 Virtual Guitar processor introduced a 
couple of years ago, V-Drums uses drum triggers as the basic input 
source, and provides drummer-friendly modeling parameters to simulate 
such characteristics as the size and material of the drum shells, the 
type of head, snare tension, mic type and position, even the amount of 
duct tape you put on the head to reduce ringing.  It's not cheap, but 
it's cheaper than owning a closet full of snares and cymbals. 
 
The VS-880 integrated 8-track digital recorder and mixer has an 
extensive software upgrade with many new useful features.  New mixing 
options now allow dynamic real time automated mixing, and dynamic, 
smooth changes between scenes rather than rapid cuts.  If your VS-880 is 
equipped with the effects processor option, you can now insert an effect 
into the master output such as overall compression of the mix. 



 
Ten new effect algorithms have been added including a vocoder, hum 
canceler, voice remover (what's so hard about turning off the vocal 
track?? - oh, I guess this is if you want to use a commercial recording 
as your band and replace that high priced artist with your own voice), 
and an interesting microphone simulator.  Roland studied the finite 
impulse response of several famous microphones and derived DSP 
algorithms that process an inexpensive mic to emulate the 
characteristics of the high priced spread.  It's not perfect of course 
(Neumann isn't going to close up shop next week), and it doesn't know 
about off- axis performance (yet), but it's an interesting concept.  At 
this point, they have models to go along with a cheap mic that Roland 
sells and the popular Shure SM-58. 
 
I wish I could have heard what it really does but the live 
demonstrations and constant running videos in between left no quiet time 
where I could put on a set of headphones and listen to something other 
than pounding bass and drums.  Too bad the folks who design the booths 
don't seem to realize that there are things being shown that people 
might like to listen to in addition to being entertained. 
 
The upgrade is available on a ZIP disk to current VS-880 users for $125. 
New VS-880's will incorporate the upgrade features and will be shipped 
with a 1 GB hard drive, but the list price is going up by $100.  And 
speaking of VS-880's and disks, Roland has finally concluded that the 
Jaz drive and the VS-880 just isn't a good combination.  Though I 
wouldn't say they've entirely given up on it, getting an internal Jaz 
version out is no longer a priority, and Roland is telling us not to use 
an external one on the SCSI port either.  They recommend using a Zip 
drive, which means backing up about a song a disk. 
 
On the instrument side, Roland showed a new "analog modeling" synth, the 
JP-8000 with lots of real time knobs and sliders, an arpeggiator and 
phrase sequencer.  Control movements can be recorded in the sequencer 
and stored as loops up to 8 measures long so you can play with both 
hands while another set of hands is moving the controls.  The VK-7 uses 
Roland's COSM modeling technology to simulate rotary speakers and a 
virtual tone wheel model to simulate a classic Hammond organ.  The 
JV-2080, which has been selling in Japan for several months, has finally 
been introduced in the US.  This is a 64 voice synth based on the 1080 
(and shares its expansion cards), with expanded effects processing and a 
more comprehensive user interface.  The GR-30 is the latest in Roland's 
line of guitar synthesizers with even yet faster tracking, an 
arpeggiator, more sounds, a three part harmonizer, and plenty of 
effects. 
 



Seer Systems, who last year was showing a Pentium based General MIDI 
software synth has expanded their horizons beyond the casual sound card 
player with Reality, a high powered synthesizer that runs on a PC. 
Reality incorporates waveguide physical modeling, PCM, FM, and analog 
synthesis to give an indefinitely upgradeable synth and the ability to 
synthesize anything you can imagine.  More RAM, more power. 
 
Easing over to software from hardware, Optifile was showing a working 
version of their DRAX automation system for the Soundcraft Ghost 
console.  $3,000 gets you 24 or 32 channels (depending on which rep you 
ask) of PC based dynamic automation of faders and mutes.  DRAX installs 
on the Ghost and uses the console's faders and mute switches as the 
basic control surface, so you don't need to drag faders with a mouse or 
use a separate hardware controller like the one provided with the Mackie 
UltraMix.  It looks like a pretty good system, but their concept of 
fader nulling is a little different from the conventional. This of 
course could change based on user feedback. 
 
Metalithic Systems' Digital Wings for Audio, which has been "almost 
ready" for a year now, has received one more update and again will be 
shipping in a couple of weeks.  This version is supposed to be stable 
enough to actually work, a shortcoming of the version that was almost 
released in December. 
 
Although there haven't been enough changes in SAW to warrant a booth of 
their own at the show this year, all of our friends from Innovative 
Quality Software were at the Passport booth demonstrating Passport Pro 
Audio, which is an integrated and shrink-wrapped package of one of 
Passport's MIDI sequencers and a light version of SAW for $295.  IQS 
made some marketing changes in the past year that they seem to be 
backing off from. After a cry of UNFAIR! from their faithful users after 
announcing they were going to start charging for upgrades they backed 
off on that and upgrades (though not new add-ons) are again free.  They 
also dropped distribution through dealers and began selling direct last 
year.  This, too, is changing.  They'll be controlling dealers 
themselves rather than selling through distributors as they were before, 
but will be qualifying their dealers to assure that anyone who buys from 
a dealer will get good product support.  The version of SAW that's a 
part of Passport Pro Audio, however, will be a standard music store 
product, but they're sufficiently confident in it's stability and the 
installation procedure that music store customers won't need the support 
that the higher end products sometimes require, nor are those users 
likely to want to jump on to the latest upgrade as the traditional SAW 
users are wont to do.  I think this is smart marketing and a good 
compromise in support that will allow IQS to continue to provide the 
excellent support to their high end users while making enough money on 



the entry level users to help pay for it.  An upgrade path for the 
Passport users is available when they want to make the jump. 
 
Pyramix, a powerful digital audio workstation system from Merging 
Technologies has been showing for a while, and it's now (does this sound 
familiar) about ready to start shipping. They've developed an alliance 
with Panasonic in the US for distribution and support, so it won't be as 
obscure as it has been.  This is a pretty high priced system ($7K+) but 
it's capable of maintaining 24 bit accuracy throughout, provides 
multitrack recording and editing, and CD mastering functions.  They're 
getting some hard looks from some serious mastering engineers. 
 
Cakewalk previewed Cakewalk Pro Audio version 6.0, which adds several 
DSP effects, a build-it-yourself control surface with templates provided 
for common studio equipment, percussion notation, pattern-based 
sequencing support, and hooks for Microsoft Active Movie plug-ins from 
third party developers. 
 
Cool Edit is one of the most popular audio editing programs, largely due 
to its successful shareware distribution.  They've announced a 
multitrack version, Cool Edit Pro, which will be commercial, rather than 
shareware product with a list price of $395.  The shareware product will 
continue to be available and will be supported, but this is an 
alternative for those who like the program but want more power. 
 
 
 
NAMM Show - Day 4 
 
I've sort of been ignoring software, well, because there really isn't a 
lot new other than upgrades, and unless you use `em, they don't mean 
very much.  One thing that's pretty hot at the show is an almost 
universal acceptance of the Microsoft ActiveMovie specification and 
toolkit among the audio software developers and the plug-in audio tool 
developers. Sound Forge and Cakewalk both announced support for 
ActiveMovie plug-ins in upcoming versions.  Waves, perhaps the major 
source of TDM plug-ins, has also announced their support for the 
ActiveMovie API.  Although I wish the audio community was strong enough 
to set standards of their own rather than tagging along as the tail of 
the video industry, but from what I picked up at the show from the 
programming folks, ActiveMovie seems, but some quirk of fate, to be very 
well suited to audio recording and processing applications. 
 
The first ActiveMovie Waves plug-ins will be included in their Native 
Power Pack bundle. The Power Pack includes the Q10 parametric equalizer, 
L1 Ultramaximizer limiter, S1 stereo image enhancer, C1 compressor/gate, 



TrueVerb reverb, and the WaveConvert audio file format conversion batch 
processor.  These are all non-DSP plug-ins.  $600 for the Native Power 
Pack is a good deal for those who need these processing features. 
There are some new bundles for TDM DSP farm and AudioMedia NuBus 
systems, too.  I'd tell you more about them but it's `way over my head 
and all I could do is quote the poop sheet.  If you have that stuff, and 
need all this stuff, you might be pleasantly surprised at how much you 
can now save by buying it all in one chunk. 
 
There are a couple of interesting new plug-ins from Waves.  The 
Renaissance DSP plug- ins attempt to recreate the sound qualities and 
simple operation of some of the classic signal processing hardware.  The 
Renaissance Compressor, first in the series, is a five-knob compressor 
(threshold, ratio, attack, release, and gain makeup) plus a "mode" 
switch which appears to be a fancy name for presets.  There's even an 
"analog warmth" button.  Now with that, how can you go wrong?  The PAZ 
Psychoacoustic Analyzer isn't really a processor, but a display system 
that includes a real time spectrum analyzer, stereo position display, 
and loudness meter.  The stereo display shows left/right distribution of 
energy (level integrated over time), as well as indicating the presence 
of significant out-of-phase information that might make for poor mono 
compatibility.  The loudness meter displays both peak levels and a 
weighted loudness indication.  This should be useful for mastering 
applications. 
 
DUY is a new plug-in developer from Spain, here at the show for the 
first time and gathering quite a bit of interest from some of the audio 
software manufacturers.  They were showing five interesting plug-ins - 
well, four interesting ones and one I simply couldn't understand.  DaD 
Valve is a simulator of the classic tube sound (whatever that is) and 
offering controls like plate and bias voltage so you can model the 
"tube's" operating point on it's characteristic curves.  For those who 
have never designed any tube equipment, they've made up thirty-some 
presets suggested for common instruments.  Declicker is pretty obvious. 
DUY Wide is a stereo space expander with most likely applications being 
music for multimedia and virtual reality production.  Max DUY is a level 
maximizing program.  DUY Shape is "a new revolutionary approach to sound 
enhancing based on the exclusive FDWS algorithm.  It features a 
three-band smooth filter with full audio range continuous crossover 
points and three independent user defined Shapers with virtually 
infinite resolution and accuracy."  I dunno.  A multiband compressor, 
maybe? 
 
For the music copyist who has everything, Sibelius Software has 
introduced the Sibelius 7 music processing expert system.  It doesn't 
run on a PC.  It doesn't run on a Mac.  It runs on an Acorn, a British 



RISC computer.  But it runs mighty fast and the graphics look mighty 
pretty.  This is clearly a major investment and something to be taken 
seriously by a very few people.  Interesting to see them here though. 
 
The one new software product I saw that was particularly interesting was 
Song Construction Kit from The Sound Factory.  The package contains two 
CD's of WAV files arranged as building blocks - sort of an audio 
equivalent of Twiddly Bits MIDI files.  There are eight pop music 
categories, and you string them together to create songs.  The files are 
trimmed so that smooth editing is automatic.  It's bundled with Sound 
Forge XP as the editor.  The examples I heard were quite musical and the 
audio quality was good.  This isn't a tool for creating your magnum 
opus, but it seems like it would be good for creating quickie original 
music backing tracks for voiceovers or background music for industrial 
video production.  The music is license-free so it's OK to use in a 
commercial application. 
 
Now we return to the safety of hardware for a look at what Yamaha has to 
offer.  The AN1x is an analog synthesizer based on physical modeling. 
The concept of building a digital model of an already-modeled synth 
seems a little incongruous to me but it seems to work.  With 10 notes of 
polyphony and 2 voices of multi-timbral capacity this isn't a "band in a 
box" synth by any means, but one designed for performance.  You get a 
little help from a built in arpeggiator and a four track sort of 
sequencer records control changes and plays them back along with your 
real time keyboard playing.  It's quite fun to listen to and noodle 
around on, even for a non-keyboardist like me. 
 
For the first time in many years, Yamaha has a true sampler, and the 
A3000 looks like a reasonable design.  Although I suppose you could use 
it for anything, it's targeted for the dance/techno/DJ styles with 
features such as real time time stretching and intentionally trashy 
sounding effects.  Internal RAM is delivered as 2 MB (they must have had 
some 1MB SIMs left over from something) and is  expandable to 128 MB 
with standard 72 pin SIMs, there's a 1.4 MB floppy drive on the front 
panel and an optional SCSI port on the back.  With the SCSI option, you 
can install an internal hard drive, too.  An expansion board augments 
the stereo analog inputs and outputs with coax and optical digital I/O 
and six assignable analog outputs.  The SCSI interface might go along 
with this board.  I didn't catch that when I was looking at the unit. 
And if that's not enough, it will play and record standard MIDI files. 
 
A couple of new units have been added to the XG line of modules.  The 
MU90R is a single space rack mount module with 64 note, 32 part 
multi-timbral capacity, 779 instrument voices, and a multi-effects 
processor built in.  And the MU100R (not quite really out yet) has even 



more voices and more performance storage RAM.  Noted, but not heard, was 
the P50-m piano tone module.  If you like Yamaha's electronic piano 
sounds and you need a piano module, it's worth a look. 
 
Although Yamaha's physical modeling technology is popping up in several 
of their products, they seem to have run out of steam on the VL-1, their 
first physical modeling commercial product.  I guess that proved that it 
could be done, and once they made back their investment, the technology 
becomes a commodity and the pilot product becomes an orphan.   Yamaha's 
electronics section in their room seemed kind of sparse this year.  A 
few of the regulars weren't around, at least when I was there, and the 
emphasis seemed to be more on guitars, band instruments, pianos, and a 
jet ski that they were giving away. 
 
Now for the fun part - my picks for the little stuff, some of which is 
really cool and some of which seems really dumb. 
 
Alcatel introduced a line of solderless XLR-style connectors with a very 
nice strain relief design that's a breeze to assemble.  Just strip back 
the jacket, slip the wire into the strain relief, fold back the 
conductors (you don't have to strip them, and screw the pieces together. 
That's handy for field repairs, but in a production situation, like 
wiring up a studio, you'd probably want to use their assembly tool, 
which just rams the pieces together without stripping the plastic 
threaded back shell.  This would just go into the "info" file without a 
mention here except for the packaging.  The boy connectors have 
blue strain relief inserts while the girl connectors have pink 
inserts (which are otherwise identical). 
 
The Solder Buddy is probably too expensive in its present form, but it's 
a really good idea for anyone who has to solder connectors to cables. 
It's an aluminum block with holes drilled for all the common size audio 
connectors.  Drop the connector into the hole and it's held securely so 
you don't need a third hand.  It works because it's hefty - 3/4 of a 
pound, but at $40, I'll stick with the small vise that I have on the 
bench.  It might just be a godsend if you have to repair a cable in the 
field though since it will fit in a toolbox easily. 
 
Have you ever wanted to shop for a new guitar pickup and wondered what 
it sounded like? A dealer isn't likely to bugger up a stock guitar just 
to demo a pickup, so the Dodge Guitar Company came up with a clever 
idea.  Their solid body modular guitar has the section where the pickups 
and controls normally go routed out, and wooden modules with pickups and 
controls installed can be dropped into the routed hole and secured with 
snap fasteners. Although the pickups don't get the benefit of a really 
solid mounting on the top, the modules appear to be solid enough to give 



a reasonably good representation of their sound on a very playable 
guitar.  They were at the show to sell the system to dealers, but a 
session guitarist could use it too - carry the body into the studio, and 
just pop in the pickups that give the sound that the producer wants. 
The Dodge system is pretty expensive - the basic package lists at $3149 
for a body and three pickup modules with Lawrence pickups, one Strat 
configuration, one Tele configuration, and one with dual humbuckers. 
Modules equipped with pickups from the popular manufacturers run 
$530-$670, and they'll make up any custom installation you want.  Not a 
practical guitar for the gigging player, but a neat idea. 
 
At last Summer's NAMM show, Gore Technology (you might have one of their 
GorTex jackets) showed some experimental guitar strings that were wound 
with a Teflon thread to fill up the grooves between the brass windings. 
The intent was to give a smoother playing, less squeaky string winding, 
reduce fret wear, and reduced corrosion.  They sounded like dead strings 
right out of the package.  They were back at this show with a new 
version and these sounded pretty good.  Gore wasn't freely passing out 
samples of the strings, but they were passing out samples of Teflon 
coated dental floss, which they also manufacture. 
 
A kind of good idea that was half baked is the Amprotector.  Imagine a 
piece of plastic the dimensions of the top surface of your guitar 
amplifier, with a slot routed out of the middle to make room for the 
handle.  The idea is to turn the top of your amp case into a flat 
surface that you can put things on, like a signal processing rack.  Most 
people do this with a couple of 1x2's screwed to the bottom of their 
rack or a couple of bricks on top of the amplifier.  I guess it's an 
idea for which we already have a reasonable solution.  I suggested to 
the maker that he build a rack case with a slot in the bottom to clear 
the handle on the top of the amplifier and then he'd have something. 
Take this idea and run with it and maybe you'll make a fortune. 
 
The Original Tuff Touch Callus Builder is a block of plastic about six 
inches long, molded like frets and strings of a guitar fingerboard.  The 
idea is that when you're watching TV or talking on the phone you can 
press your fingers against it and build up calluses.  Wouldn't you 
rather play your guitar? 
 
And the WINNER, as much for the name as the product, is Bubba Soft 
Strings, guitar and bass strings that are coated with industrial 
strength plastic (same reasons as the Gore Teflon wound strings), but 
they're available in assorted colors including some glow-in-the-dark 
coatings.  These really do sound dead.  At $45 for guitar and $60 for 
bass strings, you'd better make this your "show" axe, not your playing 
one. 



 
That's the wrap for 1997.   


