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Day  1  
 
Today had all the makings of a bad start.  Had a cold all week, been at 
a seminar in San Antonio for the day job all week, left at 5:30 AM to 
get to Los Angeles in time to harass our contractor there before heading over 
to the show in the pouring rain.  By noon the sun was shining on the LA 
Convention Center, a new venue for the National Association of Music 
Merchants Winter Market after umpteen years at the Anaheim Convention 
Center. Anaheim is a town built around Disneyland with dozens and dozens 
of cheap to luxury hotels and restaurants within walking distance of the 
center on safe streets.  Just about everyone attending the convention 
stays nearby and the streets are filled with friendly folks day and 
night.   Downtown LA, regardless of the glowing publicity from NAMM, is 
vastly different.  Dumpy hotels, expensive hotels, dumpy, expensive 
hotels, streets that change character when the sun goes down, attendees 
head (into rush hour traffic) for the hills (Beverly, that is) to 
Pasadena, Santa Monica, and parts unknown when the show closes.  A bit 
strange. 
 
Trade show exhibitors who come back year after year tend to have their booth 
in the roughly the same area once they've found a space they like, so 
after a few years I got to know where to find exhibitors I wanted to see.  With 
the new venue, they had an opportunity to reorganize some of the 
exhibitors and bring vendors of similar products a bit closer together than  
in the past.   I usually like to start the show out in the hall where 
they put all the newcomers - you see some crackpots there, but also some 
innovators - few smash hits, but some solid new companies that become 
regulars.  Not knowing where that hall was located this year,  I just 
hapened to come in to the building at the end where most of the software 
and audio vendors were, so that's where today's report will start. 
 
 
Computer Audio Stuff 
 
Rumors have been buzzing for a while about a new PCI interface card 
from Yamaha that was the equivalent of an 02R console .  I didn't run 
across Yamaha's both yet to see how they present it,  but SEK'D was 
distributing a software package for it already.  C-Console presently 
comes in the Yamaha DSP Factory version which provides an on-screen 



interface looking very much like a mixing console with 24 input 
channels, 8 subgroups, 6 aux sends, 4 band EQ, and input gain 
trims.  In addition, there are screens with a patchbay, meter bridge, an 
effects rack, and recording controls.   For more recording and editing 
power, there's a tailored version to work with Samplitude Studio, though 
SEK'D states that C-Console works with every leading PC recording 
program.  Their dream is to provide a common user interface for whatever 
software has the tools to best do what you need, so you don't need to 
learn the names of similar features on multiple software packages. 
I'll need to pick up some more details on the Yamaha card to see what it 
really gives you in terms of gozintas and gozoutas, but the C-Console 
software itself sells for $200. 
 
There are a couple of new high ticket versions of Samplitude. 
Samplitude V8  ($1,000) runs on Digital Audio Labs' V8 
DSP-based interface hardware, providing real time multi-channel recording 
and support for Waves plug-ins.  Samplitude 24/96 is, as you might 
suspect from its name, carries all the features of Samplitude Studio 
over to 24 bit, 96 kHz recording, with DirectX and CD writing support. 
Pricey at $1500, but this is still pretty exotic technology, and given 
the proliferation of 24/96 interfaces that we saw at the AES show, 
prices should be dropping sooner than we think. 
 
SEK'D showed a few new interfaces.  The PRODIF 32 is a PCI stereo 
digital I/O interface with optical and coax digital audio inputs and 
outputs at up to 24 bit 48 kHz sampling rate. The PRODIF Gold is similar 
but the optical I/O can be switched to the 8-channel ADAT interface format 
through a software control panel.  The PRODIF 96 is "96 kHz 
Ready", meaning that they don't have the appropriate chip available yet 
for sampling rate inputs about 48 kHz, but it will output digital up to 
24 bits, 96 kHz assuming you can get it into the computer.  An upgrade 
is "possible".    It presently includes a 96 kHz 20 bit analog output in 
addition to the digital output. [OK, its 15 years later and I can’t figure out what I 
meant by this] This is clearly an "almost ready" product. The 32 is $600, the Gold 
$700, and the 96 $800. 
 
Over at the Digital Audio Labs booth, the V8 system is now talking to 
the TASCAM DA-88 through a new interface card.  This offers complete 
control and synchronization so that DAW software running on a computer 
equipped with the V8 appears to the DA-88 to be another recorder. A V8 ADAT 
control card, providing similar communication with the Alesis ADAT has been 
around for a while.  The MxTrax multitrack recording software 
designed for the V8 is now talking to the Mackie HUI hardware control 
surface, providing real, live touch sensitive moving fader automation. 
A new 5.1 surround panning software add-on, Mx51 assigns the V8's output 
busses to the four corners, front-center, and subwoofer and provides 



graphic automatable panning anywhere within the sound field. Surround 
panning can be controlled by the mouse (boring!) or with a Microsoft 
motorized joystick (cool!) which pushes back at you as you move off 
center.  New plug-ins for V8 this season include Q-Sound 3D Audio, 
Antares AutoTune pitch correction, and LR Sound's toolkit of compressors, 
EQ's reverbs, and delay-based effects. 
 
The Sonorus STUDI/O dual ADAT-format PCI audio I/O card introduced at 
last year's show has been shipping for most of the year, but has 
undergone some improvements.  A new internal clocking circuit now allows 
it to sync audio properly from a noisy clock source such as the Alesis 
BRC, and it now works with the Korg 168RC digital mixer.  Apparently 
that mixer has a separate clock for each of it's two ADAT-format 
interface connector pairs and they aren't internally synchronized, which 
created a problem with the original version of the STUDI/O.  The Sync 
Backplate accessory introduced at the AES show that provides ADAT sync 
has now been expanded to include MIDI time code in, plus word clock in 
and out.  The driver has been updated to provide timing for frame 
accurate auto punch-in/out when using a sequencer program that syncs to 
MTC such as Cakewalk Pro Audio.  New Windows NT and ASIO drivers  
optimize its performance when used with Cubase VST.  Good news for 
those who wanted to buy a STUDI/O from your local dealer (who didn't 
sell it) is that they've now lined up a distributor to sell to retailers 
in North America. This shold make the card more widely available and 
create a more favorable "street price" the the former 
direct-from-the-company retail price. 
 
The STUDI/O card made another appearance as part of the Creamware 
TDAT-16 system, which consists of the Triple DAT software and Sonorus 
card.  The Triple DAT version 2.5 update provides full routing and a 
monitor mix section.  To compliment the card, Creamware offers the A16 
16 channel A/D and D/A converter with the dual ADAT format optical 
interface. 
 
Midiman has long supported the field by filling holes left by major 
players with neat little interface gadgets which are, in themselves, solid products 
at very reasonable prices.  Last show brought us the Flying Cow, a 
stand-alone 20 bit A/D and D/A converter for $400.  For the digitial I/O 
sound card crowd that doesn't need conversion in both directions, there 
are a pair of Flying Calves, each offering S/PDIF coax on the digital 
side and unbalanced analog 1/4" jacks on the analog side, 20 bits, with 
sampling rates up to 50 kHz.  They're roughly Walkman size (the A/D is 
slightly larger and includes a pair of level meters) and have the  
Midiman-typical really solid feeling.  The A/D is $200, the D/A is $150. 
For the sound card user who has stepped up from a mic worthy of only a 
mini phone plug, there's the Audio Buddy, a PC-top-sized dual mic preamp 



with XLR inputs with Phantom power, individual gain controls, up to 60 dB of gain 
with clipping indicators, 1/4" balanced or unbalanced outputs, and 100K 
ohm 1/4" jacks suitable for instrument direct input.  Signal-to-noise 
ratio is specified as "Ultra quiet" (hard to beat that, huh?), and price 
is $120. 
 
A couple of new Midiman products announced honestly as vaporware area 
S.A.M. and Pipeline 8x8.  S.A.M is an ADAT-to-S/PDIF converter that converts 
selected pairs of ADAT channel inputs to the single coax S/PDIF output, 
or converts the S/PDIF input to all ADAT outputs split left to odd channels and 
right to even channels.  There's an interesting twist - a digtal mixer 
with pan and level allows you to do a rough mix of the ADAT inputs to the 
S/PDIF output.  This could be handy when taking your ADAT out to the 
field without a mixing console and want to bring home a DAT stereo mix as well 
as the ADAT tape. Pipeline is an 8 channel 24 bit A/D and D/A converter with 
ADAT optical and analog I/O balanced or unbalanced, +4 or -10 level on 1/4" 
jacks. Word clock in and out, and MIDI in and out (for SysEx control of all 
settings) complete the I/O connections.  Digital output is 24 bits or 16 bits or 20 
bits converted from 24 with noise shaped dither.  There's a bit-splitting 
output mode which allows 24 bit recording on a pair of ADAT tracks.  One 
of these days all the companies doing this are going to have to 
standardize on a format so high-resolution ADAT tapes will be 
transportable between studios without carrying the converter along with 
them. 
 
How much would you pay to get that singer to stay on pitch?  How about 
$1200?  Last year, Antares introduced their AutoTune ProTools plug in, a 
smart pitch corrector. They've now put its functionality in a stand-alone 
rack mount box for real-time studio use. While it doesn't have all the 
micro-tonal scales that the software version offers, it can be set to 
major, minor, or chromatic scales in any key, or you can define special 
scales with notes "left out".  Put in a note and what comes out is what 
it thinks is the correct pitch. Tracking controls allow it to not 
correct slides and swoops and the singer's natural vibrato. You can also 
use it to add vibrato. 
 
With Alesis' introduction of the 20 bit industrial strength ADAT M-20 
last year, a 20 bit project studio version was inevitable, and this year 
it's here.  The XT20 and LX20 use the same transport as the (now being 
phased out) ADAT-XT, with selectable 16 or 20 bit recording.  The LX20 
is a basic 8-track recorder with RCA unbalanced -10 dBv analog input and 
output as well as ADAT optical I/O.  The XT20 shares the RCA jacks, but 
adds balanced +4 analog I/O on the ADAT standard 56 pin Elco connector. 
Track copying features allow some basic editing capability on a single 
machine or between other XT20's in a system.  The XT20 is shipping now 
at $3,000, with the LX20 coming shortly at $2300.  The M-20 is still in 



the shop waiting for the software to be completed.  Alesis also 
announced their own ADAT-format (what else?) PCI interface card which 
includes ADAT sync, making your computer look like another ADAT in a 
system, and allowing convenient transfer of tracks between an ADAT and 
computer.  It will be supplied with a yet undecided workable software 
package (Cubasis is apparently a contender) for $500. 
 
 
NAMM Show Day 2  
 
Here we are, a day later, the sun shining, and I’m still tired.  The 
opportunitists are in force outside the Convention Center.  The lot 
where I parked my car charged $5 for the day when I went in, but when I 
left, the sign was covered over with one asking $10.  Hope it won't be 
$20 tomorrow. 
 
Over in the Yamaha room, one of the show's hot buzz items, the DS2416 
DSP Factory card, was competing for attention with a fusion band which must 
have escaped the NAMM noise police only because Yamaha had a whole room 
of their own.  So much for a review of the band; here's the lowdown on 
the card.  It's casually described as "nearly an 02R (the largest of 
Yamaha's digital production mixer line) on a card".  It's an audio interface, as 
well.  The DS2416 contains five of the same DSP chips that are used 
in the 02R (the 02R has six) allowing them to build a virtual 24 
channel, 8 bus output (10 counting the main L/R stereo output) console with a  
32-bit internal data path.  There are six aux buses of which two, like on 
the 02R, are normalled to the two REV-500-equivalent built-in effects 
processors.  The other aux buses can be assigned to outputs for 
monitoring or external effects sends. 4-band parametric EQ is available 
on all channels, as is dynamics processing (compressor/limiter/gate). 
Since the EQ, effects, and dynamics processing is all performed by the 
on-board DSP, it's all available all the time, unlike plug-ins which 
depend on the host CPU for processing horsepower. 
 
The PCI bus card has RCA jacks for stereo analog in and out as well as 
an S/PDIF coaxial pair.  One or two AX44 Audio Expansion Units can be 
added, each of which provides four additional analog ins and outs (1/4" 
jacks) plus a stereo headphone jack, maxing out a single board at 10 
analog and 2 digital inputs and outputs. If that's not enough, there's a 
digital connector for internally cascading more DS2416's.  All analog 
I/O's have 20 bit converters and operate at -10 dBv level. The expansion 
boxes are sized to fit a 5-1/4" drive bay in a PC tower case, putting 
their jacks at the front of the computer.   Personally, I think that 
would be pretty inconvenient for a studio (to borrow from a TASCAM ad 
"jacks belong in the back") but if your mode of operation is such that 
you do a lot of patching to the console's ins and outs, you might find 



it handy. 
 
Of course for this to be anything more than "just another sound card", 
you need to use it with software that's capable of hooking into all of 
its features.  Cakewalk 7 will support it as well as the SEK'D software 
mentioned earlier.  Steinberg is also working with Yamaha to add support 
in Cubase.  This one is going to be hard to beat for $1,000. 
 
Fostex showed a couple of handy gadgets for the growing digital studio. 
The DP-8 digital patchbay isn't fancy but it can give you a good start 
on cleaning up the coax and fiber optic nest growing behind the table. 
8 rotary switches select the source for each of the outputs. It's 
equipped for two coax and 6 optical I/O's with one optical pair located 
on the front panel.  It's $350.  And for when you have the wrong kind of 
connector, there's the COP-1 S/PDIF coax-to-optical converter for $95. 
 
Hard disk based recording workstations are getting more attractive all 
the time, but the multitrack MiniDisk, a hot item just a year and a half ago, seems 
to have become ho-hum today.  Yamaha has pushed the Minidisk  
envelope again with the MD8, almost an exact copy of their MD4 (they 
were the first one jumping into this pool), offering 8 tracks on a MiniDisk for 
$1400. Recording time is of course cut in half, but, unfortunately, the 
price of the data MiniDisks hasn't dropped that fast in the short time that 
these recorders have been on the market. 
 
Sony's MDM-X4 4-track MiniDisk based recorder/mixer is now Mark II with 
ATRAC 4.5 data compression for improved sound quality.  It can now slave to 
MIDI time code so you can chain two machines together, and playback 
starts quicker than before.  Equally important is a price reduction (but 
I don't remember by how much - ask your dealer). 
 
Fostex introduced the hard disk based FD-4 Digital Multitracker that combines 
the ease of use of a four track cassette recorder/mixer with digital audio sound 
quality and copy/paste editing and track bouncing, including bouncing a 
4-track mix to 2 fresh tracks similar to the MiniDisk based 4-track 
recorders.  The mixer section provides four full channels with 3-band 
sweepable mid frequency equalizer and 2 auxiliary sends.  There are two 
stereo aux returns, four line/mic inputs on 1/4" jacks with XLR mic 
inputs on channels 3 and 4. Recording is 16 bit at 32, 44.1 or 48 kHz 
sampling rate, limited to recording two tracks simultaneously.  Price is 
$600.  What's missing?  Well, a disk to record on.  Fostex has coined 
the term "Media Independent" which is a clever way of saying you can use 
whatever you want (within reason, of course).  There's an external SCSI 
port for one of the popular removable media drives such as the Zip or 
Syquest, or for a really portable system, a kit for mounting a 2.5" 
(laptop size)  EIDE  drive internally.  Fostex claims that the operating 



system can recognize whatever's out there and record on it.  Even when 
including the cost of a drive, it's comparable in price to the better 
cassette systems of similar capability. 
 
Over at Roland, they were showing the VS-840 which has by now been 
pretty well advertised and reviewed so I won't dwell on it here.  It's a 
somewhat simplified 8 track recorder/mixer which offers many of the 
features of the pioneering VS-880 at a lower price.  Its biggest 
limitation is the recording media, a built-in Zip drive which is pretty 
limited in storage capacity.  While there's noting new with the VS-880 
(assuming you already know about the CD writer announced at the AES show 
in November) there's some third party support for it now. 
 
While Cakewalk doesn't yet have the ability to edit VS-880 tracks (as 
somewhat prematurely announced by Roland in a newsletter) they have a 
pretty complete Studioware control panel for it.  PolarSonic has a group 
of utilities for the 880 which allow you to move mixer settings and 
effect parameters as well as audio files between the VS-880 and a PC via 
the SCSI bus.  VSCopy is freeware available now at PolarSonic's WWW 
page, www.polarsonic.com.  VSTransfer, coming in a couple of months, 
will offer extended capabilities in this area.  VS FXEdit lets you edit 
effects settings that you've moved to the computer with VSCopy 
(freeware) and Effects Commander (coming in April) is a full featured 
graphical editor for the VS-880's internal effects processor. 
 
Music Master VS from Datasonics for Win95 is a MIDI sequencer which 
integrates MIDI and VS-880 audio tracks on a single track screen, as 
well as providing full control of the 880 including EQ and effect 
settings, recording, playback, mixing, and editing.  This program 
doesn't transfer audio to the computer's hard disk, it just controls the 
VS-880.  In other words, it doesn't do anything the 880 doesn't do, it 
just gives you another way of doing it with a less cramped view.  If you 
love your VS-880 but hate the small display, give this a look.  Check 
www.datasonics.com.au for more details, screen shots, and soon, a demo 
version. 
 
The big news in audio at Roland is the introductoin of the VS-1680, a 16 
track recording workstation.  While similar in concept to the VS-880, 
the 1680 has improved audio performance with 20 bit converters, 24 bit 
internal data processing and improved data compression algorithms.  Each 
of the 16 tracks can be composed of up to 16 "virtual" tracks" or 
alternate takes of the same track.  While you can't switch between these 
in real time during playback/mixdown, they can be combined to form a 
complete composite track containing the best of each take.  Routing and 
mixing setups (including effects and EQ) can be saved as templates for 
quick recall.  The mixer has 8 analog balanced audio inputs of which two 



are XLR mic level with (praise the lord!, finally!) phantom power, and 
an S/PDIF digital input pair.  With various returns, the mixer totals 26 
channels, all automated.  You can choose either 26 channels of two band 
or 16 channels of three band EQ to apply to the mix.  Two optional 
effects expansion boards can be installed, giving four (two each) stereo 
or eight mono effects including the obvious reverbs and choruses, and 
the less obvious voice transformer, lo-fi (distortion) microphone 
simulation and guitar amp simulation.  This is a serious tool at a 
serious price, around $3500. 
 
With so many signal processing boxes it's hard to find any that really 
stand out, but it's hard to overlook the new Lexicon MPX-100.  Using a 
new Lexichip, it offers 240 presets of classic and current Lexicon 
effects, either in stereo or with different effects on independent mono 
channels.   A Program knob selects between 16 basic programs, with a 16 
position Variation knob.  A single Adjust knob varies the selected 
program's most critical parameters.  Tempo-related programs can follow 
MIDI clock, a front panel mounted tap button, a foot switch, or the 
audio input.  Analog in and out is on 1/4" jacks with 20 bit converters, 
and there's an S/PDIF output (but no input), all for $250. 
 
The new DDP (Digital Dynamics Processor) from dbx combines the 
functionality of their well respected compressors with digital control, 
processing, and metering.  Presets offer the classic dbx characteristics 
with OverEasy (soft knee), hard knee, or a new VariKnee characteristic 
at the onset of processing.  It includes such unique features as the 
extremely fast attack and release times of the 160S and Variable 
Transient Capture Mode from the SuperGate.  Full equalization for the 
side chain signal is provided, and the excellent metering displays both 
peak and average levels.  Two channels with both 1/4" and XLR 
connectors, with S/PDIF and AES/EBU digital I/O optional, operating 
levels from -10 to +4, 24 bit converters with Tape Saturation Emulation 
- quite a package for $600. 
 
PreSonus has updated their 8 channel compressor/gate to the model 
ACP-88.  New features include wider operating dynamic range and more 
controllable attack and release parameters, a redesigned noise gate, and 
side chain and gate key input on every channel. While there wasn't a new 
mic preamp around every corner this year, PreSonus introduced the M80, a 
two rack space 8 channel mic preamp with Jensen input transformers, 
class-A discrete input stage, followed by a twin servo gain stage.  Each 
channel offers Phantom power, polarity reverse, 20 dB pad, 80 Hz high 
pass filter, and insert jacks.  Input is via combined XLR and 1/4" jacks 
so it can be used for "warming up" line level signals, and there's a 
stereo bus and a pan pot so you can use it as a basic mixer.  A separate 
headphone jack on the front panel lets you monitor any or all inputs. 



While there are no tubes, there's a tubey kind of control marked "Idss" (for those 
not used to readiing transistor spec sheets, Idss is the drain current at zero gate 
voltage of an FET) on the prototype, though  "warmth" on the picture in the 
brochure). This control adjusts the drain current of the FET input stage, which 
changes the amount of even harmonic distortion.  Price is $1900.  The MP20 is a 
two channel version for $600. 
 
There's going to be no shortage of digital mixing consoles soon.  TASCAM 
says theirs is shipping now, and Mackie reports that the initial run of their digital 
console has been built and is now in final testing, debugging, and 
demo-ing.  These new consoles are in the Yamaha 02R price class, around 
$10,000 give or take a couple.  But breathing down their backs is Panasonic and 
Spirit each with 32x8x2 digital consoles in the $5,000 price range with 
the Spirit Digital 328 being this show's new introducion.  Like the 
Mackie 8 bus digital, the 328 was designed to operate as much like an 
analog console as possible, and curiously, it shares some user interface 
features with the Mackie.  There's only a tiny LCD for effects parameter 
display (those effects are by Lexicon, by the way), and LEDs surrounding 
rotary knobs indicate the knob's relative setting.  There are 16 analog 
mic/line inputs and 16 digital tape returns of either ADAT or TDIF (both 
are included) format.  There's also a pair of stereo S/PDIF and AES/EBU 
I/Os that can be assigned to a variety of things. 
 
The 16 faders switch with a single button press between analog inputs, 
tape returns, sends or groups.  A single horizontal row of rotary knobs 
function as a single channel's worth of controls, giving access to EQ, 
sends, pan, and routing.  Alternately, you can select a function for the 
controls and they become that control for each channel.  For instance, 
once you get your basic EQ and sends set up, you'll probably find it 
convenient to leave them all set as pans so you have instant access to 
faders and pans, your most frequently used mixing controls.  Three band 
"British" EQ designed (or at least blessed) by noted British EQ-er and 
organist Graham Blyth.  Preamps are similar to those used in the 
Soundcraft Ghost and are followed by 24 bit A/D converters.  Moving 
fader automation is storable by scenes or can be dynamically controlled 
through MIDI, using a sequencer for recording, playback, editing, and 
storage.  The two Lexicon effects are internally connected to two of the 
six aux sends.  
 
Because of its price, it's easy to compare it to the new Panasonic. 
They're similar in some respects, but their feature sets diverge in ways 
that make me think that the Spirit would be more at home in a 
music-oriented project studio, while the Panasonic would be more 
comfortable in a video and multimedia production environment.  And I'm 
sure we'll see a couple more as the year rolls on. 
 



One thing new from Mackie is something the users have been asking for - 
Mixer bags. $40, $50, and $60 for the 1202, 1402, and 1604VLZ models 
respectively in black nylon, also availabe in elegant suede to go with 
those "tux" gigs (more expensive), these protect the mixer and provide a 
large accessory pouch for cables, mics, or a few loose beers.  And for 
$200, you can get a pair of cases for your Mackie HR824 powered 
monitors. 
 
 
NAMM Show Day 3  
 
The first day of the show, one of my colleagues from Recording Magazine 
observed that he wasn't hearing the constant low frequency rumble at 
this show that he had come to expect in the Anaheim convention center. 
I thought that perhaps it had been due to superior acoustical design of 
the newer facility, but on the third day, when I finally got over to the 
other exhibit hall, well, there it was.  I had my ear plugs in all day. 
 
Everyone needs a good mic that costs just a little more than he can 
afford.  Modern manufacturers have, since the project studio revolution, 
brought us a new range of quality condenser mics at around $1,000 that 
compete well with the European classics which, due mostly to inflation, 
have risen beyond the budget of the most common studio user. Now, 
Audio-Technica, one of the leaders in this trend, have lowered the bar 
again with the 30 series, and added a new level of honesty to their 
marketing.  While the $1,000 condenser mics are generally called "Studio 
Quality", A-T is making the distinction (at least at this show, when I 
asked) that these are "Project Studio Quality".  These are all fixed 
pattern mics, with medium-sized (looks like about 3/4") electret 
capsules, one omni and two cardioids, all just under $500. 
 
The AT3525 is a side address suspended mic obviously intended for vocal 
use.  If the Neumann TLM-103 looks like a sawed-off U-87, the 3235 looks 
like a sawed-off TLM-103.  It's pattern is typical of most large format 
mics - a perfect cardioid at 1 kHz, bulging out at the rear at mid-low 
frequencies, and curiously, not too far off omni at 5 kHz if the 
patterns on the spec sheet are to be believed.  The 3527 is a front 
address omni which should work well for instruments in a good enough 
acoustic environment that an omni is suitable.  There's a bit of a bump 
in the frequency response curve around 10 kHz which probably won't do 
much harm and may add a little air to a vocal.  The 5328 is a cardioid 
with the best looking pattern of the lot and I suspect this will be the 
most popular of the lot.  There's a smooth rise in frequency response 
peaking at around 10 kHz which is typical of mics like this.  Polar 
patterns look good and predictable.  Sound?  They weren't even hooked 
up, which was probably a good thing since it's impossible to really tell 



what a mic sounds like on a show floor anyway. 
 
A-T took an interesting leap of faith with these mics and reduced their 
output level a few dB from that of the typical condenser mic.  They 
recognize that many users who start building their home studio around an 
integrated 4-track recorder/mixer want to upgrade their mics before 
they're ready replace the recorder.  Those recorders are designed to 
work with dynamic mic levels and, because they often don't have adequate 
input gain trim controls (or the users haven't learned how to use them 
yet), get overdriven right at the front end from a typical condenser 
mic.  The output level of these mics matches this equipment well.  This 
in itself may tell you whether this series is right or wrong for you. 
 
Sennheiser has expanded and revamped a line of dynamic mics into what 
they call the Evolution series.  These are all new mics, some of which 
are based on older designs, and they cover a wide range of applications 
and prices for both performance and studio use. The E825S is a general 
purpose performance oriented vocal mic at the bottom end of the line. 
The 835 and 845 are cardioid and super-cardioid vocal mics optimized for 
hand held performance.  The top of the line vocal mic in this series, 
the 855, has roots in the 431 live vocal mic.  These mics all have 
rugged metal housings, unlike the plastic housings of Sennheiser's 
former line of lower priced performance mics. 
 
The 602 is a fat, stubby fairly large diaphragm mic which looks just 
right for a kick drum or perhaps brass.  The 604 is a highly compact mic 
with an integral claw clamp designed for direct mounting on snare or 
toms.  It has a reinforced glass fiber case which will probably take 
more kindly to being hit by the misguided drum stick than cast aluminum. 
The 608 is a dime-sized shock mounted mic at the end of an integral 
gooseneck ideal for clamping to the bell of a brass or woodwind 
instrument.  The 609 is will probably be of most interest for studio 
use, being descended from the 409, which was dropped from Sennheiser's 
product line just about the time it began to become popular.  This is a 
small, square side-address mic designed for close micing of amplifiers, 
but, if similar to the 409, will work well on toms.  There should be 
some winners in this line. 
 
Korg has joined the tabletop multitrack hard disk studio fray with the 
D8 (digital, 8 tracks, of course).  It records up to two tracks 
simultaneously on an internal 1.4G hard drive, or can use external SCSI 
drives up to 4 GB each.  The mixer section offers 12 channels on 
mixdown.  This is a fully digital mixer, so that there's no D/A/D 
conversion or patching required when bouncing tracks.   There are two 
balanced 1/4" mic/line inputs and one input with impedance and gain 
tailored to match a guitar pickup.  The D8 contains most of Korg’s Pandora 



guitar processor, providing a wide range of effects on that direct 
guitar pickup.  In addition, an effects processor based on the Korg A8 
studio processors is normalled to one of the two aux sends for effects 
on mixdown.  Two band EQ is provided on each channel, and if more EQ is 
required, the effects processor offers a fully parametric three band 
equalizer.   Typical of these units, there is snapshot/scene automation, 
and all settings, including effects and EQ, are saved with each scene. 
 
One of the things that Korg has built forever is drum machines, and the 
D8 includes one. It's not very fancy - a hundred or so preset patterns, 
but it runs in sync with the recorder and doesn't occupy a track.  It 
would be fine for songwriting and demo work, and if nothing else, gives 
you a metronome click any time you want it.  Monitor switching is better 
thought out than most of these multitrackers, essentially identical to a 
multitrack recorder, allowing auto monitor switching between input and 
playback when tracking, or all input or all playback.  Price is $1250. 
 
A couple more "sound cards" worth noting.  Aardvark, who's been making 
some useful digital synchronization accessories, is coming out with the 
Aark 20/20, a PCI card with an external box containing 8 A/D and 8 D/A 
20 bit converters.  24 bit S/PDIF (AES/EBU optional), word clock, and 
video sync are also provided.  The software control panel is one of the 
most comprehensive I've seen in terms of routing.  Any output pair, 
including the digital output, can be designated as "monitor", and any 
input can be routed to the monitor by clicking one box.  If you like to 
watch the input level meter when recording, you can route your recording 
input to the S/PDIF output, and, with that output connected to a DAT, 
watch a fast, responsive, and easy-to-see meter.  The price is an 
attractive $1,000, and it's in a hot race for delivery with the Echo 
Layla.  Also almost-ready from Aardvark is the Studio88, a PCI card with 
an 8-channel TDIF (TASCAM DA-88/38) interface plus an analog pair and 
S/PDIF pair for a total of 12 channels of I/O.  $1300, Maybe May. 
 
Ultramatch SRC2000 from Behringer is a real time sample rate converter 
with input rates of 32, 44.1 or 48 kHz and output rates of 44.1 or 32 
kHz.  Input and output formats of AES/EBU on XLR connectors and S/PDIF 
on both coax and optical are provided, with the input front panel 
selectable and the outputs active simultaneously.  The SCMS channel 
status bits can be set from the front panel to output any copy status 
code (nudge, nudge, wink, wink).  Word clock input is provided for 
external synchronization.  A good digital Swiss Army Knife for $250. 
 
With the closing this year of my BBS (The Washington MIDI Users Group, 
one of the longest running MIDI BBSs), my interest in MIDI and 
synthesizers is on the wane, so I didn't spend a lot of time looking at 
the new keyboards and rhythm composers.  They'll probably be well 



reported by others.  But one thing that did catch my eye was an 
interesting partnership between TerraTec and Waldorf.  The TerraTec 
EWS64 PC sound card introduced last year now has a replacement module 
for its drive bay mounted connector panel which integrates a Waldorf 
MicroWave synthesizer into the PC.  If you're tired of those old boring 
General MIDI sounds, this is the ticket.  Replacing the breakout module 
with the MicroWave PC gives you power of a real wavetable analog-modeled 
synthesizer.  An on-screen interface gives you access to all of the 
front panel controls of the MicroWave, including the famous Big Red 
Knob.  All parameters can also be controlled in real time through MIDI, 
just like on the real thing.  At $700, it's pricey for a "sound card", 
but mighty cheap for a real synthesizer.  See your TerraTec dealer in a 
few months. 
 
The tube craze in audio seems to have passed us by this year, but a tube 
synthesizer? Peavy showed a preliminary version of a monophonic synth 
sort of along the line of the Oberheim Matrix 1000, a single rack unit 
with a bunch of presets and minimal front panel controls.  The tube is 
in the output stage to give the tone color of plugging a Minimoog into a 
guitar amplifier.  The synth will ship with a Windows based editor, and 
an accessory hardware programmer/controller will be offered.  The 
non-working prototype had an ample collection of knobs for varying 
waveforms, filters, and modulation, and includes both a Theremin-style 
antenna and a ribbon controller as alternates to knobs for real time 
control. 
 
Peavy's display at this show was missing their studio products, but 
innocently placed on a table next to a DJ setup was a two channel 
electro-optical tube compressor styled very much like their good 
performing tube mic preamp.  If it's as good a compressor as the preamp 
turned out to be a preamp, it might be an underground sleeper. 
 
Not being a keyboard player, alternate MIDI controllers usually catch my 
eye.  Wavefront, who makes Theremins, has a $625 half rack sized unit 
that offers a Theremin-to-MIDI and control voltage interface, so now you 
can control your favorite MIDI instrument by waving your hands.  Pitch 
bend range is adjustable, and there’s an external footswitch for sustain. 
 
About the time that Yamaha introduced their lower prices physical 
modeling synths (the VL series), they dropped their WX11 wind 
controller, one of the best companions for that synth technology.  This 
year they brought it back as the WX5, a MIDI wind controller that has 
some features that will be attractive even to non-wind players.  Three 
saxophone and one flute fingering mode allow for different levels of 
playing experience, and it comes with both a reed-style and 
recorder-style mouthpiece for different types of control at the input 



end.  I neglected to jot down the price, but I seem to recall around 
$400. 
 
A new company, FM7 Innovations from Canada is mostly into tools for 
music education, and one was a simple MIDI wind controller with 
fingering and breath response similar to that of a recorder.  It features a 
three octave playing range with transposition one or two octaves up or 
down, and a switch to select the basic key of the instrument from C 
(recorder), Bb (tenor), Eb(alto) or F(whatever?).  It's not as flexible 
as the Yamaha, but at $200, it could be a good way to get wind 
expression into your synth playing or sequences. 
 
My first NAMM show, about 8 years ago now, introduced the Hotz 
Translator, a program (on the Atari computer at the time) which mapped a 
MIDI input to a song structure to allow the player to improvise without 
regard to just what notes he was actually playing.  It didn't let you 
make a mistake.  Along with the program was an alternate touch pad 
controller.  It was kind of expensive and esoteric, but that wasn't 
unusual for the day. Eventually it disappeared, but now the program is 
back for Windows 95, working either with a MIDI input or taking input 
from the computer keyboard.  At $79, it's both a cute toy and a way to 
play music without knowing much about music.  A control surface similar 
to the original one is coming. 
 
Phasing into software, we come to a really interesting and amazingly 
powerful program from Sonic Foundry called Acid.  This is a program 
that's designed for loop-based music production, manipulating recorded 
loop patterns in real time in ways that make loops brought in from 
diverse sources work together automatically.  Suppose you have rhythm 
guitar groove in Eb at 115 BPM, a bass phrase in G from a 120 BPM song, 
and a breakneck drum break that you want to use as your song basis. 
Load them into Acid as individual tracks, tell the program what key and 
tempo you want your song to be, and it automatically detects and adjusts 
both pitch and tempo of all the parts so that they work together.  Vocal 
phrases work, too.  There's a bit of pitch glitching when you shift it 
down too far, but that's almost to be expected in the forms of music for 
which the program is most likely to be applied.  All the expected copy 
and paste editing functions are available, and any loop can be opened in 
Sound Forge for editing.  Panning, volume, and effect envelopes can be 
applied over a track, and real-time effects can be applied using DirectX 
plug-ins.  This program will be a blessing to the skilled hip-hop/dance 
producer who traditional does all of these things one loop at a time on 
a sampler.  It can also give the beginner a good working tool to get 
into this style of composition without becoming bogged down in the 
technology.  It's $400 with a starter pack of loops. 
 



Cakewalk demonstrated the new features of the soon-to-be released 
Version 7.  The major difference is a facelift, with a departure from 
the traditional sequencer "track" screen to a production console 
look-and-feel.  Console "channels" can be selected as either MIDI or 
audio, and appropriate functions appear.  You can record both MIDI and 
audio directly from the console view, switching to more detailed views 
for editing when you need them. A new, very complete Studioware control 
panel for the Roland VS-880 is provided with the new release.   Audio 
recording now uses 32 bit floating point processing internally, though 
recording (at least with the initial release) is still in the 16 bit 
format.  Since we're seeing a lot of audio interfaces with 20-bit output 
capability, I expect to see Cakewalk accommodate higher resolution 
recording soon (in fact I expected it in this release).  For Internet 
music and audio, output can now be saved in RealAudio and RealMedia 
formats. Support is provided for advanced audio recording hardware such 
as the Roland VS-880, Soundscape SSHDR-1, Digital Audio Labs V8, and the 
Yamaha DSP Factory. 
 
A new program from Cakewalk called In Concert is a bit like the MIDI 
equivalent of those self-playing organs that you used to see 
demonstrated in front of the organ store at the shopping mall.  In 
Concert plays backup to your lead using standard MIDI files, but it 
follows along with your playing.  It starts and stops when you do, 
follows tempo and dynamics changes, and even recognizes that you've 
repeated a section or jumped to another part of the song.  This has 
applications both for practice and in performance.  It's not an 
intelligent backup-generating program - you have to feed it a MIDI file for the 
song you're playing.  This might spawn a new form of bar entertainment - 
keyboard karaoke, with the stooge playing a keyboard (I guess it'll work 
with a MIDI guitar, too) instead of singing. 
 
Last year, Sibelius Software displayed a very expensive, but very high 
end music notation program which ran on the Acorn RISC computer, 
hardware practically unknown in the US, and rare in Great Britain where 
they're from.  This year, they're back with the same program running 
under Windows 95.  I'm a musical illiterate so I can't comment on the 
quality of the program, but those who know are extremely impressed. 
It's important characteristics are its ease of use and intelligence, 
being aware of not only the standard rules of notation, but practices of 
copyists that make it look right on paper, not just be musically 
accurate.  Input can be from the computer or from a MIDI source, and 
MIDI playback applies performance markings in the score to the MIDI 
stream so that you can verify that the section you marked for legato 
actually sounds right when played as noted. This isn't a casual MIDI 
sequencer, but a tool for the serious composer or scorer.  Price hasn't 
been settled yet, but they anticipate that it will be in the range of 



Finale, the de facto standard for PC scoring programs, probably a bit 
more, but, they hope, offering features that will make it worth while. 
 
Lots of new software plug-ins for audio recording programs.  Cakewalk 
has jumped into the game with their own DirectX Audio FX1 dynamic 
processor with a limiter, expander/gate, compressor/gate, and all-in-one 
tool.  Waves introduced EasyWaves, an entry level DSP plug-in, both in 
Adobe Premiere and DirectX formats.  It includes a 4- band parametric 
equalizer, compressor, gate, and expander and EZVerb, a reverb with 
algorithms taken from their high end TrueVerb plug-in.  At $150, this 
might be a good introduction to what's doing at the high end of 
plug-ins. 
 
E-mu Systems demonstrated a work in progress which is based on a new DSP 
chip set which they've developed.  One chip handles mixing functions 
while the other is tailored to effects.  They've built an architecture 
around those chips which, as a first effort, will become a DSP-based 
large format console, expandable as the user's requirements grow. The 
chip set has potential to handle up to 128 inputs and 32 busses.  I/O 
modules in 16 channel increments will be available with various flavors 
of analog and digital inputs. Recognizing that nobody can really mix 
that many channels effectively with a mouse, a hardware control surface 
will be an integral part of the design.  A computer will be optional, 
but not required for most day-to-day operations.  While price and 
release dates are still far enough away not to start talking to your 
banker yet, the target figure is around $10,000 for a fully loaded 
system. 
 
A few years ago, E-mu came under the corporate umbrella of Creative 
Technology and many of us were worried that the E-mulator, the Proteus, 
and the Darwin would go the way of the SoundBlaster.  Fortunately that 
didn't happen, and Creative's interest in high end digital signal 
processing provided the cash backing necessary to go into a project like 
this.  Creative now has a similar arrangement with Ensoniq, and 
hopefully they'll provide the wherewithals to help Ensoniq move further 
in its directions, too.  On another note, Midisoft has signed a letter 
of intent to acquire Passport Designs, one of the real pioneers in the 
MIDI software industry.  This could be good for Midisoft, a leader in 
the music entertainment and multimedia area, but never a high technology 
leader in the field. Hopefully, it won't mean the death of Passport. 
 
Generally, I spend the first day of this show in the "outcasts" hall, 
the place where they put all the first-time exhibitors and smaller 
companies.  I've seen some real innovations there, and some crackpot 
ideas, too.  Some of those exhibitors succeed, others never return. 
This year, I ended up in that hall on my last day.  Perhaps I was burned out by 



then, but there didn't see to be the usual range of clever gadgets on 
which to comment, just a lot of standard, useful stuff. 
 
One new exhibitor this year was Music Interface Technologies, who 
offered a line of high performance instrument cables.  We've seen 
specially constructed and juju-enhanced cables that claim to (and do, with 
various degrees of success) improve the sound of whatever is 
connected through them.  We've also seen cables with active impedance 
converters which have solid technical grounds for reducing signal 
degradation.  MIT's line of RipCords offers something a bit different 
which also has some technical basis for success.  Their cables contain a 
passive network of surface mounted resistors, capacitors, and inductors 
mounted in line, about a foot away from the 1/4" plugs on each end. 
While their written explanation sounds like a lot of hooey, the reality 
is that they attempt to match the cable's inductance and capacitance so 
that it appears non-reactive at the instrument end, acting as a pure 
resistance rather than a component of a filter.   While I don't know 
anything about the cable used for comparison, a demonstration in a quiet 
room did show an improvement in transient response, particularly on a 
bass, and less hum and buzz pickup (probably a result of superior 
shielding).  The filter looks a bit like those clamp-on RFI suppressing 
torroids that you often seen on computer monitor cables now.  There are 
cables for guitar and bass, and one (damn if I can justify this one) for 
going between an amplifier and speaker, each priced at $100.  It's 
probably not something to buy for your Thursday night bar gig, but a 
well heeled studio might want to invest in a couple. 
 
Well that's it for this year's gear.  I was pleased to not see a tube 
behind every front panel, a consciousness about vaporware, and I think 
the industry is making progress in sensible directions and at a sensible 
pace.  Having survived three full days at the LA Convention Center, I 
can say that it's indeed a better facility tech-wise for the show than the Anaheim 
Convention Center. While there's not much you can do, even with the noise 
police trying to keep levels down to 85 dB from any one source, with a city block 
square room full of people trying drums and basses all day, ventilation was 
good, it was possible to find places to get away from the noise, and 
things in demonstration rooms tended to sound pretty good.  The layout 
is such that it's possible to miss large portions of the show, however, so  
I hope I didn't.  What I found most inconvenient was the location.  When 
the show was in Anaheim, I didn't have to spend a fortune to get a 
spacious hotel room within walking distance of show venue.  That wasn't 
the case in downtown LA, and a daily commute from the burbs by car plus 
dealing with parking every day made getting there a project in itself.  The 
Convention Center parking garages were very slow to enter and exit, 
causing local traffic jams around the Center.  On-street lots which 
usually charge a reasonable $3 for all day parking were posting 



temporary signs for as much as $20.  I don't know if that's common 
practice for other LACC events (I don't recall the AES show being like 
that), maybe it's in the tradition of music ticket scalping. 
 
Will the show move back to Anaheim in two years when the construction 
there is complete?  NAMM says it'll depend on the exhibitors.  If they 
want to move back, they will, but so far they've been enthusiastic about 
the new site - better loading facilities, more space available, and a 
more modern setting.  We'll see. 
 


