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The Usual Disclaimer: 
If it’s not here, either it wasn’t on display, I didn’t see it, or I saw it and thought it 
wasn’t interesting enough to spend time at the booth, or it was something that’s 
been around for a while and has been reported before or adequately covered in 
the magazines and web sites so I didn’t have anything to add. Don’t ask me if I 
saw this or that.  
 
Four Makers of Analog Tape Exhibit At AES 
Now, that’s a headline for you. With the shutdown of the Quantegy plant in 
December 2004, we were all wondering if new recording tape would ever be 
available again. But even before tape manufacturers started dropping out of the 
audio business, it’s been a long time since more than one or two of them 
exhibited the show. While they’re not all in full production yet, this year we saw 
booths from Quantegy (the only one who’s currently making new product), Zonal 
(who seemed to drop off the face of the earth a few years back), and two new 
names – ATR Magnetics and RMG International.  
 
RMGI is producing tape equivalent to the Agfa/BASF/Emtec 468, Studio Master 
911, and 900 Maxima, as well as a new formula designed for lower speed 
recording, Audio Professional LPR35, and they had actual samples of 911 
available at the show. RMGI is a new partnership that purchased Emtec’s analog 
recording tape intellectual property rights (formulas and manufacturing 
processes) as well as what machinery there was that was in good condition and 
practical to move to their manufacturing facilities in the Netherlands. In addition 
to a sound quality preferred by many engineers, Emtec tape was highly praised 
for its smooth tracking and winding characteristics, which should be retained in 
the new product since RMGI has Emtec’s slitting equipment as well as personnel 
from the original factory who know how to operate and maintain it. 
http://www.rmgi-usa.com 
 
Mike Spitz of ATR Service is well known to just about every serious analog 
recordist, and has overhauled, upgraded, or provided parts for a great number of 
the professional recorders that are in operation today. He obviously has a vested 
interest in seeing that tape remains available, and with tape sources dwindling, 
last year Mike decided to investigate setting up a new tape manufacturing facility 
in the US. He’s very close to having things ready to roll at his factory in 
Pennsylvania just a few miles from his service shop. Unlike other tape 
manufacturers who have been established for a long time and were set up under 
an old industrial model (very large machines, and lots of them, to make a lot of 
product), ATR Magnetics is a relatively small facility employing very modern and 



precise process control to assure a consistent product in what, today, are 
realistic quantities. When Mike was describing his setup, it reminded me of a 
small, modern, very boutique but very high tech sake brewery I once visited.  
 
Even with all the know-how and adequate financial backing, setting up a tape 
factory isn’t simple. Some of the most time consuming details had nothing to do 
with tape, but were required to meet fire, safety, and environmental codes. He 
expects to have a prototype run for his selected group of testers early in 2006.  
http://www.nothingsoundsliketape.com/ 
 
Quantegy (formerly Ampex tape) shut down their analog tape facility in Alabama 
right at the end of 2004. The company now has new ownership and is now 
running the production line, albeit on a limited bases, again. Users report that the 
quality of the tape under the new company hasn’t changed. Quantegy also 
displayed a line of external Firewire disk drives targeted to DAW users. 
http://www.quantegy.com 
 
Zonal was pretty quiet (a latecomer, they weren’t even listed in the show 
exhibitor list) but they say they’re planning to go back into production. Zonal tape 
was quite popular in Europe, but was never widely available in the US. They 
hope to remedy this once production gears up. In addition to recording tape, 
Zonal also was displaying a full range of leader and splicing tape, something 
that’s getting harder to find.  
 
Recorders 
 
While analog tape recorders were conspicuously absent at the show – the only 
one on display was a hot-rodded Ampex at the ATR booth – solid state recorders 
were jumping off the tables. Perhaps the coolest idea in portable solid state 
recorders was the HHB/Sennheiser FlashMic DRM85. It consists of a Sennheiser 
omni capsule on the same body used for their handheld wireless microphones, 
but with a solid state digital recorder inside rather than the radio guts. Its target 
user is clearly the broadcast or print media journalist, not the music recordist. It 
records either WAV 16-bit files at 32 or 48 kHz sample rate or MP2 at up to 
348 kbps. Media is fixed, an internal 1GB memory module giving a bit more than 
½ hour capacity for 16-bit WAV, or up to 18 hours at maximum compression. The 
idea behind the fixed internal memory is so that you never forget to bring along a 
flash memory card, or it doesn’t accidentally get erased or used in your camera. 
Transfer to a computer is via USB. A small LCD allows you to set the recording 
format, engage or disengage an automatic level control (there’s a gain knob on 
the mic body as well as a meter display on the LCD), engage a high-pass filter, 
and set a pre-record buffer that catches what goes in when you least expect it, 
before you press the Record button. A headphone jack allows you to play back 
your recordings in the field, and it takes two AA batteries for up to 6 hours of 
continuous recording. 
http://www.hhbusa.com/hhb/usa/hhbproducts/flashmic/index.asp 



 
The Sony PCM-D1 has a near-Nagra jewel-like quality to it, with a titanium case, 
retro-looking analog VU meters, and built in crossed X-Y pair of condenser mics 
for which Sony claims usable frequency response up to 30 kHz. Sample rates up 
to 96 kHz and 24-bit resolution allow you to take advantage of the extended 
frequency resonse. Like the HHB FlashMic, it has fixed, internal memory (4 GB) 
but also has a slot for a Sony memory stick. It has inputs for external line level 
signals as well as external mics, but they’re on a mini phone jack and phantom 
power is not provided, encouraging you to use the internal mics. The recorder 
has a threaded hole on the back allowing it to be mounted on a mic stand. 
Frankly, at $2,000, I had a hard time guessing who the target user for this little 
gem might be (and, frankly, the Sony rep did, too – he was curious to see who 
was seriously interested in it). It’s too expensive for broadcast journalists (who 
really don’t need 24/96 recording in any case) and without the ability to use 
serious external mics without an outboard preamp, and having to depend on a 
mini jack to connect them, the music field recordist isn’t likely to jump on this 
other than as a cool gadget. But Sony is like that – they make cool stuff that 
sometimes nobody needs. No link on Sony’s web site when I’m writing this, but 
for as long as it lasts, here’s a link to a photo that should whet your appetite: 
http://www.whitwell.ndo.co.uk/musicthing/images/pcmd1.jpg 
 
On the more practical side, TASCAM introduced the HD-P2 , a $1,000 ballpark 
portable stereo recorder loaded with features that will appeal to a wide range of 
field recordists. Built in a similar package as TASCAM’s earlier DA-P1 DAT 
recorder but with a bulge in the top to accommodate a nicely placed LCD that’s 
readable from both the top and front, the HD-P2 records 16- and 24-bit time 
stamped broadcast WAV files at up to 192 kHz sample rate to Compact Flash 
memory cards. Mic inputs are on side-mounted XLR connectors with 48V 
phantom power. Line inputs and outputs as well as S/PDIF digital I/O are on RCA 
jacks. For the film sound crowd, the HD-P2 offers a SMPTE time code input 
(XLR) that allows the audio file time stamping to coincide with the master time, as 
chase time code in playback. Data clocking is either from the internal word clock, 
external word clock, or black burst video. Files can be renamed from the default 
naming scheme using the front panel LCD (a bit fiddly) or by plugging in a PS2 
keyboard and just typing. The keyboard can also be used to control the recorder 
and access setup features. In addition to the usual transport controls, a “Retake” 
button automatically deletes the last recording and returns to the record-ready 
mode for those “oops” moments. A built-in mic will serve for interview or casual 
jam session recordings, and there’s a built-in speaker for monitoring, as well as 
the expected headphone jack. The flash card locks in place so it won’t be 
accidentally ejected, and a Firewire port makes for quick file transfers to a 
computer. It eats AA batteries at the rate of 8 every 5 hours, or can be powered 
by an external AC supply. 
 
My personal take on flash card recorders is that media is still too costly to do a 
weekend-long recording project without an intern to continually recycle a couple 



of memory cards. If TASCAM had put a hard disk in this one, they’d have my 
money in a minute. But Digital Products Manager Jim Bailey said, when I 
moaned about this. “Anything is possible.” I can hope.  
http://www.tascam.com/Products/hdp2.html 
  
Microphones 
 
There were a few interesting new players exhibiting as well as some new product 
from old friends. Violet Design, the folks who emerged in the past year claiming 
to have designed and built microphones for Blue were exhibiting some very Blue-
looking purple condenser mics. I dunno for sure who’s who (each is of course 
denying the others’ claims) but I guess every new mic on the market is another 
possibility. Blue is celebrating their 10th anniversary this year and have attained a 
solid reputation, so I don’t except that there’s much worry about them 
disappearing.  Read about Violet mics at http://www.violet-design.com/ 
Read the scandal sheets at http://www.jz-recording.lv/ (Violet’s side) and 
http://tinyurl.com/8mgzy (Blue’s side) 
 
A few years ago we were flooded with Chinese condenser mics, and they keep 
coming along at albeit at a modest pace now. This year, ribbon mics were the 
thing. Electro-Harmonix, the stomp box and tube folks, have branched out to 
microphones. Their new EH-R1 is a sturdy looking ribbon mic that I suspect 
(though did not confirm) is manufactured in the Soviet Union like several of the 
other E-H products. It’ll probably match the Nady Chinese copy of the AEA 
ribbon mic in price on the street. Gotta wait for reviews to see if we need any 
more sub-$300 large ribbon mics. http://tinyurl.com/9gd6l 
 
Crowley and Tripp is a new company composed of a couple of guys who design 
medical instrumentation transducers for a living, and have started building ribbon 
mics because they love audio. There are three models in the line which all use 
the same ribbon assembly and differ only in the acoustic chamber design. In 
addition, they offer to make custom variations on special order to handle high 
SPL, have a tailored frequency response, or asymmetric polar pattern. Very nice 
looking machine work on these, but nothing was plugged in so we couldn’t even 
give a cursory listen. http://www.soundwaveresearch.com/ctmicrophone.html 
 
Horch is a new name on the scene, at least in the US. The RM2J is a very high 
quality large diaphragm tube condenser mic hand-built in Germany. The mic 
operates in the conventional dual-diaphragm multi-pattern mode with the power 
supply providing continuous adjustment between omni and bi-directional. 
Alternately, the rear diaphragm is turned off, producing a cardioid pattern with a 
strong proximity effect. The cardioid produced in the dual-diaphragm mode 
sounds different from the “ultra tube” single-diaphragm mode, so you get two 
different mic sounds for your $4,500. http://tinyurl.com/746wg 
 



Telefunken North America has a new line of less expensive mics with very 
warlike names, built in conjunction with vintage parts supplier Funkwerk. The 
R-F-T AK47 is designed in the spirit of the Neumann U47 and M49 microphones, 
with a new circuit design based around a Funkenwork transformer and employing 
a new (old stock) Telefunken EF732 tube. The M16 MkII is patterned around the 
C12 and U67 mics with new electronics and the Funkenwork transformer and a 
NOS JAN 6027 tube. Prices are $1,599 and $1,499 respectively.  
http://www.telefunkenusa.com 
 
Charter Oak is another fairly new microphone manufacturer hand-building mics in 
the US from selected Chinese capsules. They currently have three microphones 
in their line, two side address large condensers, models SA538 and SA538B (the 
B has extended low frequency response) and a new large diaphragm front 
address mic, the S600. The S600 is sold as a pair with a single two-mic power 
supply, and is targeted as drum overheads. Charter Oak has a few tweaks that 
they can make to the microphones. When you order one, they’ll ask you what 
flavor you want and assemble it that way, but they offer to re-tweak it if you 
decide you want a different flavor. The 538 and 538B are $1,399 and $1,499 
respectively, and the S600 is $1,699 for the pair. 
http://www.charteroakacoustics.com/products/index.htm 
 
Earthworks has a new mic called the Periscope series consisting of a 
conventionally sized barrel with the capsule at the end of a three or six-inch 
flexible stalk. There’s both a cardioid and hypercardioid version, and they’re 
applicable for sneaking around drums, being less obtrusive when on camera, or 
for podium use. http://www.earthworksaudio.com 
 
A couple of microphone gadgets – The SonoPak is a fanny pack the right size to 
contain a small recorder with a pair of small omni condenser mics solidly 
attached, and spaced correctly for pretty good stereo recording. The mics use 
2-10 volt plug-in power and they’re terminated in a gold plated mini stereo plug 
inside the pack. The maker swears he didn’t have stealth concert recording in 
mind when he built it, and had some decent sounding nature recordings (as well 
as some fair in-the-club recordings to demonstrate the rig. These are the same 
folks who are now making the Tensimount universal microphone shock mount.  
http://www.sonopak.com 
 
The Enhanced Audio M600 is probably the world’s most expensive microphone 
holder that isn’t a shock mount, but it’s an elegant piece of machinery. If you 
have a $5,000 classic microphone, you’ll probably feel pretty secure with it in one 
of these mounts. There’s a method behind its $325 price tag. The two heavy 
aluminum rings and sturdy swivel mount serve to damp resonances of the 
microphone case and improve the sound. That sounds a bit like a snake oil sales 
pitch, but like most other tweak audio products, it works for some people. It will 
certainly support any microphone up to 2.5 inches in diameter.  
http://www.enhancedaudio.ie/ 



 
Consoles 
 
It’s been a while since we’ve seen a new small-format recording console, but this 
show there were two, and curiously they were from who I’ve jokingly been calling 
the “Trident Brothers.” If you know the story, you know why.  
 
John Oram’s Trident Series 8T is a 16 channel (larger sizes available) 8 
subgroup bus, in-line monitoring recording console with sixteen mic preamps, 
direct outputs, four band EQ borrowed from the Trident 80 series (80, 8T – get 
it?), eight auxiliary sends, talkback, two control room monitor outputs, and, it says 
in big red letters “NOT Made in China.” List price is $3,500, but available before 
January for an introductory price of $2,400. 
http://www.oram.co.uk/SER%208T.htm 
 
John’s partner at Trident for many years, Malcolm Toft introduced a console with 
a very similar feature set. The Toft Audio Designs Trident Series ATB is an 8-bus 
console available in 16 to 32 input configurations, with direct outputs, in-line 
monitoring, level indicators on all channels plus eight LED ladder meters for the 
subgroup bus levels, six aux sends, dual control room outputs, talkback, and an 
additional eight recorder returns with EQ so that 24 tracks can be monitored and 
mixed on a 16-input size frame if you don’t need 24 mic preamps. The channel 
EQ can be swapped over to the recorder returns or bypassed completely. When 
active and in the channel path, direct outputs are post-EQ so you can track with 
the famous Trident style EQ, or if you want to record flat, you can either bypass 
the EQ or switch it to the monitor path so that you can tweak the monitor sound a 
bit without making a commitment until mixdown time. An optional digital card will 
be available with S/PDIF main outputs, ADAT optical direct outputs and recorder 
returns, word clock in and out, and Firewire. Ballpark price is $3,000 for the 
16-channel, and this one IS made in China, which, based on the quality of other 
Chinese-built products spearheaded by PMI Marketing, is probably a good thing. 
http://www.toftaudio.com/atb.html 
 
At the last NAMM show, I was escorted to a room down a hallway with a Mackie 
sign turned so that it faced the wall and shown a new digital live sound console 
they were developing. They bribed me with enough really good chocolate chip 
muffins and brownies in the demo room so I kept quiet about it, and by golly, it 
showed up at the AES under the EAW name as the model UMX.96. EAW is a 
division of Loud Technologies, as is Mackie. In addition to every control one 
could imagine, with a touch-sensitive LCD in the middle to tell you what’s what 
and what the control you’re about to operate does, there’s a dedicated set of 
controls for the equalization and dynamics so you don’t have to go to a screen to 
operate the controls you’ll use most. Preamps are in an outboard box, remote 
controlled from the console surface. There’s a PC at its heart that runs an 
embedded version of Windows. One of the most impressive demonstrations I 
saw back in January was when the console crashed. It was passing audio within 



just a few seconds after rebooting, before everything was fully loaded, though at 
that time it was only running two channels in. I don’t know what happens when 
you boot up with 48 inputs running. Another cool thing they did since they had 
Windows to work with is to integrate the SMAART Live analysis software to help 
you spot acoustic troubles quickly. Still preliminary, but at least it doesn’t look like 
a prototype. http://www.eaw.com/ 
 
Yamaha introduced a new medium-sized digital console, the M7CL series, 
available in 32 and 48 channels versions, with no layers – one fader per channel, 
really. It’s very compact, pretty logical to operate, and with optional I/O cards, can 
provide direct outputs for recording. With the installed sound market in mind, it 
has several levels of security locking so you can give operators as much or as 
little freedom to screw things up as you choose. And for the live sound 
companies, it’s really compact and lightweight. http://tinyurl.com/9hewp 
 
 
Mic Preamps 
 
Bricks are in. A “brick” is a single-channel usually pretty high grade mic preamp 
about the size, shape, and coincidentally weight of a building brick, that’s not 
designed to be rack mounted. Red is a popular color, most of them run in the 
$1000 ballpark, give or take 25%, and have an internal power supply (no wall 
wart). They’re appropriate for a single-mic computer user (it fits nicely on a 
desktop) or for placing out in the studio so that a short mic cable can be used, 
with the console or recorder fed at line level. Since they usually include an 
instrument input, they’re starting to appear as part of a stage rig, too, either as a 
DI for an instrument or as a mic preamp. Groove Tubes popularized this 
configuration a couple of years back, and it seems to have caught on.   
 
First on the brick block is Universal Audio, showing two models, the Solo 610 and 
Solo 110. They look identical except for the model number, the difference being 
that the 610 is an all-tube design patterned after the design and hardware in the 
classic UA 610 console, like half of a 2-610 but without the equalizer controls. 
The 110 is class A solid state, a stripped down (in function, not basic design) 
section of the 8-channel 8110. Controls are simple and straightforward – input 
gain, output level, and switches for phantom power, low-cut, polarity, input 
impedance, and mic/DI. Oh, and they’re black black, not brick red. 
http://www.uaudio.com/products/analog/index.html 
 
The True Systems P-Solo is a single channel brick format version of the preamps 
in their Precision 8 and P2Analog units. A bit smaller than the UA Solo (a nice 
handful, actually), the True has essentially the same features – all solid state, 
gain control, switches for phantom power and high pass filter, and a DI input. 
There’s no polarity switch on this one, but it has a four LED meter and a 
maximum output level of +31 dBu, guaranteed to drive any A/D converter to 



clipping. This is the most compact “brick” that I can recall, and very good looking, 
too. http://www.true-systems.com/products_solo.html 
 
Little Labs always has something clever, and this year it was the LMNOPre mic 
preamp. In addition to amplifying a microphone (anyone can do that), the 
LMNOPre incorporates Little’s IBP adjustable phase alignment circuit for when a 
polarity switch doesn’t get you much closer in phase with another mic. He also 
has an adjustable low frequency resonance control that emulates (or 
emphasizes) a microphone’s proximity effect, allowing you to get the sound of 
being close to the mic without the disadvantages. The preamp input is 
transformerless, but there’s a connector on the rear panel for attaching an input 
transformer of your choice for a different color. There’s an output transformer that 
can be bypassed with a switch, and an output level control on the output side of 
the transformer that allows you to drive the transformer into saturation while 
bringing the output level back into a normal range. There’s an instrument input 
jack on the front and XLR connectors front and rear for the mic. Plugging a mic 
into the front jack disconnects whatever might be connected to the rear jack. Lots 
of stuff in a Little box (that really isn’t so little), $1680. http://www.littlelabs.com/ 
 
When Aardvark Audio folded the tent last year, designer Igor Levin formed a new 
company, Antelope Audio, bringing the highly respected Aardvark word clock 
generation and distribution units up to date with new lower-jitter designs, and at 
this show, he was exhibiting a new mic preamp with built-in D/A converter, the 
DCA Twin. It’s a two channel rack mount preamp, solid state class A circuitry 
with an A/D converter (24-bit, up to 192 kHz) attached. There’s an M-S decoding 
matrix with a width (Mid-Side balance) control, and selectable input impedance. 
Balanced insert jacks allow a processor to be placed in the chain between the 
mic preamp output and A/D converter input. The DCA Twin’s gimmick is a delay 
between the two channels to help straighten out phase problems between two 
mics picking up the same signal at slightly different time. We do this by sliding 
tracks or inserting a delay on our DAWs routinely, but this is a nice solution for 
making a direct stereo recording. http://www.antelopeaudio.com/index.html 
 
It’s always fun to talk to Grant Carpenter, designer of the Gordon Instruments mic 
preamp. Rarely has there been an audio product designed with such attention to 
detail. Last year when I asked “what’s new?” he showed me that he had changed 
the layout of the circuit board so that the grounding scheme complied with the 
new AES Standard 48-2005 for grounding, shielding, and EMI, and the noise 
level and distortion (both already amazingly low) went down. This year, what’s 
new is that he switched from a green solder mask to a clear one, and the 
distortion went down. He’s not exactly sure why, perhaps a difference in leakage 
or capacitance, but it was an improvement. http://www.gordonaudio.com/ 
 
Millennia Media introduced the HV-3R, a remote controllable version of the 
8-channel HV-3D preamp. Gain, polarity, pad, and phantom power switching are 
all controllable through Ethernet, USB, or (I think) MIDI interfaces via a computer. 



The software control panel wasn’t complete yet, but ultimately it will be available 
as a plug-in so that mic preamp controls can be integrated with a DAW mixer or 
recording channel. I noticed a block of wood above one of the knobs (it could 
serve as a finger rest) and I asked John LaGrou what that was all about. It’s to 
remind the user that with all the digital circuitry inside, it’s still pure analog at 
heart. This one was ebony, but you’ll be able to order your HV-3R with your 
choice of exotic hardwoods. http://www.mil-media.com/docs/products/index.shtml 
 
Signal Processors 
 
Rupert Neve’s new company, Portico, announced the model 5042 two channel 
“True Tape” analog tape saturation emulator. The concept always seemed a little 
silly to me, but there’s a market out there for something to “warm up” digital 
recordings, and they usually strive to create a tape-like sound quality. Sir Rupert 
certainly knows what analog tape recording sounds like and strives for accuracy 
and realism in his designs, so he may have been successful with this one. While 
I didn’t see inside, it’s described as containing a “tiny magnetic head” which may 
in reality be a transformer with saturation characteristics similar to analog tape. 
Or it may be in there as an inductor fed with enough current so that it saturates 
and provides non-linear response. There’s a 7.5/15 ips switch (real tape users 
don’t use 15 ips) which, legitimately, could change the emphasis and de-
emphasis (frequency response) of the signal being fed to the saturating 
component. http://www.rupertneve.com/portico5042.html 
 
Pendulum Audio’s new PL-2 is a two-channel stand-alone version of the limiter in 
their Quartet II tube recording channel. It’s all solid state (the first all non-tube 
unit in Pendulum’s product line) and features a selectable JFET (harder limiting) 
or MOSFET (a little softer) control element. While both limit fast enough to 
prevent digital “overs,” their gain control envelope shape looks (and sounds) 
different. The two channels can be linked for stereo operation or used 
independently. http://www.pendulumaudio.com/ 
 
Shadow Hills Industries builds gear reminiscent of the broadcast and military 
electronics of the 1950s – like the proverbial brick shithouse. The two channel 
Mastering Compressor utilizes both a T4B optical gain control element (as used 
in the Teletronix/UREI LA2 limiter) and a discrete VCA in series, with just about 
everything adjustable for a wide range of gain control envelope shapes. Either 
gain control element can be bypassed for additional flexibility. It contains three 
separate output transformers which can be selected by front panel switch labeled 
Nickel/Iron/Steel (for the core material) to give the sound character of selected 
famous consoles. In true pre-war (that’s pre WWI) fashion, there’s a green 
electroluminescent “magic eye” tube for a pilot light. The power supply is external 
(not a wall wart!!!!). I didn’t try to lift the compressor, but it’s definitely not 
something you’d want to take along with your laptop computer for a remote gig. 
http://www.shadowhillsindustries.com/ 
 



Roll Music Systems broke into the field last year with a passive summing mixer, 
and this year showed a new compressor that they’ve been developing over the 
past couple of years. The RMS755 Super Stereo Compressor is designed to 
work on a stereo mix (these days it’s usually referred to as “2-bus compressor”) 
to keep overall dynamics in check without burying the vocal or making the snare 
drum louder than everything else. There’s a single set of controls for both 
channels, a 150 Hz high-pass filter that can be inserted in the side chain to avoid 
pumping on a bass-heavy mix, and a dual-slope release mode that allows fast 
recovery from transients while holding back on sustained loud passages. It’s 
nicely built on a steel chassis, with an internal power supply, mostly by hand, in 
Minneapolis, by our net friend Justin Ulysses Morse.  
http://www.rollmusic.com/systems/superstereo.shtml 
 
Converters and Computer Audio Interfaces 
 
While we often have many devices in our studios that have their own D/A 
converters, it makes a certain degree of sense, to maintain consistency, to have 
a single, high quality D/A converter ahead of the monitor speakers so that no 
matter what the digital source, you always listen through the same D/A process. 
That way you can tell for sure, when the CD sounds different from the DAW 
master, that it really sounds different, or if it’s just the CD player that sounds 
different. Benchmark Media sort of set the benchmark for the dedicated nominal 
$1,000 outboard D/A converter a couple of years ago with their DAC-1.  
 
Now, Lavry Engineering has joined the desktop D/A club with the DA10, a similar 
looking package, half-rack sized, and designed to go either in a rack or on the 
desk top. Dan Lavry professes that we can’t make a good 192 kHz converter 
from today’s components, so this one only goes to 96 kHz, but it features Lavry’s 
low jitter conversion that doesn’t depend on re-clocking, however, a sample rate 
conversion mode is provided for non-standard sample rates. Inputs are AES/EBU 
on an XLR, or S/PDIF on optical or RCA connectors. Instead of a pot for output 
level control, there’s a digital attenuator with a two-digit display, adjustable in 
1 dB steps with an up/down toggle switch. This is handy if you have adopted the 
use of a calibrated monitor level.  
http://www.lavryengineering.com/productspage_da_10.html 
 
Benchmark has been promising an A/D companion for their DAC-1 D/A converter 
for quite a while, and finally the ADC-1 has been released. This one goes to 192, 
with 24-bit resolution on XLR, BNC and optical (both stereo and selected pairs of 
ADAT output). In addition, there’s an auxiliary 44.1/48 kHz 24-bit or dithered 
16-bit output that’s independent of the main output’s sample rate, for use on a 
CD-R or DAT as backup. This output can also be configured as a second copy of 
the main output. Inputs are line level, either calibrated to +14 dBu = 0 dBFS or 
adjustable with a detented attenuator for input levels up to +29 dBu for full scale. 
An external word clock input takes AES3, word clock, or Digidesign’s 
SuperClock, applying it to Benchmark’s UltraLock circuitry to eliminate the effect 



of incoming jitter. Word clock output is also provided. 
http://www.benchmarkmedia.com/adc1/ 
 
Recording interfaces are getting cuter and cuter, and the Inspire 1394 from 
Presonus is about the cutest one yet. Barely a small handful, all it has on the box 
is connectors – two each XLR (mics) and ¼” (instrument) on the front, RCA line 
outputs, a mini headphone jack, and an RCA jack pair that’s switchable between 
line level and RIAA-equalized phonograph inputs. It uses a Firewire (IEEE 1394) 
port to talk to the computer and all controls are handled through a software 
application. The software application provides level controls for all the inputs 
(well, actually four inputs, two front, two rear), switches phantom power, mic pad, 
a limiter, controls the headphone and main output levels, and serves as a mixer 
for the computer playback and input sources for true no-latency monitoring. A 
pair of Firewire connectors and a clever driver allows daisy-chaining of up to four 
Inspires. Get one for each member of your band. Recording is 24-bit up to 
96 kHz sample rate. One can be powered by the Firewire bus, but if you’re 
stringing several together, there’s a socket for an external power supply. For 
$200, you get the interface plus a software bundle including Cubase LE, a 
version of Acid, a drum program, a collection of drum loops, and Diskwelder 
Bronze for burning DVDs. No MIDI on this one, but just about everything else a 
solo recordist needs. http://www.presonus.com/inspire1394.html 
 
Lexicon introduced the Lambda USB recording interface, a slightly scaled down 
version of their Omega recording interface. The Lambda has a pair of XLR mic 
inputs, a pair of ¼” line input jacks, and (curiously only) one instrument input. In 
addition, there’s MIDI IN and OUT.  A pair of TRS insert jacks allows you to patch 
in a processor ahead of the A/D converters, and real knobs on the front panel 
control a mix of up to four inputs to two recording channels. Like the Presonus 
Inspire (and the TASCAM US-122, that pioneered the concept on interfaces like 
this) the front panel controls allow mixing the inputs with the DAW playback for 
zero-latency monitoring through the headphones and main outputs. The Lambda 
is bundled with Cubase LE and Lexicon’s Pantheon reverb plug-in. Recording is 
16- or 24-bit at 44.1 or 48 kHz. Like the new Presonus, it’s $200. 
http://www.lexiconpro.com/ 
 
Mackie has expanded their desktop recording line once more with the 
Onyx 1200F, a rack mounted 192 kHz 24-bit Firewire interface sporting twelve 
Onyx mic preamps with combo XLR-1/4” jacks which double as line inputs. In 
addition, there are two ADAT optical inputs and outputs, plus coax S/PDIF and 
AES/EBU XLR digital stereo inputs and outputs, two sets of control room outputs, 
and a DB-25 connector for eight balanced analog outputs (primarily for surround 
monitoring). Inputs 1 and 2 have balanced (yup, two jacks each) insert sends and 
returns, there’s a pair of front panel instrument jacks that share inputs 11/12, and 
four headphone outputs with individual volume controls.  
 



An internal mixer and router (this is the DSP you’ll see in the ad copy when it 
comes out) sends any input to any output, so you those individual headphone 
outputs can each have its own mix. Routing configurations stick when power is 
removed, so you can use it as a simple recording mixer without a computer. Two 
MIDI IN and OUT connectors, word clock in and out, an XLR for a talkback mic 
(and a footswitch jack to control it) and one more footswitch jack that I can’t 
remember what it does completes the I/O setup. The way Mackie counts it, that’s 
30 inputs and 34 outputs.  
 
There are two Firewire ports which allows daisy-chaining, but, particularly at high 
sample rates, it’s kind of pushing the limits of the Firewire interface. One question 
that’s been asked a bit is whether the 1200F can be used together with the Onyx 
mixer Firewire interface to expand the input and output capability. This is, in 
theory, possible with Mac OS-X using a feature that combines drivers, but 
presently, since the two devices use a different Firewire bridge chip and hence 
different drivers, this can’t be done under Windows. There’s hope, though. Price 
is $1,995, shipping some time next year. At the moment, all the info is a press 
release, but watch the obvious space. 
http://www.mackie.com/press/2005/aes/10_07_05_1200F.html 
 
Clocks ‘n Stuff 
 
Antelope Audio, heir apparent to Aardvark Audio, has a pair of high precision 
multi-output master word clock generators. The Isochrone OCX is intended for 
audio applications and provides eight low jitter word clock, plus two AES/EBU 
and two S/PDIF outputs as well as 256x SuperClock. The OCX-V is similar, but is 
designed to work with video applications as well, adding 1% and 4% pull-up and 
pull-down clock rates. Should you happen to have a rubidium frequency standard 
around the studio, both of these units will lock to it for the most accurate clock 
rate on earth, literally. The Antelope DA is a word clock distribution amplifier 
sending a word clock input to eight word clock, two S/PDIF and two AES/EBU 
outputs. http://www.antelopeaudio.com/products_iso.html 
 
Brainstorm Electronics’ flagship product for many years has been the SMPTE 
Time Code Distripalyzer, a device for distributing, analyzing, and cleaning up 
time code. Now they have the DCD-8 Word Clock Distripalyzer, a similar Swiss 
Army Knife for word clock functions. It’s a distributor, routing up to three inputs to 
up to eight outputs, regenerating the word clock input source internally to reduce 
jitter. The analyzer includes a high resolution frequency counter and displays 
phase difference between input sources. It contains an internal frequency 
standard so it can operate as a stand-alone clock, and it can generate up to two 
crystal-locked low jitter clock frequencies from a single input reference. For 
instance, you could get both 44.1 and 48 kHz clocks referenced to a single video 
reference. http://www.brainstormtime.com (though it was down when I was 
writing this) 
 



 
No Needles, No Wear 
 
The ELP Laser Turntable is the latest realization of the idea that phonograph 
records can be played optically. The record goes in on a tray like a big CD, you 
set the speed, and push the Play button. Two lasers scan the groove walls, two 
track the groove pitch, and one detects warp. There are tweak adjustments for 
the height along the groove wall, and speed is variable in 0.1 RPM steps from 30 
to 50 RPM and in 0.2 RPM steps from 60 to 90 RPM. Outputs are either RIAA 
equalized at phono level to directly replace your existing turntable or flat to go 
into an external phono equalizer. It sounded pretty good on the record they were 
playing in the show. At about nineteen grand though (for that you get a Nitty 
Gritty record cleaner – it works better on clean records), I think I’ll stick with the 
old wind-up Victrola. http://www.audioturntable.com/ 
 
Software Stuff 
 
Digidesign ProTools 7. Yadda, yadda, yadda. Don’t have it, don’t need it. You 
know more about it than I do, but it was hard not to notice the crowds.  
 
However, Source-Connect from Source Elements is a ProTools plug-in that 
connects two ProTools systems over the Internet, allowing remote recording and 
playback just as if you were there. It works over T1, cable or DSL using data 
compression up to 160 kbs, so it’s not really studio quality, but fine for auditions, 
demos, narration, and even stuff that you can excuse a little loss of fidelity to get 
the job done cheaply and quickly. The neat thing about this program is how 
nicely the functions are integrated. You have a contact list to connect to your 
customers or collaborators, it has some bookkeeping features, it does video so 
you can do dialog replacement, and it keeps things lined up in time. It provides 
both voice chat and text messaging so you can go over details, and it records in 
whatever format the receiving system is set up to do. At $1495 a copy it’s a little 
expensive to use for jamming with your friends, but I can see real potential for 
production work in the right fields. Play with a demo at  
http://www.source-elements.com/ 
 
A couple of yards back, I mentioned that the Mackie Onyx mixer Firewire adapter 
and 1200F (and 400F, too, but that’s last year’s model) couldn’t be used together 
in a Windows system because they required different drivers and Windows only 
lets you use one at a time? Well, CEntrance has a solution to that problem, a 
universal driver for Firewire audio devices. The CEntrance driver is (or will be, 
when the get some more modules written) compatible with various Firewire 
bridges, and will recognize multiple devices connected to the same Firewire bus, 
and make Windows think they’re all one device. At the show, they had it working 
with a Presonus (I think) and an M-Audio interface, demonstrating the concept 
that if you just needed a couple more inputs, you didn’t have to replace your 
whole audio interface, you could simply add to it. I did discuss the Mackie issue 



with them and they told me that the TI Firewire audio chip that’s used in the 400F 
and 1200F (those are Echo designs while the mixer Firewire interface is 
Sanewave, using the BridgeCo chip) is one that they haven’t written for yet, but if 
there’s a demand, they’ll do it. Since Mackie is already a client of theirs, the door 
is open. http://www.centrance.com/ 
 
Best Sound of the Show 
 
This is probably cheating, but the best sound wasn’t coming from headphones or 
speakers, but from a real Yamaha grand piano in the Zenph Studios demo room. 
They’ve developed some clever software using pitch and amplitude detection 
and prediction technology when there’s not enough data to be sure, and are 
converting solo piano recordings into high resolution MIDI-like data which can be 
played by a high resolution version of Yamaha’s Disklavier reproducing piano. 
The goal, and they’re fairly successful, is to capture the dynamics and timing of 
the live performance that was recorded, and play it back without the record wear 
and on a high quality instrument. One application is to record the piano under 
modern studio conditions to make a better-than-original replication of the pianist’s 
original performance. They were playing some Art Tatum and Glenn Gould 
material, comparing the phonograph record with the real piano. It was pretty 
impressive. In tune, no wow, and not stiff like some MIDI transcriptions. 
Download a sample at http://www.zenph.com/ 
 
Additions – Things that came to the surface later: 
 

There are always things that come to mind after I finish the report 
that I didn't bring home literature about. I guess I need one of those  
pocket-sized recorders after all. I lose notes that I write on paper  
because usually all I have is the back side of press releases to write  
on, and I see the press release side first and throw the paper away.  

Worth noting is Speck's new X-Sum line level mixer, something that everyone 
seems to want. It's more than a place to plug in all your keyboards, it has 16 
stereo inputs with level and pan, and each pair can be assigned to either the 
main output or a Mix-B output. Either output can be monitored via the built-in 
headphone amplifier, and multiple units can be stacked for more inputs:  
http://www.speck.com/XSum/XSum.shtml  

Another is NHT's newest integration of the DEQX DSP system with a power  
amplifier. The DEQX serves as the crossover and corrects the speaker in  
the frequency and time domain, making for frequency response out of the  
speaker flat +/- 0.5 dB over its working range of 55 Hz to 20 kHz. It's  
not a room correction system, so you still need to take care of that  
part. What reminded me that NHT had something worth mentioning is the  
button they were handing out, another thing worth mentioning. The  



graphic is a cat surrounded by the numbers 1 through 9, representing 9  
lives. 1-4 are marked out, signifying that the company is on its fifth  
"life" with a fifth owner. http://www.nhtpro.com/mastering.html#  

 
That’s All, Folks 
 
Lots more at the show, of course, but that’s what stuck in my feeble brain.  


