
Audio Engineering Society 145th Convention Report 
October 17-20, 2018 

New York, NY 
 

© 2018 - Mike Rivers 
 
 
Once again, the US AES convention was back in New York, and, as was the 
case last year, partnering with the National Association of Broadcasters’ (NAB) 
winter show. While each show had its own technical program and exhibit space, 
each organization offered access to the others’ exhibits and exhibit-floor 
technical presentations. This was to encourage cross-pollenization between the 
audio and video communities, giving the NAB folks better exposure to pro audio 
products and techniques, and giving the AES folks better exposure to new 
opportunities in audio-for-video. With immersive audio and virtual reality 
depending closely on each other, this makes a certain degree of sense. Last year 
I saw relatively few NAB badges around the AES exhibits, and vice versa, but 
this year, the AES exhibit area had plenty of NAB visitors, so I guess they’re on 
the right track. 
 
In addition to the exhibits, the Project Studio Expo stage presented a wide variety 
of lectures and demonstrations oriented toward music recording and productions, 
while the Live Production stage covered topics relating to theater, broadcast, and 
live music events. The Mix With The Masters program presented talks, demos, 
and Q&A with more than a dozen well know producers and engineers. Finally, 
one large room wired for surround sound hosted the Special Events program 
covering a wide variety of topics throughout the show.  
 
One new program area this year was the Audio Builders Workshop. This was the 
traveling show version of a program developed and hosted by the Boston chapter 
of the AES. Before off-the-shelf studio equipment was common, most recording 
studio gear was built from scratch or modified from broadcast gear. The goal of 
this workshop was to encourage today’s crop of engineers to take up the 
soldering iron again. In addition to talks about planning projects and basic 
elements of design, there was a session on coding for common and inexpensive 
DSP hardware, and attendees, even total novices, had the opportunity to build a 
simple electronics project.  
 
Although the exhibit area was fairly compact (booths, like studios, continue to get 
smaller and smaller) the show appeared to be busier than last year, with aisles 
crowded every day. While some usual exhibitors were conspicuous by their 
absence, there were over 300 brands showing their wares, including 37 
newcomers and a few MIAs from previous recent shows who returned to exhibit 
at this one. There were nearly 14,000 registrants, a bit down from last year, but 



that doesn’t include NAB registrants from the other end of the hall. The exhibitors 
were happy with the traffic, and that’s a good thing.  
 
So, getting down to the nuts and bolts, here are some of the things from the 
show floor that I found particularly interesting. The usual disclaimer: I can’t 
possibly cover everything at the show – I’ll leave that to the publications and on-
line resources that have a real staff and budget. Here’s what caught my eye and 
ear, in no particular order: 
 
 
Speakers 
 
Project Lone Pine, named for the town in California 
that’s a common starting point for hikers climbing Mt. 
Whitney, is the first series of products from a new 
company, Kali Audio. Their LP-6 and LP-8 are very 
honest-sounding powered 2-way speakers, with 6 and 
8 designating the size of their woofers. The woofer and 
tweeter in the LP-6 are each powered by a 40-watt 
class D amplifier, while the LP-8’s larger woofer gets a 
60-watt amplifier. The woofer is a custom design, while 
the tweeter fires into a waveguide for a wider sweet 
spot. The cabinet is ported on the front. An XLR and ¼” 
TRS jack provide line level balanced inputs, while an 
RCA jack offers an unbalanced input, with a switch to 
add more gain if the RCA input is driven from a 
consumer-level source. Input sensitivity of the balanced inputs with the level 
control set in its 0 dB position (its range is off to +6 dB) is +4 dBu for 85 dB SPL 
at 2 meters with 20 dB of headroom, and maximum output level of 112 dB SPL. 
This means it won’t blow your hat off, but will produce a good level for mixing and 
playback in a smallish room.  
 

Rather than the usual limited-range high and low 
frequency boost/cut controls for boundary 
compensation, the LPs have a group of three DIP 
switches corresponding to eight typical mounting 
positions. These positions are illustrated on the rear 
panel (and in the manual, too) with recommended 
settings for each case – a wall, a desktop, or free-
standing, for example. Two other pairs of DIP 

switches engage a fixed 2 dB boost or cut at 20 Hz and 700 Hz for low and high 
frequency response trimming. 
 
I probably wouldn’t have given these speakers more than a glance had it not 
been for high praise for them from Wes Dooley (of AEA ribbon mics), whose 
booth was next to Kali’s. I had a chat with the designer, and attended a little 



listening demo off site to hear what they could really do. They do what he claims. 
No hyped midrange, no booming bass, just a good representation of the source. 
They didn’t have any old fiddle and banjo music, not even contemporary 
bluegrass, on their playlist, but a small jazz combo with female vocal (Diana 
Krall) and a 1960s Charlie Mingus quartet gave me pretty good confidence that I 
could mix comfortably on them. The hip-hop folks really liked the bass and kick 
drum sound on other recordings, and the speakers even did a pretty good job 
with the 1812 Overture cannons, though the 12 Hz fundamental was many bits 
away from the woofer due to the DSP equalization circuitry. I couldn’t even see 
the cone moving at that frequency. 
 
The price is a mere $150 each for the 6” model. The 8” model, which won’t be 
available for a few more months, I believe, is $225 each. If most of your work is 
with high energy music, it might be worth waiting for the larger model. I heard 
both, though not with the same material or mounting position - the LP-8 can get 
just a tad louder than the LP-6, though the low frequency response spec is only 
different by a few Hz. Physics is at work here – a larger diaphragm can move 
more air for the same amount of excursion. There are several speakers in this 
price and size range, and these are definitely worth consideration.  
https://www.kaliaudio.com/ 
 
On the other end of the scale, Genelec showed a new speaker, the S360. This 
relatively compact 2-way powered speaker features a 10” woofer, both analog 
and AES3 digital inputs, and integration with the company’s SAM (Smart Active 
Monitor) control software. The software provides automatic frequency response 
and delay calibration, as well as full control of multiple speakers in a surround or 
immersive setup. At $4,600 each, these are serious high end monitors, more 
appropriate for a film mixing theater than a back room desktop studio.  
https://www.genelec.com/studio-monitors/sam-master-studio-monitors/s360-sam-
studio-monitor 
 
 
While we’re looking at things to listen with, how 
about ribbon headphones? The RAAL SRH-1A 
reference monitor headphones are something 
a little out of the ordinary. They’re large, they’re 
not at all as uncomfortable as they look, and 
they sound really, really good.  
 
These are in the class of “on the ear 
loudspeakers” and they sound a lot like 
speakers up close. They’re $3,500 (not the 
most expensive headphones I saw at the 
show) and, at this point, one of a kind. This 
isn’t something you can plug into your mobile 
phone – they take a pretty hefty amplifier to drive them, and they’re supplied with 



an interface between the amplifier and headphones that provides a impedance 
source of 0.2 Ohms to feed the headphones. Now that’s a low impedance 
headphone! Requisite Audio is a boutique builder of audiophile grade tube based 
pro audio gear, so the build quality and performance of these headphones should 
justify the price, if you like the sound.  
https://raalrequisite.com/ 
 
 
Microphones 
 
AEA introduced a new ribbon mic to their KU line. The KU5A is a different sort of 
beast than the classic “RCA-style” ribbon mics that AEA is known for. This one is 
an end-address design with a supercardioid directivity pattern. The KU5A design 
and functionality is inspired by the RCA BK-5 (hence the “5” in the AEA model 
number) but it’s not a clone - the guts are quite different. A rather 
large and complex baffle assembly mounted behind the ribbon 
creates the supercardioid pattern by providing a phase-shifted 
and damped path for sound entering from the rear. In addition, 
the baffle contributes to controlling proximity effect.  
 
A custom transformer (the same one used in AEA’s NUVO series) matches the 
ribbon element to a built-in JFET phantom powered pre-preamp. While the KU5A 
is intended for close work, a 6 dB/octave low-cut shelving filter can be switched 
in when needed to tame the proximity effect.  
 

The ribbon is rugged (as ribbons go) and is 
well protected against plosives by seven 
layers of material between the grill and the 
ribbon assembly. This gives it the ability to be 
placed close to an instrument amplifier or 
even a snare drum without risk of damage. 
Since the mic has no pad switch, I expect 
that the active electronics has sufficient 
headroom to take all that the ribbon can give. 
Suggested applications are . . . well, just 
about anything except distant miking. I think 
it’s fair to think about the KU5A as the best 
Shure SM57, or better yet, SM7, that you’ve 

ever used. Price is $999, hopefully shipping December 2018. 
 
I’d like to give a nod to AEA’s Nathan Bowers, the principal designer of this mic. 
Wes Dooley, who started AEA many years ago, has been studying and designing 
ribbon mics for years and years, and it’s great to see that his knowledge, 
experience, and craftsmanship is being passed along to the next generation.   
https://www.aearibbonmics.com/products/ku5a/ 
    



 
Moving away from traditional microphones, we have the new 
HypeMic from Apogee Digital. It’s a smallish large format 
side address mic with a feature set suggesting tabletop 
podcasting applications rather than studio recording. It 
connects via USB to a Windows or Mac PC or iOS mobile 
device for plug-and play recording. There’s a compressor on 
the analog side of the A/D converter that’s un-adjusable and 
always on, that sits ahead of the manual preamp gain 
control. It’s capable of 24-bit recording up to 96 kHz sample 
rate. There’s a headphone amplifier – the output jack is on 
the bottom of the mic, alongside the USB connector – that 
provides a direct analog path to the headphones for true 
zero latency monitoring. It also supports playback via the USB connection, with a 
control for mixing playback with the direct mic signal. It’s supplied with Lightning, 
USB-C, and USB-A cables and a desktop stand. This will be particularly welcome 
to those who have a mobile device without a conventional analog headphone 
jack. After all, it is an Apogee D/A converter inside so playback of anything will 
sound great. This model is new enough not to be on the web site yet, but it 
appears to be an update to their MIC+. Here’s that link, so you can get more info: 
http://www.apogeedigital.com/products/mic 
 
  
Last year, Antelope Audio introduced a line of microphones together with 
companion modeling software that makes the mic sound like one of a choice of 
several well-known mics. Initially, I thought that the modeling software worked 
only with the DSP engine in Antelope’s audio interfaces, but I learned this time 
around that the modeling software could run as a DAW native VST, AU, or AAX 
plug-in (you need an iLok to authorize it on a computer). While the Antelope 
hardware will give the most accurate emulation since its preamp loading and 
response characteristics are known, you can use an Edge with any mic preamp 
and interface.  

 
What’s new this year is the Edge Duo and 
Quadro large capsule dual diaphragm 
condenser mics that output independent signals 
from their front and rear diaphragms. Having 
these independent outputs allows the actual 
directivity pattern of the modeled mic to be 
created, something lacking when modeling 
anything but a cardioid mic from another 
cardioid mic. A 5-meter breakout cable, shock 
mount, pop filter, and road case are included. 
 
The Edge Quadro is a stereo mic with two Duo 
capsules in a single case, with the top capsule 



being rotatable. By adjusting the relative on-axis angle between the two 
capsules, you can create an X-Y pair of cardioids, a Blumlein pair of crossed 
figure-8s, an M-S pair, or any other combination of coincident mics that you can 
dream up. The Duo is priced at $1095, the Quadro at $2995. 
https://en.antelopeaudio.com/products/edge-duo/ 
https://en.antelopeaudio.com/products/edge-quadro 
  
 
Mic Preamps  
 
In 1994, Grace Design introduced their 
first product, the Model 801 8-channel 
mic preamp. In 2006, it became the 
M801 with some refinements including 
a mode optimized for low output 
ribbon mics. This year brought the 
M801mk2 with some design 
improvements which significantly 
improve low noise performance at low 
gain, wider bandwidth on the low frequency end to improve phase response, 
better RF/EMI rejection, and an internal 100-240v AC power supply. Oh, and a 
nicer looking black front panel.  
 
I’ve written a lot about specifications over the years, and one qualifier that I’ve 
always made about a preamp’s impressive EIN (Equivalent Input Noise) 
performance is that it’s always measured at maximum gain – because that’s 
where the numbers look better. Measure a 60 dB preamp with the gain turned 
down to 20 dB and measured noise performance is noticeably worse. In today’s 
digital world, however, you might just notice a little extra noise on that snare track 
when you were using a mic without a pad and have to turn the preamp gain 
down. This new update maintains a good signal-to-noise ratio even at low gain.  
http://www.gracedesign.com/products/m801/m801mk2.htm 
  

Neve was showing 
a new 2-channel 
preamp, the 5211. 
Evolved from 
Rupert Neve 

Designs’ first product, the Portico 5012. The new preamp is housed in a full rack 
width 1-unit high chassis rather than the half-rack 5012. The 5211 uses 
transformers from their Shelford Channel series and adds a variable Silk 
“Texture” control. In addition, the electronics have been updated to work with a 
new ±21 volt internal power supply for greater headroom and improved noise 
performance. The 5211 offers 72 dB of gain in 6 dB steps with a ± 6dB 
continuously variable trim control. Maximum output level is +26 dBu, but for those 
who like it hot, there’s a -6 dB tap on the output transformer (this is internal) so it 



can be driven to maximum saturation while keeping the output level going to the 
next device in the chain down to a civilized maximum of +20 dBu. The switchable 
low cut filter is continuously adjustable between 20 and 250 Hz and an 8-
segment bar graph meter shows you where you are in the headroom range.    
https://rupertneve.com/products/5211 
 
 
The sE Electronics DM1 Dynamite is an active 
in-line fixed gain 28 dB pre-preamp for low 
output ribbon and dynamic mics. There are 
several of these devices on the market today – I 
believe that the Cloudlifter from Cloud 
Microphones was the first – and this is just one 
more, in a slick package. With some clever cable 
management, it will probably plug directly on to 
most mics that can benefit from a gain boost and buffer. Don’t carry it on an 
airplane, though.  
https://www.seelectronics.com/dm1-dynamite-active-inline-preamp/ 
 
 
Signal Processors 
 
Thermionic Culture showed two new equalizers, Swift and Kite. The Swift is an 
all tube 2-channel equalizer that has a lot of Pultec in it, particularly in the 
midrange. A Baxandall boost/cut shelving-style equalizer, with selectable corner 
frequencies of 50 or 100 Hz on the 
bottom and 7 and 12 kHz on top 
handles the bottom and top ends. With 
the Baxandall circuit, boosting or cutting 
moves the frequency where the “shelf” 
flattens out up or down toward the 
specified corner frequency. It affects 
music in a different sounding way than 
the more conventional hump or shelf at 
a specified frequency. Like every other equalizer, it works better on some things. 
This graph isn’t (to my knowledge, anyway) the Swift’s curves; I included it here 
in case you’re not familiar with the term. 



 
There are two mid-range control sections, one for boost, the other for cut, each 
with a choice of four frequencies and three bandwidths (Q). A Presence switch 
adds a gentle lift to the mid-high frequencies, and to top and bottom it off, there’s 
a continuously variable Air control and a switched high pass (low cut) filter going 
from off to 68 Hz in five steps. Each channel has its own output level trim control 
(-4.5 to +3 dB) with an extra 6 dB of attenuation that can be switched in to sit on 
the output when you’re really slamming the tubes and transformers. Finally, each 
channel has a bypass switch. 
 
The Kite is so new that there’s not much of a description of it yet, so I don’t have 
much to go on but a fuzzy picture and my fuzzy memory. Like the Swift, it’s a 
stereo all-tube equalizer though, with the exception of an output level trim for 
each channel, a single set of controls operates both channels. Also, unlike the 
Swift, all pots are detented for accurate recall, suggesting that, while you can use 
it wherever it works, this might be considered a “mastering” equalizer.  
 

There are several adjustments for the Kite’s low end, further suggesting its use in 
mastering applications. (Bass often gets considerable massaging in mastering) 
There’s a Bass Boost at 70 or 140 Hz, a Bass Cut at 1 kHz or 400 Hz, and a 
12 dB/octave high pass filter at 20 or 40 Hz. Bass boost and cut controls can be 
used together to get a mid-range dip. High end boost is at either 700 Hz or 
1.2 kHz. There’s an Air control and a 6-position Attitude switch (1-5 and Max), 
and individual bypass switches for each channel. Thermionic’s description of 
Attitude is that it adds “those special 2nd harmonics only possible with valves” 
(tubes). Curiously, the standard edition has “semi floating” inputs, whatever that 
means, and unbalanced outputs, both on XLR connectors. A transformer 
balanced version is available, which includes a purple panel.  
 
Just a snarky side comment here – I’ve always believed that the distortion and 
saturation that we love about tube equipment (or miss in solid state equipment) is 
attributed in large part, to the transformers that are essential for matching the 
tube circuitry to the outside world. In fact, I attended a panel discussion at this 
show where exactly this was discussed and debated. Just sayin’. 
http://thermionicculture.com/index.php/products/the-swift-detail 
http://thermionicculture.com/index.php/products/the-kite-detail 
 
 



Solid State Logic displayed the Fusion, a new 5-function stereo processor box 
that leans strongly toward intentional coloration than being a “fixit” tool. This isn’t 
a collection of existing SSL circuits, these are all fresh designs with the whole 
combination intended to be used as an outboard analog processor in a DAW-
based studio. The processes themselves suggest this – it’s SSL’s slant on what 
you might currently be using software plug-ins for, and have a hankering for the 
real thing. 
 

 
  
There’s a pair of balanced line level inputs and outputs as well as a pair of 
balanced insert sends and returns for adding additional outboard hardware to the 
processing chain. The order of the processors is fixed – There’s an input trim and 
4-frequency high pass filter at the beginning of the chain, followed in order by the 
drive circuit, EQ, compressor, stereo imager, and a transformer. The Insert, if 
used, can be either near the front of the chain, between the Drive and EQ 
circuits, or near the end, just ahead of the Transformer.  
 
There are actually two Insert modes. In the standard mode, an outboard stereo 
processor is inserted at the selected point in the chain – standard, right? In the 
M-S Insert mode, the stereo signal path gets split into mid (center) and side 
components before it goes to the Insert Sends, and what comes in from the 
Insert Returns gets re-assembled into left and right stereo. This allows you to EQ 
the mid and side components separately, compress the mid component and 
leave the side alone, or EQ it. Many DAWs or software plug-ins offer M-S 
processing so it might be old hat to you, but here’s a way to do it with analog 
hardware if you have it. In the Insert M-S mode, the outboard M-S processor can 
be inserted either before or after the Stereo processor.  
 
Here’s a quick summary of the Fusion’s “color” processors: 
Vintage Drive has two controls, Drive and Density. Density produces 2nd order 
harmonics near the low end of its rotation, and as it’s turned up, adds more 
higher order harmonics. The actual percentage of harmonic distortion stays 
about the same, just the balance of the distortion products runs from smooth and 
sweet to trashy. Drive increases the overall level of the harmonics while 
decreasing the output level so that the actual peak level doesn’t increase with the 
added harmonics.  
 
Violet EQ is a two band gentle shelving equalizer with what looks like a 
Baxandall curve shape. Target frequencies are 30, 50, 70, and 90 Hz on the low 
band and 8, 12, 16, and 20 kHz on the high band.  



 
The HF Compressor has a filter in the side chain. The frequency at which gain 
reduction starts is adjusted (between 3 and 20 kHz) using the X-Over control. 
The Threshold control is conventional. Note that the side chain filter can’t be 
bypassed. If you want overall compression, you’ll have to get it elsewhere. 
 
The Stereo Image processor splits the left and right stereo into its mid and side 
components. The Width control adjusts the level of the Side component relative 
to the Mid component. The Space control introduces a low (unspecified) 
frequency boost or cut to the Side component. This can have the effect of adding 
spaciousness.  
 
The Transformer is . . . well . . . a crummy-but-good transformer designed to be 
an effect.  
https://www.solidstatelogic.com/fusion 
 
 
 
Analog Tape Recording Lives! 
 

As late as half a dozen years ago, it wasn’t hard to 
find a used Ampex AG-440  in  working condition 
for under a grand, and for another $500 or so, it 
could be put in tip-top shape. But those days are 
gone. Nearly that aren’t complete junkers have 
been gobbled up. The same is true, though at a 
considerably higher price, for Ampex ATR series 
recorders that ATR Magnetics has been 
refurbishing and selling for several years. A 
refurbished ATR-102, when you can find one, 
goes for over ten grand these days.  
 
Chris Mara of Mara Machines and Welcome To 
1979 Studio has taken a liking to MCI tape decks 
and displayed a beautifully refurbished ½” 2-track 
MCI JH-110 at the show. Although the AG-440 

was used in many studios, it was designed for broadcast studio service – 
indestructible and relatively simple to repair, though not particularly gentle with 
tape. MCI’s JH-110, on the other hand, came along a little later, and while similar 
in features to the AG-440, was designed for the studio from the get-go. A Mara 
refurbished ¼” stereo JH-110 starts at $5,000, but it’s a decent machine if you 
want the genuine sound of tape. He doesn’t offer custom electronics as ATR 
Magnetics did (I heard that they dropped this option), but the Mara machines 
come with freshly relapped heads and an electronics overhaul. They’re 
essentially stock, though he does offer a wireless remote control as an option. I 
inquired about a playback-only version (no record and erase heads) at lower cost 



for those who want to archive tape, and that’s a possibility. Mara refurbishes MCI 
JH-24 8-, 16-, and 24-track 2” recorders as well.  
http://maramachines.com/machines/ 
 
 
Nagra, who invented the professional portable tape recorder in the 1950s, still 
builds top grade professional recorders, but they’re all digital today. However, 
they’ve decided to get in on the 
refurbished recorder game and are 
offering (when they can find machines 
to overhaul) a tricked out time code IV-
S complete with the 10-1/2” reel 
adapter for $25,000. This is really a 
special-purpose recorder, not what 
you’d use to get that warm analog 
tape saturation for your studio 
recordings, but if you need one, it’s 
there.  
http://www.nagraaudio.com/ 
 
 
Mixing Consoles 
 
There were plenty of consoles on display, nearly all of them digital, and nearly all 
aimed primarily at live sound applications. That doesn’t interest me enough to 
spend much time looking them over. API, however, a company who has been 
building consoles for the multitrack recording studio for a long time, and is well 
respected for their products, launched the console that I’ve been dreaming about. 
Unfortunately it cost about $86,000 so it’ll be a while before I take out a second 
mortgage to add one to my modest at-home studio.  
 
The new API 
2248 sits 
between 
their Vision 
series and 
the smaller-
studio-sized 
1608 that’s 
been out for 
several 
years. The 
2248 is 
available in a few frame sizes ranging from 24 to 40 input channels. Each 
channel has dual inputs, mostly used as inputs and recorder returns during 
tracking, but both can be used as additional inputs during mixdown.  



 
It’s an in-line design so there are two faders per channel, the large slider and a 
rotary pot, whose functions can be interchanged by a Flip switch. There are four 
dedicated effect returns and 8 subgroup buses and direct outputs on each 
channel for recorder feeds. The 648C mic preamp and input section is, I’m sure, 
similar in sound to another API preamp but I don’t know which one. The equalizer 
section is a 500-series slot that comes stuffed with an API 550A (3-band) for 
channels 1-16 and a 560 (graphic) in channels 17-24. There are eight empty 500 
series slots for additional modules. OK, OK, I should really be calling these VPR 
Alliance slots since API coined that term. The monitor section is configured for up 
to 7.1 surround monitoring.  
 

Automation is provided through 
API’s Final Touch system, which 
includes moving faders and a 
touch screen for setup and 
operation. This is basic console 
automation – faders and mutes, 
not total recall of all the EQ 
settings and such. Along with the 
standard write, read, and update 
functions, there are some new 
features that will be familiar to 

(and expected by) DAW users. Mixes can be stored on a flash memory card. 
Snapshots including fader and switch positions can be saved and recalled for a 
quick starting point when moving between projects. Each time the automation 
time code stops with a fader in the write or update mode, a new mix is saved. 
There’s a history that can be scrolled through from the touch screen so you can 
return to any mix easily. I could rave on and on, but my keyboard is getting damp 
with drool.  
https://apiaudio.com/product.php?id=148&p=1 
 
 
Also new from API is that the long standing1608 has been updated to the1608-II 
with some new design updates that include four stereo effect returns assignable 
to the subgroup buses as well as the stereo bus. Also new, I think, is a global 
fader bypass switch so it can function as an analog summing box for DAW-
recorded tracks. When ordered with the automation option, it now gets the Final 
Touch system.  
https://apiaudio.com/product.php?id=147&p=1 
 
 



Recorder/Mixers 
Now that we’ve looked at recorders and mixers, here are a couple of combos.  
 
TASCAM introduced the Portastudio just shy of 40 years ago. The Model 144 (as 
I recall, it carried the TEAC brand, as TASCAM was just getting established at 
that time) sported a 4-track cassette deck and four channel mixer, and, while 
today’s version is digital, they still a model with that configuration. For a musician 
who doesn’t want to be a system engineer or computer jockey, today’s digital 
Portastudios have a lot to offer in simplicity of operation, functionality, and pretty 
decent sound.  
 

The recently introduced Model 24 offers, 
as the name suggests, 24 track digital 
recording supported by a 16-fader real 
analog mixer. Yup, real100 mm faders 
and real knobs for real engineers, no 
menus (well, some but you won’t be 
switching around often). It can record 
direct to an SD memory card, or can 
function as a 24-channel USB interface 
to a computer.  
 
The mash-up of channel input 
configurations is about what you’d 
expect for a compact integrated 

recording system. All sixteen channel strips have an XLR mic input and a line 
level input on its own ¼” TRS jack. Hooray! No combo jacks, so you can have 
mics and synths plugged into the same channel, with a switch to select between 
the two. Channels 1 and 2’s ¼” jack can be switched to be either a line level 
input or a high impedance instrument DI input. Channels 13 through 20 are 
nominally stereo channels with two line inputs on each of four channel strips, 
however, each strip also has one XLR, you can these as four mic inputs as well, 
though they have a simpler EQ section than the first twelve channels. The last 
channel pair, 21-22, is dedicated to consumer stuff - a Bluetooth receiver, a pair 
of RCA jacks, and a mini phone jack.  
 
There’s a digital effect processor and a 7-band graphic equalizer that can be 
routed to the main or monitor outputs. A small LCD displays a multitude of 
information on a few pages. You can punch in on a track either manually - there’s 
a jack for a foot pedal if you have all of your hands busy with other things - or you 
can set times for automatic punch in/out.  
 
Editing is kind of weak – all you can do is clear one track or all tracks, so if you 
need to assemble a track from fragments, you’ll need to do this on your 
computer. There’s a single phantom power switch for all the channels, so you’ll 
need to be careful when plugging and unplugging mics, and punch-ins are limited 



to 8 simultaneous tracks. This sounds like a silly comparison, but if you’re 
comfortable with a DAW, you’ll be right at home with the Model 24, that is, unless 
you need more than 24 tracks. Then you’ll have to go old school and bounce, but 
you can do that here, too. 
 
In full disclosure, I didn’t actually see this at the show. In fact, I never saw the 
TASCAM booth at all even though, according to the map, it was right next to a 
booth that I remember spending some time at. Maybe I just didn’t notice who I 
was next to, moved in the other direction, and forgot that I wanted to stop at 
TASCAM since I had received a press release about the Model 24 and intended 
to look it over. I’d be embarrassed if I wrote it up as if I saw it and studied it and 
then found out that they had backed out of the show.  
https://tascam.com/us/product/model_24/top 
 
 
The new Zoom LiveTrak L-20 is also a multitrack recorder/mixer, although it 
takes a little different path than the TASCAM Model 24. To me, the Zoom 
suggests a more compact version of a PreSonus StudioLive, like a live mixing 
console that records, while the TASCAM is, well, a Portastudio – it’s main 
function is recording, but you can mix your live show on it and do a decent job. 
 
The L-20’s guts are all digital, 
so there are fewer controls on 
the front panel than on a 
traditional analog mixer. A 
Select button on a channel 
activates the  “channel strip” 
section for that channel, 
giving you access to the 
three-band EQ, effects sends, 
pan, low cut filter, and, on 
mono channels, a 
compressor.  
 
A dead giveaway that it’s 
targeted toward live sound is 
that there are six independent 
mixes in addition to the 
master, and those appear on ¼” TRS jacks labeled Monitor Out. Those can be 
individually configured with a button to be either a stereo headphone output or a 
balanced mono output. Pressing a button corresponding to the monitor output 
switches the faders to control that output.  
 
As with just about every digital mixer, fader settings are remembered. When you 
select a monitor output for mixing, the channel level meters, which are next to the 
faders, change to a single LED that shows the last saved electrical position of the 



fader – or maybe the position of the Master fader - regardless of its mechanical 
position. If you want to change the level on a channel going to the selected 
monitor output, you have to move the fader so that it crosses the “current 
position” LED, and then it will become active and that channel level will stay 
where you left it when you go back to mixing another output with the faders.  
 
Like all good digital mixers, you can save scenes, handy to pull up when you’re 
doing a live show, the banjo player puts down his banjo, picks up a doumbek, 
and you need to change the EQ on the mic for that one song.   
 
I neglected to ask (because I assumed it so) whether the whole channel strip was 
active on a monitor mix, and after glancing through the manual, I think this not 
the case – that the monitor outputs carry the same panning and EQ, and maybe 
even effects that the master bus has and only the levels can be adjusted.  
 
[Note to self: Please, Mike, don’t write a review when you haven’t fully put the 
device through its paces yourself]  
 
One thing I did remember to ask was whether you could do punch-ins on a track, 
and I was told that you couldn’t. However, upon looking at the manual, I see that 
you can, suggesting that this product hasn’t been off the boat long enough for the 
sales folks to fully understand it – or maybe the guy talking with me at the booth 
was the live sound specialist. Unlike a DAW (but just like a tape recorder), a 
punch-in doesn’t appear as a separate file, but rather, the original recording is 
overwritten. I didn’t find “undo” in the manual, so be careful.  
https://www.zoom-na.com/products/production-recording/live-sound-
recording/zoom-livetrak-l-20 
 
 
 
Interfaces 
 
RME introduced the ADI-2 
Pro FS, a 2-in, 4-out A/D/A 
converter and USB interface 
that features sample rates up 
to 786 kHz as well as DSD 
recording. The four outputs 
are a stereo pair, which is 
available as analog line level 
on XLRs and 1/4” TRS jacks, 
and also in digital format on Toslink (optical) and AES3 or S/PDIF coax via a 
supplied breakout cable, plus there’s an independent path to the two front panel 
headphone jacks. The spec sheet states that the Toslink connection works with 
an ADAT stream as well as stereo S/PDIF, but I believe that it’s not the full eight 



channels, but rather your pick of one of the four adjacent pairs. If ADAT I/O is 
important to you, it’s worth asking.  
 
They’re mighty proud of the headphone amplifier, which most likely comes from 
their premium D/A converter (output only), the ADI-2 DAC. RME’s converters and 
drivers have always been top-of-the-line so performance should be up to up to 
anyone’s reasonable expectations.  
 
The Pro FS has some interesting features that you might find useful. First off is 
the detailed LCD that goes well beyond the usual metering and setup display. It 
includes a 30-band (1/3 octave) spectrum display, a graphic display of the 
frequency response curve of the five band parametric equalizers, and, of course, 
extensive setup options. The equalizer can be applied to both line outputs and 
each of the two headphone outputs independently so you can use it to tweak 
your monitor speakers for the room as well as tweak your earphones to best 
match your ears and your preference. Multiple settings can be named, saved, 
and recalled, as well as bypassed, so you can have settings for different 
speakers, different ‘phones, and different rooms. The Volume knob adjusts 
whatever the display says it’s adjusting – selection is by pressing the knob. The 
B and T knobs on the front panel are quick bass and treble adjustments, a carry-
over from the DAC-only ADI-2 (as is the spectrum display and 5-band EQ).  Price 
is $1999. 
https://www.rme-usa.com/adi-2-pro-fs.html 
 
 
The ESI Maya44 eX isn’t a brand new 
product, but I took note of it in light of a 
discussion on a forum about the 
advantages and disadvantages of the 
many ways of connecting an audio 
interface to a computer – USB, Firewire, 
Thunderbolt, Ethernet 
(Dante/AVB/AES67), and good ol’ in-the-
box direct connection to the motherboard. 
As long as the drivers are well written, 
nothing beats a direct bus connection 
(which, Thunderbolt essentially is) for the 
smallest delay getting the audio bits to the 
software that’s processing them. There 
aren’t a lot of bus-connected interfaces around these days since plug-and-play 
devices are easier to install than opening up the computer chassis and finding an 
available card slot, and more and more computers are being built without 
accessory bus connectors. Most of the PCI-connected interfaces available today 
lean toward the high end of the performance and price range, but ESI has what 
we used to call a “sound card” that’s worth a look if your I/O requirements aren’t 



huge and you aren’t squeamish about getting inside your computer – but first, be 
sure it has an open PCIe slot.  
 
The Maya 44 eX is a 24-bit 96 kHz 4-in/4-out PCI audio interface with four ¼” 
TRS jacks and a pair of Toslink sockets for two analog and two digital inputs and 
outputs. Its Windows driver requires Win7 or higher, and, before you ask, no 
Linux driver yet. On a Mac, it appears as a Core Audio device. 
 
Those jacks serve multiple functions, configurable from a software control panel. 
Jack #1 can be either an unbalanced line level stereo input or a balanced mic 
input with phantom power switched by the control panel. Jack #2 can be either 
another unbalanced stereo line level input or a high impedance instrument DI 
input. Jacks #3 and #4 can be stereo outputs, either line or headphone level. The 
two Toslink ports are digital stereo input and output. So there’s a lot of flexibility, 
and some users will find a combination that lets them keep most of their gear 
plugged in most of the time, eliminating the need to get behind the computer.  
 
ESI has been building audio interfaces for a long time and they have a pretty 
wide product range. Their converter chip sets and software drivers are widely 
used by other audio interface manufacturers throughout the industry. They might 
be the most reliable and well-respected company you’ve never heard of.  
https://www.esi-audio.com/products/maya44ex/ 
 
   
Software 
 
Software really isn’t my thing, so while I usually skip over all the emulations of 
famous compressors and equalizers, I occasionally run into something 
fascinating – maybe I don’t know what it’s doing, maybe I like the effect or maybe 
I don’t, but what interests me is (a) that someone would actually want to do that 
to a piece of music and (b) how the developer has approached doing whatever it 
does. With that disclaimer, here are a few things that drew me in.  
 
IZotope RX7 is the latest in this long 
running suite of repair tools. A new tool 
with this release is Music Rebalance. 
There have been times for most of us 
when, after all the tracks are mixed, we 
decide it needs a little more vocal, or a 
little less of the drums, and the 
multitrack session file is unavailable. 
Music Rebalance might be able to help. 
It analyzes a track, attempts to identify 
pre-defined elements of the mix, and 
presents the user with a slider for vocal, 
bass, percussion, and other parts. Move 



the sliders while playing the track and listen to what happens. There are some 
tweaks to help it along with its identification, which is probably helpful in getting  
“other” to be what you’d like to adjust.  
 
This plug-in uses iZotope’s technology for evaluating and manipulating sound 
based on a spectrogram, a principle that crosses over to other tools in their 
product line. For certain kinds of music, this is a tool that could save the day, or 
at least a good part of the day. It’s included in the RX7 Standard package ($399) 
so it will cost you just an arm and you can keep your leg intact.  
https://www.izotope.com/en/products/repair-and-edit/rx.html 
 
 
There are hundreds of reverb plug-ins, and most offer a number of different 
emulations and a few different approaches for calculating the reverberation of a 
source track. Plate from UVI emulates only one reverb device, the plate reverb, 
but rather than giving you a choice of a few different hardware devices (there 
really are only a few), it’s a “custom shop” that uses physical modeling to create 
a reverberated version of what goes into it.  
 

In the real world, a plate reverb is 
pretty simple. It consists of a metal 
plate suspended by springs so it won’t 
go SPROINGGG when you walk by, 
with a couple of transducers driven by 
the audio signal to set it into vibration, 
and a couple of transducers mounted 
on the plate to pick up the plate’s 
vibration. The usual controls are a 

motor-driven pad to damp the plate’s vibration, and some EQ to shape the tone 
of the reverberated signal. The Plate plug-in includes presets for an assortment 
of off-the-shelf steel plate and gold foil reverbs, but you can change the size of 
the plate, the thickness of the material, and the location of the transducers to 
create a custom reverb device. It’s not unlimited – like most physical models of 
instruments, it has to be something that’s practical to build. For example, you 
can’t build a plate with the dimensions of the Washington Monument, but there’s 
quite a bit of range within the practical limits set with the program. From what I 
heard with headphones, its reverb sounds like a plate, and it’s fun to play with the 
controls.  
https://www.uvi.net/en/effects/plate.html 
 
 
Whenever I see a demo of an effect plug-in from Zynaptiq, my eyes, and to a 
certain extent, my brain, glaze over. These folks do some really clever stuff, but, 
man, most of the time they’re waaaaaayyyy out there. Their new processor, 
Wormhole, is like that. I wish I could describe what it does, but since I don’t fully 



understand it, I’ll just quote from the official description and you can take it from 
there.  
 
“From beautifully shimmering detuned 
guitar widening and glassy ambient 
octave-shift tails, to surreal 
ambiences, starship drones, alien, 
monster, and robot voices —
 WORMHOLE is the new 
indispensable multi-effects 
powerhouse for sound designers, 
music producers and film composers 
alike. Combining ultra-clean 
pitch/frequency shifting, eccentric spectral warping, dual lush reverbs, and 
unique dry/wet morphing, WORMHOLE delivers sounds so unearthly you’ll swear 
they’re from a parallel universe.” Listen to the examples on the web site video. 
You’ll hear some effects that sound downright musical, however, if your work 
relies on sounds that nobody’s heard before, I think that’s what it does best.  
http://www.zynaptiq.com/wormhole/ 
 
 
I probably would have said to myself “Intelligent EQ? Bah! Humbug!” and walked 
right past the Soundtheory booth had I not read a review of Gullfoss in a recent 
issue of Recording Magazine that made it sound intriguing for this “can it really 
do that?” kind of guy. What it does is continuously looks at the audio spectrum of 
the source file about 1000 times a second and dynamically adjusts an equalizer 
to achieve what you guide it to do by adjusting its parameters – Recover, Tame, 
Bias, Brighten, and Boost.  
 

Recover boosts elements in a mix 
that are masked, Tame lowers the 
level of the masking elements. 
Bias tells it whether to lean 
toward recovering or taming. 
Brighten and Boost aren’t EQ 
bands as such. Brighten (a 
positive or negative value) 
influences Boost and Tame to 
brighten or darken the upper 
range. Boost does something 
similar to the lows and low mids. 

By default, the process works over the full audio range, but you can close in on a 
frequency range and have it work there, leaving everything else alone. The 
display shows you the frequency response curve in real time, and it’s always 
changing. It gives you an idea of what it’s doing, and you can decide for yourself 



if that correlates with what you’re hearing, or what you need to do to let you hear 
what you want to hear.  
 
While it’s intended to work on a mix where you have a lot of things that interact 
and can affect clarity of certain elements, I think it could be useful on individual 
tracks, too. A demo showed its effectiveness on a player who moved around 
enough to go a bit off mic now and then. It won’t work miracles all the time, but it 
seems to me like it could be useful. By the way, Gullfoss is a word in the 
Icelandic language and is the name of a famous waterfall there. At the moment 
Gullfoss is available for Mac OS-x 10.9 or newer, though a Windows version is in 
the plan. 
https://www.soundtheory.com/home 
 
All of these programs have some sort of free trial version, usually the full version 
for 14 to 30 days. Some require a Pace iLok or at least an iLok account for 
authorization, so read up on what you need before downloading a trial version. 
But if any of this sounds interesting to you, grab a copy and fool around with it.  
 
 
Stuff You Need  
 
Usually I find several useful 
gadgets to report, but at this 
show, all I could get excited 
about in this category is a new 
mic stand coming from Latch 
Lake Music. They make really 
sturdy mic stands, and their 
new 550 series is their latest 
design. It has a tripod base, but 
unlike their 1100 series with 
folding legs, the 550’s legs 
screw into the base. These 
stands are intended more for 
studio use than field recording 
where the folding legs make 
transport more convenient. Of course you can unscrew the legs and take the 550 
out in the field, but you’ll have some loose parts to keep track of if you want to 
compact it for travel. The idea came about when they discovered that people 
were buying their folding-leg stands, using them in the studio, and just moving 
them out of the way without collapsing the legs. The 550 involves fewer moving 
parts and joints than the 1100 series, and legs and stems come in assorted 
lengths. They use the standard rugged Latch Lake clutches and booms. Parts 
are in manufacturing now and should be available (and on the web site) in the 
next month or so.  
http://latchlakemusic.com/ 



 
The Technical Program 
  
I didn’t attend as many technical sessions this year as I have in previous years, 
but I did get to a few and found them interesting as always. “Vacuum Tube 
Electronics for Solid State Engineers” was a panel discussion with Scott Dorsey, 
Dave Hill, and Dan Kennedy (last minute substitute for David Josephson) where 
those three discussed the evolution of vacuum tube audio equipment, 
emphasizing that the design goal was always to provide the most accurate audio 
quality. Today’s tube-based audio hardware falls into two broad classes – there 
are modern units that retain the goal of the purist sound possible, and others are 
designed to re-create the distortion that was a by-product of the not-so-great tube 
equipment of yesteryear. An important point from this discussion is that much of 
the distortion characteristics of vintage tube equipment that we seek out today is 
a result of transformers, which are a necessary part of most tube design. Today 
we have better transformers than in the “vintage” era, and we can use them to 
avoid or create distortion as we choose.  
 
In “The Commercialization of Stereophony” audio historian and preservationist 
Tom Fine traced the history of early commercial stereo recordings from the mid-
1950s through the early 1960s. He detailed the evolution of commercial media 
formats for stereo releases and the transition from tape to phonograph records, 
playing examples of releases throughout that period. Archivists know (and now, 
you will, too) that stereo tapes initially used a staggered head track format, then 
switched to stacked track format, necessitating that tapes be released in both 
formats, and later the quarter-track format followed to achieve more playing time. 
Fun fact: Today, there are a few companies offering music on ¼” analog tape. 
Converting 1950 dollars to 2018 dollars, the price for a record album on tape is 
about the same today as it was then. 
 
Similarly, early experimental stereo phonograph records used a system where 
the left and right channels were pressed as two bands on the disk and played 
back simultaneously using a tone arm that had two cartridges spaced a couple of 
inches apart. Record labels, desiring a single-groove, mono-compatible disk, had 
two options to consider, the Decca system that cut one track vertically and the 
other horizontally and the Westrex system (the winner) that cut both tracks in the 
side of the grooves, each 45° off vertical.  
 
 
Richard Hess and Alexy Luken (of iZotope) shared a couple of sessions dealing 
with noise reduction. Richard surveyed the many different systems for reducing 
noise in recording systems contributed by the recording equipment itself. You’re 
surely familiar with Dolby and probably dbx, but there have been several other 
encode/decode noise reduction systems developed over the years. To someone 
attempting to recover a recording, it’s not always easy to determine which noise 
reduction system was used (if one was used at all) unless the recording was 



accurately documented and the noise reduction system properly calibrated. 
Richard also showed us examples of single-ended (on the playback end) 
systems, which range from simple gates to variable bandwidth filters that 
responded to the program level, opening up during loud passages where noise 
would be masked, and closing down to filter the noise (and anything else within 
that band) during quiet passages. Alexy explained the techniques used in the 
development of single-ended digital noise reduction/removal tools such as the 
early Cedar No-Noise and how iZotope approaches noise reduction [this is a 
highly simplified explanation – his was very detailed] by examining the spectrum 
of the program material containing noise and canceling it with random noise, 
modulating the canceling noise so that there aren’t coherent pitches left behind. 
Darn clever! 
 
 
The Wrap 
 
So goes another busy show. AES seems to have found a home in New York City 
for their US shows, at least for another year. Mark your calendar for next year’s 
147th convention October 16-19, 2019, or if you’re in Europe, for the 146th 
convention in Dublin March 20-23.  
 
I did a once-over of the NAB exhibits, and though I saw some interesting stuff, 
nothing that really fit with this report.  
 
For those of you out west, It seems that, at least for a while the west coast AES 
convention has been replaced by AES@NAMM as part of the NAMM show 
January 24-27, 2019. I’ve yet to learn if there will be an equivalent to the Exhibits 
Plus badge for NAMM (free for exhibits and show-floor technical presentations). I 
suspect not, but NAMM is offering non-member registration for pro audio 
engineers (other categories, too) starting at $35. The Anaheim Convention 
Center has a new addition that’s almost completely dedicated to audio exhibitors, 
so you can listen to microphones and signal processors without a drummer 10 
feet away.  
 
Stay tuned for the next show report.  
 


