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Industry News and Developments
By Vance Dickason

129th AES Convention
The 129th annual Audio Engineering Society (AES) 

convention is back this year at the Moscone Center in San 
Francisco (Photo 1). The audio engineering/pro sound 
trade show will be held October 4-7, with the exhibits 
available October 5-7. This year’s program, like virtually 
all AES Conventions, has a lot to offer the loudspeaker 
industry. Between workshops, tutorials, master classes, and 
paper presentations, there will be an enormous amount of 
information available to the engineering community. Paper 
presentations of interest to the loudspeaker community at 
this year’s convention include the following:

A Reliable Procedure for Polarity Measurements on 
Line Arrays—Markus Becker; Gregor Schmidle, NTi 
Audio AG. The identification of speakers with incor-
rect polarity in line arrays can be very time consuming. 
Therefore, it is desirable to have a fast, yet reliable procedure 
to finding such defective array elements. This paper presents 
a step-by-step method to check the integrity of a line array, 
as well as root cause analysis in case of a polarity problem. 

Besides the theoretical background, a successful practical 
example case is described.

Coaxial Flat Panel Loudspeaker System with Dynamic 
Push-Pull Drive—Drazenko Sukalo, DSLab-Device 
Solution Laboratory. After the successful introduction 
of the flat television, acousticians are concerned with the 
design of a flat panel loudspeaker. A new patented flat panel 
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PHOTO 1: San Francisco’s Moscone center, site of this year’s AES 
Convention.

Faital’s compression driver 
and horn, p. 18.

Listen analyzer, p. 8.
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is a follow-up to AES Preprint 8023 (May 2010) using the 
modeling process described there for modeling loudspeak-
ers in an automotive interior. It reports on the optimization 
of midrange and of high-frequency tweeter loudspeakers’ 
positions for best acoustic performance in the driver’s side 
(left) and passenger’s side (right) of the automotive instru-
ment panel.

Virtual Acoustic Prototyping—Practical Applications 
for Loudspeaker Development—Alex Salvatti, JBL 
Professional. Acoustic simulations using Finite Elements 
have been used in loudspeaker development for over 20 
years, with complexity and accuracy accelerating in tandem 
with the increases in computing power generally available 
on the engineering desktop. Using user-friendly modern 
FEA software, the author presents an overview of methods 
to build virtual prototypes of both horns and loudspeaker 
drivers which allows a significant reduction in the number 
of physical prototypes, as well as reduced development time. 
A comparison of simulated versus measured data proves the 
validity of the methods.

An Improved Beryllium Dome Diaphragm for 
Large Format Compression Drivers—Marshall Buck, 
Psychotechnology, Inc.; Gordon Simmons; Sam Saye, 
Brush-Wellman. The authors describe the development 
and testing of a new large format compression driver 
diaphragm using a beryllium dome and new type of poly-
mer surround that exhibits improved clarity. This format 
promises to give long life and good reliability with little 
or no change in performance anticipated over the life of 
the diaphragm. A comprehensive set of tests of beryllium, 
aluminum, and titanium diaphragm compression drivers is 
described including frequency response, distortion, imped-
ance, coherence, wavelet analysis and multitone on a 2″ 
plane wave tube. Substantial differences were measured in 
the performance categories, particularly in the frequency 
range above 4kHz.

Simulation of Horn Drivers’ Response by Combination 
of Matrix Analysis and FEA—Alex Voishvillo, JBL 
Professional. To assess performance of the combination 
“compression driver + horn,” measurement of frequency 
response on-axis and off-axis must be performed. The mea-
surement process is time-consuming, especially if the three-
dimensional “balloon” is to be measured. Prediction of 
directional responses of the horn can only be performed by 
the FEA or BEA. However, the dispersion data can be used 
to assess the relative directional properties of the horn only, 
but they do not correspond to the real frequency responses 
of the horn driver because the real response depends on 
interaction of electrical, mechanical, and acoustical param-
eters of the driver, and acoustical parameters of the horn. 

Acoustical simulation of the horn alone cannot predict 
the overall behavior of the compression driver loaded by 
this horn. A new method based on combination of FEA 
and matrix analysis makes it possible to predict response of 
combinations of various drivers and horns without actually 
measuring each combination.

Quasi-Anechoic Loudspeaker Measurement Using 
Notch Filter for Impulse Shortening—Richard Stroud, 

Stroud Audio Inc. The length of the impulse response of 
a typical piston driver is largely determined by the charac-
teristic high-pass response of the driver. This time response 
makes anechoic (i.e., gated) measurement difficult in 
non-anechoic environments, because reflections must be 
suppressed to returns of 30mS or more. This paper outlines 
a quasi-anechoic frequency response warping technique 
using a tuned notch equalization that shortens the impulse 
response and allows correct full-range speaker measurement 
in moderately sized rooms.

Application of Optimized Inverse Filtering to Improve 
Time Response and Phase Linearization in Multiway 
Loudspeaker Systems—Mario Di Cola, Audio Labs 
Systems; Daniele Ponteggia, Studio Ponteggia. Digital filters 
and processing are very useful in order to improve loud-
speaker systems performances. Particularly, inverse filtering 
is a processing technique that is mainly based on FIR imple-
mentation where a specific and dedicated sequence of taps is 
generally synthesized “ad hoc” for a specific transducer and/
or for a specific loudspeaker system configuration. Most of 
the studies on this matter so far have been conducted from a 
“DSP processing” point of view, being generally focused on 
the mathematics and related numerical problems.

This study tries to focus instead on the “acoustic and 
system” side of the equation. Starting from the impulse 
response it tries to separate the part that can be referred to as 
a “two-port” model isolating the one-dimensional behaviors 
that can be effectively compensated from the speaker input 
and separating them from other acoustic behaviors that 
are generated from other phenomena or from higher order 
modes that cannot be controlled from the input. Results 
will be shown and demonstrated also with the help of the 
analysis of case studies in some practical applications.

Information on this year’s tutorials, workshops, or master 
classes was not available as this issue was going to press. 
However, as usual, presentations at AES conventions are 
generally outstanding, so plan to be there! For more, visit 
the AES website www.aes.org.

User Report: SoundCheck One
I have been planning to do a user report on the new 

SoundCheck One QC analyzer from Listen Inc. for several 
months, but actually decided to get an in person demo/
tutorial while I was in Boston in July. After spending a 
couple hours with the SoundCheck One software and 
Listen Inc. founder and president Steve Temme, I must say 
that the system delivers exactly as claimed in the ad copy: 
one minute setup, and one second to test.

SoundCheck One is a combination of the relatively new 
AmpConnect hardware and the new SoundCheck One 
software. AmpConnect is a hardware interface that com-
bines microphone input control, a built-in amplifier, and 
TTL output support for various production line require-
ments. If you look at the photo of the front panel shown in 
Fig. 1 and the rear panel given in Fig. 2, you’ll get a good 
idea of the simplicity of this instrument. The front panel 
is divided into four sections: control, input, output, and 
amplifier. The control section allows you to select operating 
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the unit from the computer screen or only from the front 
panel control surface, or both simultaneously. This section 
also has a LED monitor for the eight digital I/Os that can 
be used to trigger various production line functions. 

The input section of AmpConnect has two inputs, 
marked Reference and DUT (device under test). The refer-
ence input has its own microphone preamp, while the DUT 
input does not, but you can use these two input channels 
to toggle back and forth between inputs using the select 
switch. 

This will allow two production lines to be worked by 
one machine such that one line can be measured while 
the other is being changed. The level indicators are three 
color LEDs: Green indicates > -40dBV, yellow > +4dBV, 
and red is >+13dBV. The last control in the input section 
is the Gain switch that allows you to set the microphone 
gain from -20dB to +40dB, each independently. The Bias 
switch controls power to the microphone connected to 
the Reference channel: either none, correct voltage for 
the Listen Inc. SCM microphone, or current bias for pre-
polarized microphones.

The output section is used to configure each of the two 
output channels in AmpConnect depending on the type 
of test being initiated. The choices are Reference (mike 
signal from the Reference input), DUT (mike signal from 
the DUT channel), Z-High (1V/A across a 1Ω resistor for 
impedance testing), Z-Low (100mV/A across a 0.1Ω resis-
tor for impedance testing), AMP (-20dB signal for amplifier 
calibration), and 1V Sine (constant 1kHz sine wave at 1V).

The last section is the Amplifier section, which con-
trols the output of the 60W built-in amplifier for the 
AmpConnect. Listen has incorporated two parallel outputs 
for the amp such that the signal can be switched between 
Output A or Output B or both simultaneously, again use-
ful for such operations as switching between two separate 
production lines.

Looking at the rear panel in Fig. 2, all the jacks and plugs 
correspond to the controls on the front panel. Inputs can be 
either balanced via the female XLRs or single-ended via the 
BNCs. The two outputs and the input XLR/BNC jacks are 
goof-proof color-coded and connect to the Digital Audio 
Card Deluxe sound card installed in a computer. Amplifier 

output is through the two sets of binding posts, one for 
Output A and one for Output B. The right side of the rear 
panel has the Phoenix style 8 channel digital IO jack, the 
USB out to the controlling computer, the on/off switch, 
and the AC plug receptacle.

Connecting all this is very straightforward. Figure 3 
gives the setup for a single microphone, and Fig. 4 shows 
the connections for using a dual microphone configuration; 
again, this setup is useful for controlling two production 
lines with one AmpConnect.

If setup is simple, operation of SoundCheck One is just 
as easy. Upon starting up the software, you get a logon 
screen that has multiple levels of access to prevent lower 
level operators from altering the basic setup. From here, the 

FIGURE 1: Front panel of the Listen Inc. AmpConnect hardware.

FIGURE 2: Rear panel of the Listen Inc. AmpConnect hardware.

FIGURE 3: Setup diagram for SoundCheck One using a single microphone 
and DUT.

FIGURE 4: Setup diagram for SoundCheck One using two microphones and 
two DUTs.
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Quick Launch Menu automatically comes up (Fig. 5). This 
would be the beginning of a QC day at the factory, so the 
first menu item is Self Test, which performs a loopback test 
and verifies the analyzer is working properly and ready to 
begin the day’s work. 

Next, the operator hits the Calibrate Microphone 
button and places the microphone in a mike calibrator, 
turns on the calibrator and the program verifies proper 
microphone output. This is obviously a good step and 
prevents starting up with a bad mike. The final selection is 

titled Setup Test, which brings up the Sequence Generator 
shown in Fig. 6.

Using this menu, the day’s testing can be configured, or 
used as previously set up and ready to begin testing. The 
upper section titled Test Setup sets the frequency range, test 
voltage level, and sweep time. From there you can select and 
do basic configuration on all of the available tests. There 
are seven tests to choose from including fundamental (SPL 
test), sensitivity, THD, rub and buzz, loose particle, polar-
ity, and impedance. Each test has a ± tolerance window 

FIGURE 5: SoundCheck One Quick Launch Menu. FIGURE 6: SoundCheck One Sequence generator.
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allowing these to be set to desired levels. The menu in Fig. 
6 has the fundamental set to ±3dB, sensitivity to ±2dB, 
THD to +3%, rub and buzz to +1%, loose particle test to 
10 count, and impedance to ±1Ω. Polarity, which is based 
on an impulse measurement, has no selection because it’s 
either correct or not correct. Note that this is a basic setup 
window, and the main sequence editor can add more detail 
to these tests. For example, Fig. 7 shows the SPL tolerance 
for the fundamental SPL articulated such that the window 
is ±4dB from 8kHz to 20kHz, ±2dB from 300Hz to 8kHz, 
and ±3dB from 20Hz to 300Hz.

I ran the rub and buzz test and loose particle test using 
drivers that Steve uses for demonstration at the Listen Inc. 
office. The rub and buzz test works with 10th harmonics 
and up and works well. Listen has gone to considerable 
effort to correlate the results of this test with traditional 
manual operator type rub and buzz testing. However, 
Listen Inc. has a significantly improved perceptual rub 
and buzz test based on using a codec type algorithm titled 
CLEAR (Ceptral Loudness Enhanced Algorithm for Rub 
and Buzz), but more about that in next month’s issue of 
Voice Coil.

The loose particle test also worked well; however, 
Steve pointed out that it is necessary that the driver be 
facing downward or any loose particles in the gap area 
will fall to the back plate and not be moved enough to 
be detected during the sweep. The last item on the Test 
Setup menu is titled Measure Reference Standard button. 
This, of course, should be performed at the beginning of 
any QC run.

Now for the closer. SoundCheck One comes with a 
Chinese language version, because, let’s face it, most of these 
units will end up in Chinese factories. However, I work with 
many US brands, and one common fault is not doing a sta-
tistical QC sampling of every delivery from factories outside 
the US, so hopefully Listen Inc. will be selling a number of 
these QC analyzers that will remain in-country. For more, 
visit www.listeninc.com.FIGURE 7: SoundCheck One SPL QC tolerance graph.




