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Industry News and Developments

Neodymium Prices Fall by 33%
In the summer of 2011, manufacturers faced massive 1400% 

hikes in the price of neodymium, which is used to make loud-
speaker drivers. Recently, prices have dropped by one-third. The 
price of neodymium was putting pressure on speaker manufac-
turers to raise their prices. The price hikes also forced manu-
facturers in many electronics sectors—including smartphones, 
computers, TVs, and wind turbines—to look for alternative 
metals for their products. 

In June 2011, the price of neodymium had risen to RMB 1.4 
million per ton from RMB 100,000 per ton since the end of 
2008, according to a survey by the 21st Century Business Herald. 
According to the New York Times, rare earth speculators have 
been dumping their inventories as demand decreased. The price 
for Cerium-based metals averages $45 to $60 per kilogram. That 
price had peaked at $170/kg in August 2011. However, the 
prices are still much higher than they were four years ago 
when these rare earth metals average just $6/kg. 

From January 2008 to February 2012, the price of the 
typical 23.5 mm × 5 mm N35 Neo slug used in 1" dome 
tweeters was roughly as follows:

January 2008 to January 2011—average price: 
$0.42 (the price hovered at about $0.50, reaching 
a low of $0.252)
March 2011—average price: $0.87
May 2011—$1.20
June 2011—$2.31
July 2011—$2.16 

By Vance Dickason

August 201—$1.88 
September 2011—$1.66
October 2011—$1.47
November 2011—$1.15
February 2012—$1.01

John Ebert of Yunsheng USA (a subsidiary of Ningbo Yunsheng 
Co. Ltd) gave a great PowerPoint presentation at the 131st 
AES Convention workshop, “Neodymium; Coping With The 
Consequences of Supply and Demand Elasticity,” about the 
“myths” surrounding the neodymium market. His presentation 
focused on “big” myths about neodymium: Myth 1 that it is rare; 
Myth 2 that Neo is controlled by China; Myth 3 that China will 
restrict or ban neo sales to the United States; and Myth 4 that Neo 
prices are unpredictable. Myth 2 and 4 are particularly relevant to 
the current price issues. Here are the facts about the world’s rare 
earth metals reserves that Mr. Ebert presented regarding Myth 2:

The United States holds 13 to 21% of world’s estimated 
REM reserves

Figure 1: The price trendency of neodymium
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and high-coercivity magnets such as N52, 50M, 48H, 45SH, 
38EH, etc. For more information, visit www.yunshengusa.com.

New Woofers from Morel
Morel, the Israel-based, high-end driver manufacturer, has 

released four new 6" mid-bass drivers as part of their new 
Titanium line, the TMW635, TMW638, TCMW 635, and 
TCMW 638 (see Photo 1 which shows the TMW635). Each 
of the four new mid-bass drivers features a titanium voice coil 
former. The TMW 635 and TMW 638 are basically the same 
driver in 5-Ω and 8-Ω versions, respectively, while the TCMW 
635 and TCMW 638 are also the same driver with 5-Ω and 8-Ω 
voice coil DCRs, but they include a shorting ring Coppersleeve 
Neolin motor. For more information, visit the Morel website at 
www.morelhifi.com.

The United States holds the world’s third largest estimated 
REM reserves
The United States reserves are mostly light REM
The United States was the original center of world REM 
production in 1980s 
Japan manufactures 15% to 20% of all REM products in 
the world. 
Japan estimated to have stockpiled a three-plus-year supply of 
REM reserves for domestic usage
New REM mines and deposits were discovered in the 
Commonwealth of Independent States (the former Soviet 
Union), Australia, India, Brazil, Malaysia, Philippines, 
Vietnam, Canada, etc. 

Myth 4 shows how the historic price of neodymium, which 
closely tracks the pricing of the 25-mm Neo, has until recently 
been fairly stable (see the graph in Figure 1). 

 However, it’s still true China produces over 90% of the world’s 
rare earth metals. The Yunsheng has its main facility in a strate-
gic location in Baotau, Inner Mongolia, that ensures Yunsheng 
receives high-quality raw materials direct from the largest and 
purest deposits of rare earth ores anywhere in the world. The 
company’s Baotau plant operates under the most ideal dry climate 
conditions for the processing and storage of rare earth ores.

 Yunsheng’s production facilities have an annual capacity of 
4000 tons sintered NdFeB magnets, 300 tons bonded NdFeB 
magnets, 500 tons AlNiCo magnets, and 50 tons SmCo magnets. 
Our capabilities include the manufacture of high-performance Photo 1: A new Morel driver, the TMW635

Conference: June 9-15

Exhibits: June 13-15
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Driver Awards at 2012 ALMA Symposium
The March issue of Voice Coil featured the Association of 

Loudspeaker Manufacturing and Acoustics International (ALMA) 
Symposium 2012, with the exception of this year’s ALMA Driver 
awards. The Driver Awards recognize accomplishments, improve-
ments, and contributions that have “driven” the industry in 
three categories: the Beryllium Lifetime Achievement Award, the 
Titanium Driver Award, and the Gold Driver Award.

 The Beryllium Lifetime Achievement Award recognizes sig-
nificant and sustained contributions to the loudspeaker industry 
over the lifetime of a career. Two lifetime achievement awards were 
presented at this year’s symposium. One went to Matthew Polk, of 
Polk Audio, for contributions to the design and marketing of high 
performance and premium value loudspeakers (see Photo 2). The 
other was given posthumously to Edgar Villchur for his tremendous 
contribution to the field of loudspeaker design, and most notably 
for the acoustic suspension technology. Mead Killion, a close friend 
of Mr. Villchur’s, honored the memory of Edgar Villchur and his 
“acoustic suspension” loudspeaker design by reading the eulogy he 
gave at Mr. Villchur’s memorial service (see Photo 3).

 The Titanium Driver Award recognizes a specific technical con-
tribution, accomplishment or expertise in the loudspeaker industry. 
Alex Voishvillo, recently promoted to manager of Transducer 
Engineering & Acoustic Research at JBL Professional, and Peter 
Larsen, president of LoudSoft, Ltd., were the recipients. (See 
Photo 4 and Photo 5, respectively.)

Dr. Voishvillo’s achievements include a recent patent pending for 
his Dual-Driver technology. He has been a very active participant 
in the loudspeaker design and manufacturing community and a 
frequent contributor to ALMA’s programs and activities. Alex was 
born and raised in Saint Petersburg, Russia, where he graduated 
from the State University of Telecommunications. From 1977 to 
1995, he worked at Popov Institute for Radio and Acoustics. 
While there, he designed loudspeaker systems and studio monitors 
and did research on loudspeakers. He is the author of numerous 
publications on transducers and loudspeaker systems, including 
an engineering book on loudspeaker theory and design published 
in Russia in 1985. In 1995, Dr. Voishvillo and his family moved 
to Simi Valley, CA, at the invitation of Gene Czerwinski, CEO of 
Cerwin-Vega. At Cerwin-Vega, he designed new transducers and 
systems, researched nonlinearity in sound systems, and investigated 
advanced methods to measure nonlinearity in audio equipment. 
He has given numerous presentations on nonlinear theory of 

Photo 3: Mead Killion accepts the Beryllium Lifetime Achievement Award 

on behalf of Edgar Villchur, who received the award posthumously.

Photo 5: Peter Larsen, president of LoudSoft, Ltd., accepts the 

Titanium Driver Award

Photo 4: Alex Voishvillo, manager of Transducer Engineering & Acoustic 

Research at JBL Professional, receives a Titanium Driver Award

Photo 2: Matthew Polk, of Polk Audio, was one of two recipients of 

the Beryllium Lifetime Achievement Award

compression chamber in horn drivers and on assessment of non-
linearity in audio at AES conventions, ASA meetings, and ALMA 
symposiums.  From 2004 to 2010, Alexander was the senior 
acoustic development engineer at JBL Professional. He is a leading 
specialist in design, research, and development of professional high-
frequency transducers. Since June 2010, he has been the senior 
manager of Transducer Engineering at JBL Professional. Alexander 
holds patents on new transducers, and he is a reviewer of the Journal 
of the Audio Engineering Society. In 2008, he was awarded an AES 
Fellowship for his advanced work in horn drivers and assessment of 

ALMA is the only international trade association dedicated
to improving the design and manufacture of loudspeakers.

www.ALMAInternational.org | 978.772.6977

ALMA
INTERNATIONAL

®

Join today!

Be a part ofthe action –

Association of Loudspeaker
Manufacturing & Acoustics International
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nonlinearity in audio equipment. 
 Peter Larsen (BSc, EE) started his career with SEAS in 1974 

and was chief engineer for Vifa-Speak from 1979 to 1987. He 
also worked for Dynaudio (1987–1990) and JBL (1993). Since 
1993, Peter has worked as an independent consultant for sev-
eral leading loudspeaker manufacturers including: Audax, KEF, 
Goldmax, Vifa-Speak, Peerless Fabrikkerne, and NXT. During his 
time as a consultant, Peter has specialized in in-depth analysis of 
loudspeakers and manufacturing techniques, research concerning 
new components and materials, advanced Acoustic Finite Element 
modeling, new measuring methods, novel speaker design concepts, 
and development of several customized products (private label). 
During the same period, Peter has developed and marketed special 
software for speaker development and design. Through his com-
pany (Loudsoft), Peter offers a number of popular software packages 
including FINEMotor, FINECone, FINEBox, and FINE X-over. 
Most recently, Peter has developed a new measuring system that is 
easy to work with internationally including in China: FINE QC 
and FINE R+D. Peter has always been very generous with his time 
and talent where ALMA activities are concerned.

 The Gold Driver Award recognizes contributions to ALMA. It 
was presented to Steve Tatarunis of Menlo Scientific (see Photo 6) 
for his long and active tenure on the ALMA Board of Directors. 
Steve joined the ALMA board in the mid-1990s, at the invitation of 
Carol Bousquet, then a board member and presently the executive 
director. At that time, they both worked at Ferrofluidics Corp. Steve 
has served on various ALMA committees. He served as president of 
ALMA. Most recently, he was vice president of the Americas and, 
most famously, chair of the Winter Symposium committee—for a 
decade! For more information, visit the ALMA International web-
site at www.almainternational.org.

133rd AES Convention 2012—Call for Papers
This year’s AES Convention is being held in San Francisco, CA, 

on October 26–29 at the usual location, the Moscone Center. A 
Call for Papers has been issued, this year with two options. Authors 
will have the option of proposing complete manuscripts (10 pages 
maximum) for peer review. Full manuscript proposals will be eligi-
ble for the 133rd Convention Paper Award. If a proposed complete 
manuscript is not accepted as a peer-reviewed paper, it can still be 
accepted as an abstract/précis paper. The standard option is also still 
available: a proposed title, 60- to 120-word abstract, and 500- to 
750-word précis of the paper. 

 Submissions must be posted electronically to the AES 133rd 
proposal submission site at www.aes.org/133rd_authors by May 23, 
2012. Presenting authors (one per paper) will be required to pay the 

full convention registration fee (member or student member rates 
are lower than non-member rates), and only then will they receive 
a free CD-ROM of the papers. Acceptance of proposed papers 
will be determined by a review committee based on the submit-
ted abstract/précis or full manuscript. Presenting authors who are 
student members and whose papers are accepted for presentation 
will also be eligible for the Student Paper Award at the 133rd. 
The proposed paper (précis or complete manuscript) must clearly 
describe the work performed, methods employed, conclusions, 
and significance of the paper with respect to other published work 
in the field. During the online submission process, candidates will 
be asked to specify whether they prefer to present their papers in a 
lecture or poster session. Highly detailed papers are better suited to 
poster sessions, which permit greater interaction between author 
and audience. The convention committee reserves the right to reas-
sign papers to any session. 

 Whether a lecture or a poster, a complete electronic manuscript of 
the abstract and précis submissions (papers of 4–10 pages in length 
are encouraged) must be submitted before July 31, 2012 for the 
paper to be accepted for presentation at the convention. During the 
submission process, authors will be asked if their convention papers 
should be considered for possible publication in the AES Journal. 
The proposal submission site, www.aes.org/133rd_authors, will 
be available in early March. For more information, visit the Audio 
Engineering website at www.aes.org. VC

Correction: Please note that the URL for Globe Composites in 
the March 2012 issue was incorrect. The correct address is www.
globecomposites.com.

Photo 6: Steve Tatarunis, of Menlo Scientific, receives the Gold 

Driver Award
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 Spotlight

Headphone Testing (Part 2) 
Digital Headphones (USB & 
Bluetooth) and Noise-Cancelling 
Headphones
By Brian Fallon, Listen, Inc.

“Headphone Testing (Part 1)” published in the December 
issue of Voice Coil, covered the basics of analog headphone 
testing: correction curves and fixturing, choosing hardware 
(ear simulators and couplers), the different requirements for 
testing in R&D vs. production, and the various essential 
measurements such as frequency response and distortion. 

Analog headphones are relatively straightforward to test 
because there are only two electro-acoustic transducers to 
measure. Headphones with built-in electronics, such as 
digital headphones (including Bluetooth and USB), and 
noise-cancelling headphones are harder to test because the 
electronics and transducers need to be tested together as a 
complete system. In this article, test considerations for such 
headphone systems and the practicalities of testing them are 
discussed.

Testing Digital Headphones
Headphones with digital connectivity add complexity to 

audio testing. In addition to testing the acoustic transducers, 
the digital circuitry must also be considered. The fundamentals 
of analog headphone testing (the use of artificial ear simulators 
and couplers, the principals of repeatability vs. realism, and 
the tests that characterize the device) are the same, but the test 
signals must pass through the headphone electronics, which 
can greatly influence the test results.

The principal distinction of digital headphones is that they 
contain a D/A converter and often DSP circuitry as well as 
a headphone amplifier. This means that unlike an analog 
headphone, where measurements are being conducted only 
on the electroacoustic elements, the measurements for digital 
headphones are being performed on the whole system which 
comprises everything from the digital signal to the acoustic 
output of the transducers. While it is certainly possible to iso-
late and test each of these components 
on its own, it is also very important to 
understand the intricacies of testing 
the complete device. 

Managing Connectivity
The initial challenge of testing digital 

headphones is managing connectivity. 
The test system must be able to com-
municate directly with the device. A 
software-based system is ideal because 
it can communicate directly through 
the computer’s USB interface to the 
USB headphone, which will appear 

in the operating system along with other audio devices. Test 
signals can be sent digitally and the acoustic signals can be 
analyzed synchronously. If a hardware-based system is used, an 
extra program is usually required to connect the test system to 
the device under test. 

Bluetooth headphones, however, require an additional inter-
face for the computer to connect to the device under test. This 
may be a hardware Bluetooth communication box or a simple 
Bluetooth dongle, either built into the computer or externally 
connected by USB (see Figure 1). Bluetooth interfaces cause 
transmission delays in the audio chain. The test system must 
be able to account for these delays in order to take meaningful 
measurements. Some test systems can use an autodelay algo-
rithm that looks at the system’s impulse response to calculate 
the delay and remove it from the measurement, if necessary.

Frequency Limitations
It is also important to be aware of frequency range limita-

tions when designing tests for Bluetooth devices. Bluetooth 
devices typically operate at low-sampling rates of either 8 kHz 
(narrow band) or 16 kHz (wide band). These sampling rates 
limit the frequency range (because of the Nyquist frequency) 
to significantly narrower than analog headphones or even 
USB headphones. For example, a Bluetooth device with an 
8-kHz sampling rate will only play audio up to slightly less 
than 4 kHz. Such limitations need to be considered when 
designing the test specifications. It can also be interesting 
to test the Bluetooth device beyond its cut-off frequency to 
see how well its anti-aliasing filter suppresses out-of-band 
signals.

Test Signals
Bluetooth presents a further challenge in that sine waves are 

not always transmitted accurately. When this occurs, alterna-
tive stimulus signals must be considered. Broadband noise is 
one possibility, but because of noise suppression circuits in 
some devices, this may not be a practical solution. A multitone 
signal, where several frequencies are played simultaneously, is 
another option. This produces a very fast frequency response 
measurement and is immune to the sudden dropouts that 
can occur in Bluetooth transmission. The downside of this 
test signal is that traditional harmonic distortion cannot be 
measured.  Yet another possibility is the use of speech or music 
signals. These real-world audio signals transmit very well over 

SoundCheck

Left in
Sound card

Ear coupler

Ear output

Head and torso
simulator

Figure 1: The Bluetooth test configuration
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Bluetooth, but their downsides are that they typically require 
long-term averaging and cannot be used for harmonic distor-
tion measurements. If distortion measurement is required, 
non-coherent distortion may be measured using any test 
signal. This technique compares the input and output power 
spectrums to measure the non-coherent power and calculate 
the distortion plus noise (see Figure 2).

 
Measurement Units

Traditional analog headphones are tested with a stimulus 
level that is rated in terms of voltage or power. The sensitivity 
is also specified in these units such as dBSPL / mW. When 
testing headphones with USB or Bluetooth connectivity the 
stimulus is simply a digital signal whose level can be expressed 
in terms of digital full scale. The sensitivity is, therefore, 
expressed in dBSPL/FS. Manufacturers sometimes choose 
to relate these signal levels back to voltage, which can be done 
if the characteristics of the D/A circuit are known. In such cases, 
the gain of the built-in headphone amplifier chip must also be 
accounted for. 

Another method used for relating these digital units back to the 
analog domain is through the use of a codec (see Figure 3). A-law 
and M-law are two codecs widely-used in Bluetooth applications 
that can translate the digital units into “virtual volts.” These 
codecs are most commonly used in telecommunications, 
especially for headsets.

Additional Measurements
In addition to the basic audio metrics discussed in the first 

article, there are some additional measurements that are of 
interest for digital headphones. The first measurement con-
cerns the headphone amplifier. With analog headphones, 

THD and Rub & Buzz are typically sufficient for measuring 
distortion, but since their digital counterparts include built-in 
headphone amplifiers, it is advisable to also measure THD+N. 

Figure 2: The frequency response and non-coherent distortion of a Bluetooth headset receiver
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Alternatively, the noise can be measured on its own by sending 
a 0 FS signal to the headphones and analyzing the output. 

 Other metrics specific to digital headphones are sampling 
rate accuracy and jitter. Sampling rate inaccuracy occurs when 
the digital clock on a consumer audio product is not entirely 
accurate, so the intended 44.1-kHz sam-
pling rate may, for example, actually be 
44.05 kHz. Jitter occurs when a signal 
fluctuates—for example, if a 1-kHz signal 
fluctuates between 999 and 1001 kHz 
(see Figure 4). Although the ear does not 
discern small sampling rate errors or jitter, 
there is a serious implication for testing. 
Some digital tests involve comparing the 
output signal to the input signal. If the 
sampling rates are different, the difference 
in phase will cause the results to be mean-
ingless. Generally, any measurement using 
time-synchronous averaging techniques is 
affected by jitter and sampling rate errors. 
The most effective way to minimize the 
effects of such errors is to use a test system 
that features algorithms that compensate 
for this. If, however, your test system can-
not accommodate this, there are a several 
other methods—such as power averaging, 
which ignores the phase response—that 
can be used to ensure accurate but less 
sophisticated results.

Noise-Cancelling Headphones 
There are many different equipment 

configurations and environments that can 
be used for measuring noise-cancelling 
headphones. As with conventional head-
phone testing, a head-and-torso simulator 
with artificial ears and pinnae provides 
the most accurate representation of the 
device’s performance. It is the best choice 
for performing these tests, but can be 
prohibitively expensive for some people. 
Other options such as custom fixtures with 
artificial ear simulators are more affordable 
and will also work but will not be quite as 
true to the user experience. 

 Whichever fixture type is chosen to hold 
the headphones, the entire setup must be 
placed in a noise field. The most sophis-
ticated and realistic method would be to 
measure in a reverberation chamber or 
create a diffuse field using multiple speak-
ers placed at various points in the room, 
with each one playing a noise signal that 
is uncorrelated to the others. However, for 
most purposes, a small single loudspeaker 
placed next to the head and torso’s ear at 
a distance of approximately 1' is sufficient 
to generate meaningful data. Regardless of 

which equipment configuration or noise generation method is 
used, the general test method is the same: a known noise signal 
is played, and the passive and active attenuation characteristics 
of the device are measured. A typical test setup is shown in 
Figure 5.

Ear coupler

Head and torso
simulator

Loudspeaker

Amplifier Sound card out L

Ear output Microphone
power supply

Sound card in L

Figure 5: Noise-cancelling headphone measurement setup
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Figure 3a: This is a graphical representation of how the μ-law codec translates the digital level 

to virtual volts. 3b: Calibration of a reference codec
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Figure 4: An example of jitter
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The Noise Stimulus
Pink noise is an excellent choice for the noise stimulus, as its 

equal energy-per-octave characteristic means that it has enough 
low-frequency energy to simulate real-world noise conditions. 
If desired, the response of the single loudspeaker or the diffuse 
environment can be equalized to produce an acoustically flat 
signal at the head-and-torso ear, but this is usually not required. 
The measurements made in a noise-cancelling headphone test 
are relative, so it is not necessary for the absolute sound pressure 
of the noise at each frequency to be the same unless the device 
is sensitive to absolute sound level. Likewise, it is usually not 
necessary to correct for the artificial ear’s frequency response, 
although some may choose to do so.

The noise should be played for several seconds (usually 
somewhere between 5 and 15 seconds) in each measurement 
to allow the device to stabilize. The noise signal is captured 
through the artificial ear, and the test system measures the spec-
trum. This spectral analysis is typically carried out using a Real 
Time Analyzer in one-third octave bands, which generates data 
that is more representative of how a human ear would hear the 
signal than using a standard FFT linear resolution analysis.

The Test Procedure 
A noise-cancelling headphone test procedure can be broken 

down into three measurements and three calculations. First, 
the headphones are removed from the head and torso, the 
noise signal is played, and the spectrum measured through the 
open ear. This un-occluded ear spectrum is used as the baseline 

for the noise. Next, passive isolation is measured by placing 
the headphones onto the head and torso, playing the noise 
signal again, and measuring the noise through the artificial 
ear. Finally, the measurement is repeated with the active noise-
cancellation circuit turned on. 

These measurements result in three spectra, which are used 
to calculate the three attenuation parameters. Passive isolation, 
which quantifies how much noise is attenuated simply by the 
headphones being worn, is calculated by subtracting the un-
occluded baseline curve from the second measurement where 
the headphones are in place but noise cancellation is disen-
gaged. Passive isolation can be significant across the frequency 
band, but is most prominent at higher frequencies. Circum-
aural headphones and in-ear earphones provide a reasonable 
level of passive isolation, whereas supra-aural headphones and 
on-ear earbuds typically offer much less. 

Active attenuation, which quantifies how much noise is 
reduced (or sometimes increased) when the active cancella-
tion circuit is engaged, is calculated by subtracting the second 
measurement (noise cancellation off) from the third mea-
surement (noise cancellation on). Typically, this will be most 
prominent in the lower frequencies. 

Finally, total attenuation is calculated by subtracting the 
curve with noise cancellation turned on from the baseline 
measurement without headphones. This represents the end-
user’s experience of the device, combining both passive and 
active components in attenuating background noise (see 
Figure 6).  
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Figure 6: Typical noise-cancelling measurement results

Often this test is optimized by performing each measurement 
multiple times and average the resulting spectra. The reason 
for this iterative process is to account for variations in the fit 
of the headphones, which for some devices can impact the 
passive and even the active portions of the noise-cancellation 
performance. 

Some noise-cancelling headphones will actually alter the fre-
quency response of the music being played when the noise can-
celling circuit is engaged. To test for this effect, one can measure 
the frequency response using the methods outlined in the origi-
nal article, both with and without the noise cancellation turned 
on, and compare the resulting response curves. Differences, if 
they are present, will typically be in the 1-to-3-kHz range. 

Conclusion
Measuring headphones with digital and noise-cancelling 

circuitry can be tricky. But with careful consideration of 
more complex and realistic test signals, digital calibration, 
and careful measurement setup and techniques, it is possible 
to get meaningful results just like with traditional analog 
headphones. Users of Listen Inc.’s SoundCheck software can 
download a free sequence for measuring noise-cancelling 
headphones from Listen Inc.’s website (under Support  > 
Technical Resources > Sequences). VC

Reference
S. Temme and P. Brunet, “A New Method for Measuring 
Distortion using a Multitone Stimulus and Non-Conherence,” 
presented at AES 121st Convention, October 2006.
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Acoustic Patents

By James Croft, Croft Acoustical

The following loudspeaker-related patents were filed pri-
marily under the Office of Patent and Trademarks classi-

fication 181 for acoustical devices and 381 for electrical-signal 
processing systems and HO4R for international patents. This 
also includes new patent applications that are published in the 
Patent Application Journal. 
 
LOUDSPEAKER SYSTEM AND LOUDSPEAKER 
ENCLOSURE
Patent Number: U.S. 8,094,842 
Inventors: Masao Noro (Hamamatsu, JP), Akira Arai 
(Hamamatsu, JP) 
Assignee: Yamaha Corporation (Hamamatsu-shi, JP)
Filed: June 14, 2007
U.S. Class: 381/186
Granted: January 10, 2012, Claims: 2, Drawings: 43

ABSTRACT FROM PATENT
A loudspeaker system includes a loudspeaker enclosure hav-

ing an inside space, a loudspeaker provided on the loudspeaker 
enclosure, a first diaphragm that has one of the ends fixed to 
a surface of the loudspeaker enclosure and the other end, a 
second diaphragm that has one of the ends fixed to the surface 
of the loudspeaker enclosure and the other end, a coupling 
portion having an elasticity, and coupling the other end of the 
first diaphragm to the other end of the second diaphragm, an 
opening structure provided in the surface of the loudspeaker 
enclosure, and a sealing member provided to a portion among 
the first and second diaphragms, the coupling portion and an 
edge part of the opening structure, and closing the inside space 
to hold an air-tightness of the loudspeaker enclosure in a state 
that the first and second diaphragms can be vibrated.

INDEPENDENT CLAIMS
1. A loudspeaker system, comprising: a loudspeaker enclo-

sure that has an inside space; a loudspeaker, which is provided 
on the loudspeaker enclosure; a first diaphragm that has one of 
the ends fixed to a surface of the loudspeaker enclosure and the 
other end which can be freely vibrated; a second diaphragm 
that has one of the ends fixed to the surface of the loudspeaker 
enclosure and the other end which can be freely vibrated, the 
other end of the second diaphragm being provided opposite 
to the other end of the first diaphragm; a coupling portion 
which has an elasticity, and couples the other end of the first 
diaphragm to the other end of the second diaphragm; an open-
ing structure which is provided in a position corresponding to 
vibrating portions of the first and second diaphragms and the 
coupling portion in the surface of the loudspeaker enclosure, 
and by which the inside space of the loudspeaker enclosure is 
exposed; and a sealing member, which is provided to a portion 
among the first and second diaphragms, the coupling portion 
and an edge part of the opening structure, and closes the inside 
space exposed by the opening structure to hold an air-tightness 

of the loudspeaker enclo-
sure in a state that the first 
and second diaphragms 
can be vibrated. 

2. A sealing-type loud-
speaker enclosure, com-
prising: an enclosure body 
that has an attachment 
hole to which a loudspeak-
er is to be attached; a first 
diaphragm which has one 
of ends fixed to a surface 
of the enclosure body and 
the other end which can 
be freely vibrated; a second 
diaphragm which has one of ends fixed to the surface of the 
enclosure body and the other end that can be freely vibrated, 
the other end of the second diaphragm being provided oppo-
site to the other end of the first diaphragm; a coupling portion 
that has an elasticity, and couples the other end of the first dia-
phragm to the other end of the second diaphragm; an opening 
structure which is provided in a position corresponding to 
vibrating portions of the first and second diaphragms and the 
coupling portion in the surface of the enclosure body, and by 
which the inside space of the enclosure body is exposed; and a 
sealing member, which is provided to a portion among the first 
and second diaphragms, the coupling portion and an edge part 
of the opening structure, and closes the inside space exposed by 
the opening structure to hold an air-tightness of the enclosure 
body in a state that the first and second diaphragms can be 
vibrated.

REVIEWER COMMENTS
A loudspeaker system for improving low-frequency capabil-

ity in a bass reflex-type enclosure is disclosed. In a bass reflex 
loudspeaker system, a passive acoustic mass radiator couples 
an internal space to the external space outside of an enclosure 
with an active loudspeaker unit directly driving the compli-
ance of the internal air medium, which interacts with the 
passive acoustic mass and forms a Helmholtz resonance which 
is utilized to reinforce the low frequencies. In cases in which 
a volume of the enclosure is very small, having the passive 
acoustic mass realized by a vent or port tube, may have to be 
too small in diameter, and therefore, too lossy or non-linear. 
Consequently, the air resistance is increased so that the low-
frequency reinforcing function can be markedly deteriorated. 
Moreover, there is a problem with wind noise and chuffing 
because a speed of air passing through the resonant tube is 
increased substantially.

 The alternative can be to provide a passive acoustic cone, or 
drone cone, in place of the vent. However, in the case in which 
the drone cone is used, particularly in a small enclosure, it is 
necessary to substantially increase the moving mass of the cone 
in order to reduce the Helmholtz resonance to the desired low 
frequency. In order to reduce losses near the tuning frequency, 
which can cause a notch in the response of the passive radia-
tor based system, it is necessary to increase the compliance of 

U.S. Patent 8,094,842
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surround/suspension supporting diaphragm. In order to sup-
port the diaphragm having a great mass, however, the strength 
of the surround must be increased, which is contrary to the 
desired compliance necessary for high performance. Moreover, 
with a simple, high compliance suspension, it is hard to drive a 
heavy diaphragm to large excursions and still remain complete-
ly in parallel, without abnormal rocking of the diaphragm. The 
inappropriate rocking of the diaphragm increases distortion 
and reduces low-frequency efficiency. 

 In an attempt to solve this problem of supporting a high-
mass passive diaphragm, while maintaining high compliance 
in the suspension, and sustaining linear behavior during long 
excursions, a new class of passive radiators have been developed 
by different groups over the years.  The stabilization is achieved 
by utilizing a passive radiator that pivots on a type of “hinge” 
anchoring one side of the diaphragm, while having a compli-
ant surround on the remaining three sides of the diaphragm 
(assuming a rectangular shaped passive radiator). The idea is, if 
one has a hinge anchoring one side of a four-sided diaphragm, 
then even with very high mass applied, the passive radiator will 
not rock or twist, but remain stable and move in a substantially 
linear fashion. 

 While others have experimented with these types of systems 
in the last couple decades, it appears that the first to patent it 
was Stuart Nevill at B&W, U.S. 6,396,936, which used the 
simplest form of a three-sided suspension with a fourth-side 
hinge. Essentially the same design was put forth by Toyofumi 
Hayashi, in U.S. 8,019,108.

 The current patent of this review is a variation on the same 
theme as the above prior art, but offers a few different versions 
of the architecture of the hinged passive-diaphragm radiator. 
The main difference is that this patent uses two connected 
passive radiators, with a compliant suspension connecting the 
two, rectangular passive radiators, and with hinges at each end 
opposite of the connecting suspension, and additional suspen-
sions around the remaining sides. This allows an expansion in 
the middle, where the two diaphragms are connected. There 
are other variations using two connected, rectangular passive 
diaphragms, wherein the hinge point is the connecting point 
between the two diaphragms, with additional suspensions 
around the remaining sides. 

 In principle, all these systems can handle greater masses 
without the instabilities that plague most conventional passive 
radiators. But, in the current and prior art patents, none of 
the inventors address the shortcomings of the new designs. 
When a passive radiator is hinged, for a given excursion at the 
point farthest from the hinge, the total volume displacement is 
approximately half that of a standard passive radiator, because 
one side is clamped. This suggests that the actual excursion at 
the suspension end will have to be about twice what a con-
ventional passive radiator would be for the same output. It is 
unclear that these two- or three-sided, angular suspensions can 
even equal the mechanical X-max of a conventional passive 
radiator, let alone remaining linear at twice the excursion.

 Although these suspensions can be made very compliant, 
due to not having to stabilize the rocking motion (a job han-
dled by the hinge), the other reason passive radiators require 
high-integrity suspensions is not identified: that of dealing 

with the high internal pressures acting differentially on the 
suspension vs. the diaphragm, causing nonlinearities. This last 
issue is not as problematic as it is on an active driver, but it still 
has impact on passive radiators. And, lastly, the patent does not 
address what amount of actual mass is required on a “pivoted” 
radiator to equal the effective acoustic mass of a standard pas-
sive radiator. It would be greater by a factor that corresponds to 
the length of the device relative to its pivot point.

 While conceptually appealing, reality sets in relative to the 
pluses and minuses. As with so many new acoustical devices, 
one comes back to the basics and often finds that with a little 
advancement, there is still the best way to go.

If one has concerns about heavy passive radiators “rocking” 
during large excursions, a good place to look might be Cal 
Perkins passive radiator patent, U.S. 6,176,345. It uses good 
old-fashion techniques applied very effectively.

DEVICE HAVING A POINT AND A SPATIAL 
SOUND-GENERATING MEANS FOR PROVIDING 
STEREO SOUND SENSATION OVER A LARGE 
AREA
Patent Number: U.S. 7,986,801
Inventors: Daniel Willem Elisabeth Schobben (Eindhoven, 
NL), Martinus Hermanus Wilhelmus Maria Van Delden 
(Eindhoven, NL)
Assignee: Koninklijke Philips Electronics N.V. (Eindhoven, NL) 
Filed: January 19, 2004
U.S. Class: 381/300
Granted: July 26, 2011, Claims: 16, Drawings: 9

REVIEWER COMMENTS
It is an object of this patent to provide a compact, singular 

sound reproduction device capable of providing the perception 
of stereo sound over a relatively large area. Starting back in the 
earliest days of industry change from mono to stereo, there 
have been attempts to create a larger stereo image from a single 
loudspeaker enclosure. One of the better known systems was 
offered by Jensen in the 1960s. Some additional examples can 
be found in U.S. 3,164,676, U.S. 3,588,355, and U.S. 3,637, 
938. These devices basically utilized a single enclosure with 
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two transducers, one enclosed outputting Left + Right (L+R) 
and the other positioned perpendicularly in front of the first, 
operating as an open dipole, supplying L-R and R-L, with 
the idea being to mix and decode acoustically into left and 
right outputs in the space in front of the speaker system.

 More recent efforts have been made to extend the ideal 
to create single-enclosure surround sound systems, such 
as the work by Stuart Fletcher of Airsound Corp., U.S. 
2009/0067635, and that of Francis Miller U.S. 6,760,446.

All these, and many others using similar techniques, can 
provide a fairly spacious sound from a single enclosure, but 
can be sensitive to program material and listener position-
ing, such that the effect can collapse or become merely an 
ill-defined sound field only slightly larger than the sound 
source.

The inventors of this particular device have taken the same 
concept and attempted to expand its ability to spatialize, 
by how it is coupled to the surface on which it is mounted.

 To this end, the device, in accordance with the inven-
tion, is characterized in that it has a singular enclosure with 
interconnected first and second sub-enclosures, containing 
first and second transducers, respectively. One enclosed 
transducer faces upward, distributes the sound in a substan-
tially omni-directional manner, and is fed a summed, L+R 
signal. A second transducer faces downward and mounted 
approximate to the support surface for the system in a “co-
vibrating” relationship. The second transducer is fed an L-R 
difference signal. The surface that the device is mounted on 

is referred to as a “spatially extended source” and is said to 
vibrate in response to the second, L-R transducer such that 
it increases the output by 6 to 15 dB compared to airborne-
only radiation from the same transducer. 

 This coupling of the L-R, difference signal to a vibratable 
table top is not only to amplify the difference signal out-
put, but even more importantly, its purpose is to spatially 
expand the apparent sound field by having the L-R signal 
radiated from source(s) distant from the system enclosure. 
While there have been many devices over the years that 
have attempted to utilize large vibratable surfaces as a 
sound source, such as attaching a transducer to a sheet of 
glass, or window, for the most part, they have resulted very 
poor fidelity. This current invention is unique in being 
the first to isolate the L-R signal to be applied to the large 
vibratable surface, while the L+R signal is radiated directly 
airborne from a separate transducer. 

 It is interesting that psycho-acoustically, for these types of 
systems, the ear is more discerning of tonal colorations that 
are radiated from an L+R source, and somewhat less dis-
cerning of L-R, spatialized signals. While the psychoacous-
tic trickery would not allow a system of this type to rise 
to the performance level of a high quality, multi-channel, 
direct radiator system, it should provide for a fairly effective 
“cheat” that may offer competitive value in the increas-
ingly popular category of small, single-enclosure, tabletop 
systems. I look forward to hearing how well the technology 
performs as soon as Philips has a system available.
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NON-DIRECTIONAL TRANSDUCER
Patent Number: U.S. 8,094,868
Inventors: J. Craig Oxford (Nashville, TN), D. Michael 
Shields (St. Paul, MN)
Assignee: None Listed
Filed: January 3, 2006
U.S. Class: 381/430
Granted: January 10, 2012, Claims: 20, Drawings: 2

REVIEWER COMMENTS
The present invention involves a transducer for the cre-

ation of omni-directional radiation of acoustic energy in a 
horizontal plane. The transducer comprises a base plate sup-
porting a centrally located voice coil motor assembly and a 
“hemi-toroidal” or half-donut shaped diaphragm. The cen-
tral edge of the diaphragm is attached to and driven by the 
voice coil, and the outer edge is attached to the base plate. In 
the preferred embodiment of the invention, the diaphragm 
is comprised of a single sheet of planar material formed to 
the hemi-toroidal shape which then has a series of radial slits 
added to promote the sheet or planar material retaining the 
hemi-toroidal shape. Alternatively, the diaphragm may be 
constructed of a series of truncated wedge-shaped segments 
joined together to create the hemi-toroidal shape.

 The device looks very much like a circular version of the 
types of devices developed by Paul Paddock in the 1980s 
and 90s, such as U.S. 6,061,461 and U.S. 2005/0152575. 
These types of devices are notoriously difficult to get to 
behave, due to the substantial propensity for breakup 
modes. This patent does not address that issue or show any 
frequency-response curves to verify performance. 

 Another aspect often overlooked in horizontal omni-
transducers, is that for frequencies wherein the one side 
of the transducer to the other side of the transducer is a 
multiple of a half wavelength, there is a series of comb filter 
type cancellations in horizontal, omni-directional acoustic 
output due to out of phase interference from one side to 
the other. This issue, combined with the response difficul-
ties associated with breakup modes, make for a somewhat 
difficult device to optimize. That said, there are ways to 
address both of these issues and upon doing so, this device 
could make for an interesting addition to the current arse-
nal of transducer types. VC
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Test Bench

Photo 1: The Scan-Speak 12MU/4731T00

Another Look at Scan-Speak’s 
12MU/473100 and SB’s New SB-
29NRXSW, an S75-6 Subwoofer

by Vance Dickason

I had begun testing the Scan-Speak 12MU/4731T00 (see 
Photo 1), when I recalled that this driver had been tested pre-

viously. Looking through the Voice Coil archives, I found that I 
had characterized the Scan 12MU in the July 2009 issue. Rather 
than put this back on the shelf, I thought that readers might 
find it interesting to not only take another look at this very good 
sounding high-end midrange again, but to also compare current 
production with the data taken nearly two years ago. Knowing 
the emphasis on quality and quality control that Scan puts into 
its production, I expected the data to turn out very close, which 
indeed it did.

As part of Scan-Speak’s Illuminator series of the drivers, the 
12MU is built on the same great looking frame as the other 
Illuminator woofers, with the same, but scaled down, underhung 
(gap height is 13 mm, with a 6-mm voice coil height) neodymi-
um ring magnet motor structure (see Photo 2). Like the woofer 
motor, the front plate is shaped to “guide” the backside airflow 
around the motor. In terms of features, the 12MU uses a single 
layer uncoated curvilinear embossed paper cone as opposed to the 
two-layer embossed cone employed for the 15WU and 18WU 
woofers. I am going to assume that the embossing on the 12MU 
cone is more cosmetic than functional and is intended to match 
the “look” of the Illuminator woofers. The uncoated paper dust 
cap is also embossed to complete the cosmetic appearance of the 
12MU. Other features include a flat-cloth spider and a coated-
foam surround (Mmd for this driver is only 5.2 grams), copper 
shorting ring, and lead wires that are terminated to gold-plated 
terminals.

Testing commenced with the driver clamped to a rigid test fix-
ture in free-air, with voltage and current sweeps taken at 0.3 V, 1 V, 
3 V, 6 V, and 10 V. The 10 V proved to be somewhat non-linear 
and was not used, but it was close, which is amazing for a 4" driver. 
The remaining eight 550-point stepped sine wave sweeps for each 
12MU midrange sample were post-processed. The voltage curves 
were divided by the current curves (admittance) to create imped-
ance curves, phase added using LMS calculation method, and 
along with the accompanying voltage curves, saved to the LEAP 5 
Enclosure Shop software. In addition to the LEAP 5 LTD model 
results, I also created a LEAP 4 TSL model set of parameters using 
just the 1-V free-air curves.  The final data set, which includes the 
multiple voltage impedance curves for the LTD model and the 
1-V impedance curve for the TSL model (see Figure 1 for the 
1-V free-air impedance curve), were selected and the parameters 
created in order to perform the computer box simulations. 
Table 1 compares the LEAP 5 LTD and TSL data and factory 
parameters for both of Scan-Speak 4" samples measured for this 
issue. Table 2 gives the data for the pair measured in July 2009.

As I expected, the Scan data was very consistent from 2009 and 

Photo 2: The 12MU is built with a neodymium ring magnet motor 

structure
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Figure 1: Scan-Speak 12MU/4731T00 free-air impedance plot

2012, with about the same variation between LEAP parameter 
calculation results for the Scan 12MU mid and the factory data. 
As before, the Fs/Qt ratios are reasonably close to the Scan-Speak 
factory data. Given this, I set up computer enclosure simulations 
using the LEAP LTD parameters for Sample 1, the same sealed 
box volumes used in the July 2009 report. For the first closed box 
simulation I used a 38ci enclosure with 50% fiberglass fill mate-
rial, and for the second sealed box, a larger volume of 62ci Qb3 
also with 50% fiberglass fill material.

Figure 2 displays the results for the 12MU/4731T00 in the 
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 TSL model LTD model  Factory

sample 1 sample 2  sample 1 sample 2

Fs 79.4 Hz 66.2 Hz 74.5 Hz 62.5 Hz 64 Hz 

Revc 3.11 3.03 3.11 3.03 3.1

Sd 0.0057  0.0057 0.0057 0.0057   0.0058

Qms 4.18 3.87 3.48  3.32   3.64 

Qes 0.37 0.30 0.30 0.27   0.26 

Qts 0.34 0.28 0.28 0.25 0.24 

Vas 3.4 ltr  4.9 ltr 3.9 ltr  5.6 ltr   5.4 ltr 

SPL 2.83 V 88.5 dB 88.6 dB  89.0 dB 88.9 dB   90 dB 

Xmax 3.5 mm 3.5 mm  3.5 mm  3.5 mm 3.5 mm 

 TSL model LTD model  Factory

sample 1 sample 2  sample 1 sample 2

Fs 75.3 Hz 76.5 Hz 73.2 Hz 74.7 Hz 64 Hz 

Revc 3.04 2.91 3.04 2.91 3.1

Sd  0.0057 0.0057 0.0057 0.0057   0.0058

Qms 3.58 3.98 3.13 3.53   3.64

Qes 0.34 0.31 0.30 0.30   0.26 

Qts 0.31 0.31 0.27 0.27 0.24 

Vas 3.6 ltr   3.4 ltr 3.8 ltr  3.7 ltr   5.4 ltr 

SPL 2.83 V 88.4 dB 88.6 dB  88.7 dB 88.9 dB   90 dB 

Xmax 3.5 mm 3.5 mm 3.5 mm  3.5 mm 3.5 mm 

Table 1: Scan-Speak 12MU/4731T00 midrange, tested March 2012

Table 2: Scan-Speak 12MU/4731T00 midrange, tested July 2009
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Figure 2: Scan-Speak 12MU/4731T00 computer box simulations 

(black solid = sealed 1 @ 2.83 V; blue dash = sealed 2 @ 2.83 V; 

black solid = sealed 1 @ 25 V, blue dash = sealed 2 @ 18 V)
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Figure 3: Group delay curves for the 2.83-V curves in Figure 2
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two sealed boxes at 2.83 V and at a voltage level sufficiently high 
enough to increase cone excursion to Xmax + 15% (4 mm for the 
12MU). This resulted in a F3 = 181 Hz with a box/driver Qtc of 
0.67 for the 38 ci design and a –3 dB = 156 Hz with a Qtc = 0.57 
for the 62 ci simulation. The July 2009 results were close to the 
same F3/Qtc with a F3 = 171 Hz with a box/driver Qtc of 0.70 
for the 38-ci design and a –3 dB = 150 Hz with a Qtc = 0.60 for 
the 62-ci simulation. 

 Increasing the voltage input to the simulations until the maximum 
linear cone excursion was reached generated 110 dB at 25 V for the 
sealed-enclosure simulation and 106 dB with an 18-V input level 
for the larger closed box (see Figure 3 and Figure 4 for the 2.83-V 
group delay curves and the 25/19-V excursion curves). Obviously, 
the 12MU, as with any midrange, will be used in conjunction with 
a band-pass filter network, but this information can help locate an 
appropriate crossover frequency. It is often difficult to locate the 
high-pass section of a band-pass filter within one octave or less of the 
resonance of a midrange device and sometimes requires and LCR 
conjugate circuit to prevent the circuit interaction.

  Klippel analysis for the Scan 12MU midrange produced the 
Bl(X), Kms(X) and Bl and Kms Symmetry Range plots given in 
Figures 5 to 8. The Bl(X) curve for the 12MU (see Figure 5) 
is moderately broad and very symmetrical, which is more like a 
woofer than a midrange. Looking at the Bl symmetry range curve 
in Figure 6, there is a 0.5-mm rearward (coil-in) offset that goes 
to 0 mm at the physical Xmax position (3.5 mm for the 12MU). 
Figure 7 and Figure 8 give the Kms(X) and Kms symmetry range 
curves for the12MU. The Kms(X) curve also is very symmetrical. 
However since the application is as a midrange that will always 
have a band-pass filter, excursion will be limited, regardless of 
how good the Klippel data for this driver looks. Even considering 
this, the forward coil-out offset at rest is only 1.5 mm resolving to 
0 mm at about 3 mm of travel. Displacement limiting numbers 
calculated by the Klippel analyzer for the Scan midrange were 
XBl @ 82% Bl = 6.1 mm and for XC @ 75% Cms minimum 
was 4.8 mm, which means that for this 4" mid, the compliance 
is the most limiting factor for prescribed distortion level of 10%. 
Regardless, it is still significant that both XBl and XC numbers 
occur beyond the physical Xmax. The 12MU may be offered as a 
midrange, but it’s really not so bad as a woofer! Figure 9 gives the 
inductance curves Le(X) for the 12MU/4731T00, which shows 
a very small 0.15-mH inductance change across the operating 
range, again due to the copper shorting ring and overall motor 
construction.

 With the Klippel testing finalized, I mounted the 12MU 
driver in an enclosure which had a 15" × 5" baffle filled with 
foam damping material and proceeded to measure the driver 
frequency response both on- and off-axis from 300 Hz to 40 
kHz at 2.83 V/1 m using a 100-point gated sine wave sweep. 
Figure 10 depicts the 12MU’s on-axis response displaying a 
smooth rising response to about 1 kHz, flattening out above that 
frequency. Figure 11 compares the April 2012 on-axis curve to 
the July 2009 version. These two curves are very close, but if any-
thing, Scan has improved the response by eliminating the 5.3-Hz 
peak that was in the previous test. 

Figure 12 shows the on- and off-axis frequency response at 0°, 
15°, 30°, and 45°. The –3 dB at 30°, with respect to the on-axis 
curve, occurs at 4 kHz, so a 4- to 5-kHz crossover frequency 



22 VOICE COIL

10  Hz 20 50 100 200 500 1K

 M

1m

2m

3m

4m

5m

6m

7m

8m

9m

10m

Excursion vs Freq

Figure 4: Cone excursion curves for the 25/18-V curves in 

Figure 2

Figure 5: Klippel Analyzer Bl (X) curve for the Scan-Speak 

12MU/4731T00

Figure 6: Klippel Analyzer Bl symmetry range curve for the Scan-

Speak 12MU/4731T00
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Figure 11: Scan-Speak 12MU/4731T00 on-axis frequency response 

comparison of February 2012 sample to July 2009 sample

Figure 7: Klippel Analyzer mechanical stiffness of suspension 

Kms (X) curve for the Scan-Speak 12MU/4731T00

Figure 8: Klippel Analyzer symmetry range curve for the Scan-

Speak 12MU/4731T00

Figure 9: Klippel Analyzer Le (X) curve for the Scan-Speak 

12MU/4731T00
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Figure 10: Scan-Speak 12MU/4731T00 on-axis frequency 

response
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Figure 13: Scan-Speak 12MU/4731T00 two-sample comparison
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Figure 12: Scan-Speak 12MU/4731T00 on- and off-frequency 

response
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Figure 15: Scan-Speak 12MU/4731T00 SoundCheck CSD water-

fall plot

Figure 16: Scan-Speak 12MU/4731T00 SoundCheck Wigner-Ville 

plot

Figure 14: Scan-Speak 12MU/4731T00 SoundCheck distortion plot
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 TSL model LTD model  Factory

sample 1 sample 2  sample 1 sample 2

Fs 21.2 Hz 19.9 Hz 20.2 Hz 18.9 Hz 20 Hz 

Revc 4.39 4.38 4.39 4.38 4.5

Sd 0.0327  0.0327 0.0327 0.0327   0.0312

Qms 6.66 6.39 5.81  5.15   4.5

Qes 0.31 0.30 0.29 0.28   0.31

Qts 0.29 0.28 0.27 0.27 0.31

Vas 64.7 ltr  73.1 ltr 71.8 ltr  81.9 ltr   66 ltr 

SPL 2.83 V 84.9 dB 84.8 dB  84.9 dB 84.8 dB   86 dB 

Xmax 11.3 mm 11.3 mm  11.3 mm  11.3 mm 11 mm 

Table 3: SB Acoustics SB29SWNRX75-6 woofer

would be appropriate for this driver. And finally, Figure 13 gives 
the two-sample SPL comparisons for the 4" Scan-Speak midrange 
driver, showing a good match within 1 dB or less throughout the 
operating range.

For the last body of testing on the Scan-Speak 12MU midrange, 
I used the Listen, Inc. SoundCheck analyzer (courtesy of Listen, 
Inc.) and the SCM microphone and power supply to measure 
distortion and generate time-frequency plots. Setting up for the 
distortion measurement consisted of mounting the woofer rigidly 
in free-air, and the SPL set to 94 dB at 1 m (4.8 V) using a noise 
stimulus (SoundCheck has a software generator and SPL meter 
as two of its utilities), and then the distortion measured with the 
SCM microphone placed 10 cm from the phase plug. This pro-
duced the distortion curves shown in Figure 14. 

For the last test on the Scan 12MU, I used the SoundCheck 
analyzer to get a 2.83 V/1 m impulse response for this driver and 
imported the data into Listen, Inc.’s SoundMap Time/Frequency 
software. The resulting CSD waterfall plot is given in Figure 15 
and the Wigner-Ville (for its better low-frequency performance) 
plot in Figure 16. 

What attracts high-end loudspeaker manufacturers to Scan-
Speak products is not only their musical sound quality, but the 
overall precision and consistency that goes along with Scan’s 
manufacturing culture. It was fun to examine this driver, compare 
it with data I took nearly two years previously, and end up with 
the results I expected. For more information, visit the Scan-Speak 
website at www.scan-speak.dk.

The SB29NRX75-6
The last driver I examined this month is the new 

SB29SWNRX-75-6 from SB Acoustics (see Photo 3). It is a 
subwoofer version of the SB29NRX75-6, which I examined in 
the December 2007 issue of Voice Coil. If you are not familiar 
with SB Acoustics, SB is an acronym for Sinar Baja, which is a 
large OEM driver manufacturer located in Indonesia. However, 
the driver line was conceptualized by David Stephens, a former 
U.S. representative of DST. The transducer design of all SB drivers 
is done by former Vifa/Scan-Speak engineers Ulrik Schmidt and 
Frank Nielsen, the principals of Danesian Audio. Danish Sound 
Technology, if you are new to the industry, was bought out by 
Tymphany, and at its peak included the Vifa, Peerless and Scan-
Speak transducer brands. 

 As would be expected from SB Acoustics, the SB29SWNRX75-6 
has a substantial feature set that includes a cast aluminum frame, 
a stiff curvilinear cone, a dust cap made from a proprietary blend 
of paper fibers, an FEA-designed progressive Conex spider, SBR 
surround, a 75.6 mm (3") diameter voice coil wound with round 
copper wire on a non-conducting glass-fiber former, and a ferrite 
motor composed of two 20 mm × 144 mm magnets sandwiched 
between a shaped T-yoke and front plate. The voice coil lead 
wires are terminated to gold terminals located on opposite sides 
of the frame. Cooling is provided by a 55-mm round pole vent 
and four large 50 mm × 15 mm and four small 5 mm × 15 mm 
vents located below the spider-mounting shelf, allowing air to 
flow across the front plate and exposed voice coil.

I started examining the SB Acoustics 10" with the LinearX 
LMS stepped sine wave analyzer and VIBox. Both voltage and 
admittance (current) measurements were generated in free-air at 

Photo 3: The SB29SWNRX-75-6 woofer from SB Acoustics

Figure 17: The SB29SWNRX-75-6 woofer free-air impedance plot
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Figure 18: The SB29SWNRX-75-6 computer box simulations (black 

solid = vented 1@ 2.83 V; blue dash = vented 2 @ 2.83 V; black 

solid = vented 1 @ 70 V; blue dash = vented 2 @ 45 V
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Figure 19: Group delay curves for the 2.83-V curves in Figure 18
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Figure 20: Cone excursion curves for the 70-V and 45-V curves in 

Figure 18

Figure 21: Klippel Analyzer Bl (X) curve for the SB29SWNRX-75-6

1 V, 3 V, 6 V, 10 V, 15 V, 20 V, and 25 V. The measured Mmd 
that was provided by SB Acoustics (an actual physical cone assem-
bly measurement with 50% of the surround and spider removed) 
was used rather than a single 1-V added (delta) mass measure-
ment.  It should also be noted that this multi-voltage parameter 
test procedure includes heating the voice coil between sweeps for 
progressively longer periods to simulate operating temperatures 
at that voltage level (raising the temperature to the 3rd time 
constant). The remaining 10 sine wave sweeps for each woofer 
were further processed with the voltage curves divided by the 
current curves to produce impedance curves. Phase curves were 
generated using the LEAP phase calculation routine. Impedance 
magnitude and phase curves plus the associated voltage curves 
were then copy/pasted into the LEAP 5 software’s Guide Curve 
library. This data was then used to calculate parameters using the 
LEAP 5 LTD transducer model. Because almost all manufactur-
ing data is being produced using either a standard transducer 
model or in many cases the LEAP 4 TSL model, I also generated 
LEAP 4 TSL model parameters using the 1-V free-air and delta 
mass curves that can also be compared with the manufacturers 
data (see Figure 17 for the SB29NRX75-6 1-V free-air imped-
ance plot). Table 3 compares the LEAP 5 LTD and LEAP 4 TSL 
T/S parameter sets for the SB 10" driver samples submitted by 
SB Acoustics with the factory data. 

Looking at the comparative data in Table 3 for the SB woofer, 
all four parameter sets for the two samples were reasonably similar 
and correlated well with the factory data with the exception that 
the SB SPL number was 1 dB higher and a more conservative Sd. 
Following my standard protocol for Test Bench, I proceed to use 
the LEAP 5 LTD parameters and performed two computer enclo-
sure simulations, one in a 0.6 ft3 Qb3 alignment vented box with 
15% fill material (fiberglass) tuned to 28 Hz and a second vented 
box Extended Bass Shelf (EBS) alignment in a 1.34 ft3 box also 
with 15% fill material and tuned to 20 Hz. Because of the small 
enclosure volume and relatively low tuning frequencies, I suspect 
that a passive radiator solution is probably more appropriate for 
this woofer; however, the vented simulation will give us a good 
ideal of overall performance.  

Figure 18 gives the results for the SB29SWNRX75-6 in the 
vented and sealed enclosures at 2.83 V and at a voltage level 
sufficiently high enough to increase cone excursion to Xmax + 
15% (12.9 mm for this woofer). This resulted in a F3 of 51 Hz 
for the 0.6 t3 box and a –3 dB for the EBS simulation of 41 Hz. 
Increasing the voltage input to the simulations until the maxi-
mum linear cone excursion was reached Xmax +15% resulted in 
115.5 dB at 70 V for the Qb3 enclosure simulation and 
111 dB also with a 15-V input level for the larger vented box. 
(See Figure 19 and Figure 20 for the 2.83-V group delay 
curves and the 70/45 V excursion curves.) 

Klippel analysis for the SB 10" woofer (the analyzer is provided 
courtesy of Klippel GmbH), which as usual was performed by 
Patrick Turnmire, Red Rock Acoustics (author of the SpeaD and 
RevSpeaD transducer simulation software) produced the Bl(X) 
and Bl symmetry plots given in Figures  21 to 24. Please note, 
if you do not own a Klippel analyzer and would like this type of 
data on any transducer, Red Rock Acoustics can provide Klippel 
analysis of most any driver for a nominal fee of $100 to $200 
per unit. (For contact information, visit the Red Rock Acoustics 

website at www.redrockacoustics.com.) 
The Bl(X) curve for the SB29SWNRX75-6 seen in Figure 21 

is somewhat asymmetrical with a tilt but has a fairly broad Bl pla-
teau, typical of a driver with substantial Xmax. Looking at the Bl 
symmetry curve in Figure 22 shows 2.0-mm Bl coil in (rearward) 
offset at rest which transitions to a near zero offset at the 8.4 mm 
of excursion, which indicates the voice coil is staying centered in 
the gap at high output levels.

Figure 23 and Figure 24 show the Kms(X) and Kms Symmetry 
curves for the SB subwoofer. These curves show a fairly large 
forward offset in the compliance of 3.6 mm. Displacement 
limiting numbers calculated by the Klippel analyzer for the 
SB29NSWRX75-6 using the woofer criteria for Bl was XBl @ 
70% (Bl dropping to 70% of its maximum value) equal to 
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Figure 26: The SB29SWNRX-75-6 SoundCheck distortion plots

Figure 22: Klippel Analyzer Bl symmetry range curve for the SB29SWNRX-75-6 Figure 23: Klippel Analyzer mechanical stiffness of suspension 

Kms (X) curve for the SB29SWNRX-75-6

Figure 24: Klippel Analyzer Kms symmetry range curve for the 

SB29SWNRX-75-6

Figure 25: Klippel Analyzer Le(X) curve for the SB29SWNRX-75-6
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10.3 mm (less than the physical 11 mm Xmax for this 
driver) for the prescribed 20% distortion level for the SB 
10". For the compliance, XC @ 50% Cms minimum was 
8.6 mm (also less than the physical Xmax of this driver), 
which means that for the SB Acoustics woofer, the com-
pliance is the most limiting factor for getting to the 20% 
distortion level.  

Figure 25 gives the inductance curve Le(X) for this trans-
ducer. Motor inductance will typically increase in the rear 
direction from the zero rest position and decrease in the 
forward direction as the voice coil moves out of the gap and 
has less pole coverage, which is what we see with the SB 
Acoustics woofer. The only thing that changes this curve 
shape and decreases inductance in the rear direction is a 
shorting ring, which was not incorporated into this woofer.

Next, the Listen, Inc. SoundCheck analyzer was used 
to perform distortion analysis. As usual, I dispensed with 
time frequency analysis for subwoofers as the data is not 
really significant below 100 Hz. For distortion measure-
ments the voltage level was set with the driver mounted in 
an enclosure with a 14" × 30" baffle and increased until it 
produced an 1 m SPL of 94 dB at 16 V (my SPL standard 
for home audio drivers). The distortion measurement was 
then made with the microphone placed near-field (10 cm) 
with the woofer mounted in the enclosure. This plot is 
shown in Figure 26 for the 10" SB subwoofer. As can be 
seen this actually includes two plots, the top graph being 
the standard fundamental SPL curve with the 2nd and 3rd 
harmonic curves, and the bottom graph the 2nd and 3rd 
harmonic curves plus the THD curve with an appropriate 
X-axis scale. Interpreting the subjective value of conven-
tional distortion curves is almost impossible. However, 
looking at the relationship of the 2nd to 3rd harmonic 
distortion curves is of value.

Final analysis for the SB 10" subwoofer would have been 
measuring its frequency response, however on the first 
sweep, I realized that this woofer has a substantial amount 
of inductance and had a low-pass roll-off lower then the 
300-Hz low-frequency response in my SPL measurement 
facility. Figure 27 gives the factory frequency response 
curve of this transducer and indicates a low-pass roll-off of 
about –3 dB at 150 Hz. For more information on this and 
other SB Acoustics drivers, visit www.sbacoustics.com. VC

Figure 27: The factory SB29SWNRX-75-6’s on-axis frequency 

response
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Industry Watch
by Vance Dickason

ISE Numbers Hit New High
This year’s Integrated Systems Europe (ISE) show, 

held in the Amsterdam, RAI, featured 825 exhibitors 
across 11 halls, drawing 40,869 visitors between January 
31 and February 2. Both numbers are the highest ever 
achieved by ISE, with the exhibitor total representing a 
15% rise over 2011, while the attendee increase was just 
over 17%. The show also broke new ground in other 
areas, with net floor space exceeding 30,000 square 
meters, and the number of people registering for ISE’s 
conference, education, and pre-show event program 
passing the 2,000 mark for the first time.

The space-rebooking process for ISE 2013 began on 
the second morning of the 2012 show and resulted in a 
total of 28,300 net square meters of exhibit space being 
reserved for next year—a 5% increase on the equivalent 
figure 12 months ago. Many companies have also cho-
sen to enlarge their stands, with Samsung, Sony, Digital 
Projection, Sennheiser, Barco, AVC Group, and Optoma 
among those staking more real estate in 2013. The 
event is a joint venture of the Custom Electronic Design 
and Installation Association (CEDIA) and InfoComm 
International.

Yamaha Merger Effective April 1
Yamaha’s board approved a merger, effective April 1, of 

its United States home-audio subsidiary with its U.S.-
based musical instruments and pro audio subsidiary.  
But Yamaha said the merged entity has no plans to merge 
sales or rep forces, Its primary objectives include realizing 
maximum synergies and increasing management efficiency, 
principally in administrative business processes, by imple-
menting closely coordinated sales and marketing of musical 
instruments and A/V [home audio] products. The home 
business, called Yamaha Electronics Corp. (YEC) USA, 
will become part of the larger Yamaha Corp. of America 
(YCA), which not only markets musical instruments and 
pro audio equipment but also manages music schools. 
YCA will continue to be headed by president Takuya Nakata. 
Tom Sumner, who is both YEC president and YCA senior vice 
president, will retain his YCA senior VP title. Both subsidiaries 
are located in Buena Park, CA. YEC has 39 employees, and 
YCA has 335. 

Henkel Introduces New Dispenser
To improve quality and reduce waste associated with manufac-

turing processes that rely on hand-dispensed instant adhesives, 
Henkel Corp. has introduced the Loctite CA Volumetric Hand 
Pump. Weighing less than 10 oz, this hand-held dispenser 
ensures precise and repeated dispensing of Loctite brand instant 
adhesives (cyanoacrylates).

Requiring no pneumatics, battery, or electric power, the new 



APRIL 2012 29

         Tel: (503) 557-0427    vdc@northwest.com 

         Loudspeaker 
Product Development
             

Va
nc

e 
D

ic
ka

so
n 

C
on

su
lti

ng

Vance Dickason Consulting has been developing award 
winning products for numerous high profile brand 
names for over 20 years… experience that’s hard to find! 

With extensive experience in high-end off-wall, in-wall, 
on-wall, ceiling and subwoofer products plus close 
relationships with some of the worlds best speaker 
OEM’s and you have a combination of services that 
will accelerate your next product lineup.

We have all the best toys (Klippel, LEAP 5,
LMS, CLIO, MLSSA, LSPCad, FEA), so 
whether its multimedia, car audio, MI, 
Pro, two-channel or Home Theater 
(including THX®), VDC has the solutions.

Add to that an available design team that includes 
some of the best transducers engineers, industrial 
designers and marketing experts I know of in the 
industry and you have a winning combination that 
would cost well over $750,000 a year to keep in house.

The Loctite CA Volumetric Hand Pump

hand pump offers six pre-set shot sizes and an adjustable range 
of 0.009 to 0.002 grams of adhesive. This volumetric dispenser 
ensures that the adhesive never over- or under-doses for an appli-
cation, resulting in minimized adhesive waste and improved 
end-product quality. The sealed hand pump connection to 
the bottle stops air and moisture from entering the system, 
preventing the instant adhesive from solidifying and increasing 
its working life. 

The Loctite CA Volumetric Hand Pump is designed to 
dispense from either 20-gram or 1-ounce bottles of Loctite 
instant adhesives. The pump’s easy-pull trigger and lightweight, 
ergonomic design minimize hand fatigue experienced during 
priming and dispensing. The unit measures 7.5 × 7.75 × 2.5" 
and weighs just 282 grams. For more information on the Loctite 
CA Volumetric Hand Pump, call 1-800-LOCTITE, or visit the 
equipment page at www.instant.loctite.com.

New Program to Recognize Innovation
The Small Business Council of the Consumer Electronics 

Association (CEA) and CE Vision magazine announced the 
Vision Entrepreneur Awards program, to recognize outstanding 
innovation and dedication to the consumer electronics indus-
try. With this new program, CEA will recognize individuals and 
small businesses who demonstrate a true sense of innovation; 
are leaders in the industry and their local community; and 
have the tenacity to persevere through business and economic 
challenges. The award is not limited to CEA members. It’s 
open to any small business or small business executive in the 
consumer electronics industry with annual domestic revenue 
under $30 million. Awards will be given to two companies and 
one individual executive chosen by a panel of industry judges. 
The winners will be announced at the CEA Industry Forum in 
San Francisco in October. Call for entries closes on March 30, 
2012. For more information about the program and its criteria, 
visit www.CE.org/awards. 

Consumer Confidence Rises
Consumer confidence in the overall economy is the high-

est it’s been since February of 2008, according to the latest 
Consumer Electronics Association (CEA) Index. Consistent 
with post-holiday results in previous years, consumer confi-
dence in technology spending fell this month.

Consumer confidence in the overall economy reached its 
second highest level ever in January. The CEA’s Index of 

Consumer Expectations (ICE) increased to 177.3, up nearly 
four points from December. The ICE, which measures con-
sumer expectations, is up nearly two points from January 2011, 
when the ICE reached its high for the year.

Consumer confidence in technology fell in January. The 
CEA’s Index of Consumer Technology Expectations (ICTE) 
dropped to 88, down five-and-a-half points from December. 
The ICTE, which measures consumer expectations about tech-
nology spending, remains consistent with this time last year. 
The CEA Indexes are comprised of the ICE and ICTE, both 
of which are updated on a monthly basis through consumer 
surveys. New data is released on the fourth Tuesday of each 
month. CEA has been tracking index data since January 2007. 
To find current and past indexes, charts, methodology, and 
future release dates, log on to CEAindexes.org.

JL Audio to Ship New 12-V Products
JL Audio plans to ship 41 new 12-V products in the first and 

second quarters to mark the company’s biggest 12-V launch in 
years. Many of the 12-V products are enclosed passive subwoof-
ers and subwoofer drivers designed to pack more sound into 
tight spaces. The introductions include:

Eight Stealthbox enclosed passive subwoofers custom-
fitted to blend in with a specific vehicle’s interior contours 
to take up less usable space and deliver a stock look
Five compact shallow-depth enclosed passive subwoofers, 
four in the company’s first TW3 PowerWedge series for 
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trucks and other small vehicles and one in the MicroSub 
series of even-smaller enclosures
The first three StealthMod OEM-upgrade packages 
designed for specific vehicles
An Evolution C3 series convertible two-way component 
speaker, this one for Japanese vehicles that don’t accept 
6.5" speakers
Two wedge-enclosed passive subwoofers with new cosmet-
ics compared to the models they replace
Eight subwoofer drivers, some designed for compact enclo-
sures and some with shallow mounting depths, including 
an 13.5" model with a mounting depth of only 2.63"
Three marine speakers, including a model for wakeboard-
tower mounting and JL’s largest marine coaxial speaker 
with an 8.8" woofer
Three Slash v3 amplifiers, which include two Class-D 
monoblock amps that deliver 20% more output than their 
Class-D predecessors in the same-size chassis
Two marine speakers

Two Speaker Manufacturers to Collaborate
Atlantic Technology has signed an agreement with SpeakerCraft 

to collaborate in the development of new loudspeaker systems 
using Atlantic’s revolutionary H-PAS bass configuration tech-
nology. According to SpeakerCraft, the application of H-PAS 
Technology will allow the company to provide its dealers with 
loudspeakers that will deliver deeper and smoother bass in 
much smaller cabinets than was previously possible. VC

 
Test Bench is an open forum for OEM driver manufacturers in 

the industry and all OEMs are invited to submit samples to Voice 
Coil for inclusion in the monthly Test Bench column. 

Driver samples can be for use in any sector of the loudspeaker 
market, including transducers for home audio, car audio, pro 
sound, multi-media, or musical instrument applications. 

Any woofer, midrange, or tweeter an OEM manufacturer feels is 
representative of their work, is welcome to send samples. Contact 
Voice Coil Editor Vance Dickason to discuss which drivers are being 
submitted. 

All samples must include any published data on the product, pat-
ent information, or any special information necessary to explain the 
functioning of the transducer. This should include details regarding 
the materials used to construct the transducer such as cone material, 
voice coil former material, and voice coil wire type. For woofers and 
midrange drivers, please include the voice coil height, gap height, 
RMS power handling, and physically measured Mmd (complete 
cone assembly,  including the cone, surround, spider, and voice coil 
with 50% of the spider, surround, and leadwires removed).
Samples should be sent in pairs and addressed to:

Vance Dickason Consulting
333 S. State St., #152
Lake Oswego, OR 97034
(503-557-0427)
vdc@northwest.com

Submit Samples To Test Bench
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The “Must Have” reference for  
                loudspeaker engineering professionals.

       Home, Car, or Home Theater!
Back and better than ever, this 7th edition

provides everything you need to become a

better speaker designer. If you still have a  

3rd, 4th, 5th or even the 6th edition of the 

Loudspeaker Design Cookbook, you are  

missing out on a tremendous amount of  

new and important information!

Now including: Klippel analysis of drivers,

a chapter on loudspeaker voicing, advice  

on testing and crossover changes, and so

much more! Ships complete with bonus CD

containing over 100 additional figures and

a full set of loudspeaker design tools.

A $99 value!

Yours today for just $39.95.

Shop for this book, and many
other Audio Amateur products,
at www.cc-webshop.com.



Seems like all of a sudden,
compact arrays are big

business. So talk to
Celestion about our range

of high performance,
small-format drivers.  

It’s another
innovation in sound

from Celestion.

Find us on Facebook

www.celestion.com

We’re thinking small

AN2075 50mm/2"    AN2775 70mm/2.75"         AN3510 88mm/3.5"


