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   Industry News and Developments
    By Vance Dickason

CEDIA Expo 2011    
This year’s CEDIA (Custom Electronic Design & Installa-
tion Association) Expo event is being held back at the Indiana 
Convention Center on September 7–10 in Indianapolis, IN. 
This will be the first Indianapolis CEDIA event since the re-
modeling of the Indiana Convention Center several years ago. 
Indianapolis also happens to be CEDIA’s headquarters.

 As usual, CEDIA University is providing a wide selection of 
workshops, classes, and seminars related to the various aspects 
of the AV install industry. Courses of interest to loudspeaker 
industry persons include: 

Fundamentals of Home Theater Design—Instructor: Jeff 
Gardner—This course is the starting point for all other train-
ing in home theater system design. At the conclusion of this 
course, participants should be able to:

     video display options

     considerations

Home Theater Room Design—Instructor: Sam Cavitt—The 
room itself plays a huge role in how a home theater system 
performs. A good design starts with room location, size and 
shape, and also takes into consideration lighting, sight lines, 

a good room designer can make you a better theater designer. 
At the conclusion of this course, participants should be able to:

     bass response

     aesthetics

Home Theater and Acoustics Part I—Instructor: Dr. Floyd 
Toole—This is Part I of a comprehensive three-part series that 
covers how loudspeakers perform inside rooms. This course 
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enables you to deliver the best possible results with your sur-
round sound system designs. At the conclusion of this course, 
participants should be able to:

Home Theater and Acoustics Part II

sound reproduction in rooms. Build on the knowledge from 
-

At the conclusion of this course, participants should be able to:

     goals

     specification

Home Theater and Acoustics Part III
Toole—This is the final installment in a comprehensive three-
part series on audio and acoustics in home theaters. Apply the 
knowledge gained in the first two sessions to properly design 
theater surround systems that meet the performance bench-
marks as well as the client’s budget and other constraints. At 
the conclusion of this course, participants should be able to:

  for smooth bass response

Advanced Home Theater Design Lab—
Grimani, Rich Green, and Jeff Gardner—This session pro-

the top designers in the industry facilitate the hands-on design 

-
try standards in their work, including:

   on client needs

  with the rest of the home

Home Theater Design All-Star Panel

Theo Kalomirakis—Join a panel of industry icons and learn 
how they have overcome real-world challenges to successfully 

problems in the future.

Acoustical Treatments
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Despite all the attention given to loudspeakers, most of the 
sound heard in a theater is reflected, rather than direct. Clearly, 
the room surfaces must be treated as a system component. Get 
the inside scoop on acoustical treatments of all types from one 
of Expo’s favorite presenters!

Audio Technologies for Technicians—Instructor: Dennis 
Erskine—Learn about the fundamentals of the science of 
audio and acoustics, including technologies and formats. 
Apply the knowledge gained from this course regarding audio 
reproduction and room acoustics to provide a better listening 
experience for customers. At the conclusion of this course, 
participants should be able to:

  application of different types

Audio Set-Up and Calibration—Instructor: Gerry Lemay—
Explore the complex science of audio calibration within a 
home theater setting. Participants receive the knowledge 
required to effectively listen, properly utilize calibration 
equipment, and efficiently perform an advanced home theater 
audio calibration. At the conclusion of this course, partici-
pants should be able to:

CEDIA Expo has no doubt become the most important 
show for home theater and distributed audio loudspeaker 
manufacturers, so much so, that more than a few com-
panies have ceased exhibiting at CES in favor of CEDIA. 
This year, one of the largest booths at the show, Runco, 
is back. With some improvement in the overall CEDIA 
target market, this year’s show will have a lot to offer 
in terms of both education and exhibitors. The list of 
loudspeaker manufacturers and other loudspeaker related 
exhibitors at the 2011 CEDIA Expo includes: Adam Audio 

B&K Components, B&W Group, Bay Audio, BG Radia 
Corps., Boston Acoustics, B&W Group, Canton, California 
Audio Technology, Cambridge Audio, Control 4, Crestron 
Electronics, Current Audio, Definitive Technology, DesignQ, 
Earthquake Sound, Elan Home Systems, Epson America, 
Focal JMLab, Genelec, Harman International, Induction 
Dynamics, James Loudspeaker, KEF America, Klipsch Group, 
Krell Industries, Leon Speakers, Linear LLC, Martin Logan, 
MB Quart, MK Sound, Monitor Audio, Monster, Mordaunt-
Short, Niles Audio, NuVo Technologies, Paradigm, Parts 
Express, Phase Technology, Pioneer Electronics, Polk Audio, 
Pro Audio Technology, Procella Audio, Proficient Audio, PSB 
Speakers, RBH Sound, Rives Audio, Rockustics, Russound, 
Snap AV, Sonance, SpeakerCraft, Stealth Acoustics, Steinway 
Lyngdorf, Sunfire, Tannoy, Terra Speakers, The AVC Group, 
THX Ltd., Tivoli Audio, Totem Acoustic, Triad Speakers, 

Photo 1: CEDIA Expo floor show Photo 2: CEDIA Expo registration area
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Wharfedale Loudspeakers, Wisdom Audio, Xantech, and 
Yamaha Electronics Corporation. For more information on 
this year’s CEDIA Expo, check out the CEDIA website at 
www.cedia.net.

ALMA Winter Symposium 2012 “Loudspeakers: The 
Next 50 Years” 

A “Call for Papers” has been issued for ALMA International’s 
2012 Winter Symposium, “Loudspeakers: The Next 50 
Years.” Technical papers are invited and abstracts will be evalu-
ated on the basis of their overall quality and relevance to the 
theme of the symposium, relevance, and value to the loud-
speaker industry, and practical feasibility and usage of topic 
and information presented. Each paper session is scheduled 
to last 30 minutes, and up to four papers will be selected. 
Presenters should submit to ALMA:

   reprinting in pre-symposium promotional literature

   biography of the presenter(s)

The closing date for the submission of abstracts is October 15, 
2011. Notification of Presenters will be by October 31, 2011. 
Presenters must be able to supply copies of their presentations 
in electronic format by December 15, 2011 (PowerPoint, MS 
Word, or PDF). Submissions should be e-mailed to manage-
ment@almainternational.org. 

This year’s ALMA Symposium starts on the last day of 
CES and will be held January 13–14, at a new location, The 
Riviera Hotel. Because of the new dates, ALMA’s Winter 
Symposium will overlap The International Conference 
on Consumer Electronics (ICCE), presented by the IEEE 
Consumer Electronics Society, which takes place January 
13–16, in the North Hall of the Las Vegas Convention 
Center, an easy commute to The Riviera. 

The ALMA Board of Directors, in consideration of the 
loudspeakers theme, plans to facilitate opportunities for 
knowledge-sharing by paralleling the two programs and mov-
ing to the new location. The ICCE is where key technologies, 
products, services, and architectures for consumer entertain-
ment and information delivery are first presented (see www.
icce.org for more information). 

Winter Symposium exhibitor and attendee information will 
be posted on www.almainternational.org. Hotel rooms are 
blocked at The Riviera under the CES from January 6–15 and 
under ALMA, the International Loudspeaker Association, 
from January 13–16.

New Drivers from TB-Speakers
TangBand Speakers has released their first new drivers 

of 2011, the 25-1983 titanium dome tweeter and the 

The 25-1983 features a reverse coated titanium dome with 
foam rubber surround, Ferrofluid cooling, neodymium motor 
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who are responsible for the electroacoustical performance of 
loudspeakers, microphones, headphones, telephones, hear-
ing aids, or transducer-equipped media devices. R&D, 
Q.C/Q.A., and Production-related topics are covered. The 
level and content are appropriate for both novices and persons 
with test and measurement experience. 

 Topics in the CJS Seminar include:

     Tests 

8th (enter on 48th

worthwhile course for engineer’s needing to come up to speed 

-
VC

Speakers website at www.tb-speaker.com.

CJS Labs Fundamentals of Electroacoustic 
Measurements Seminar

-

-
st Convention. This course focuses on 

measurements of electroacoustic transducers. The fundamen-
tals of acoustics and electroacoustic measurements are present-

ed, including instrumentation, 
data interpretation, and infor-
mation on how to perform 
appropriate tests. Techniques 
for diagnosing problems in 
design and QC are shown. 
Practical demonstrations are 
provided and this course is 
intended for technical persons 

Acoustic Measurement 

Technology

The TangBand woofer 

w3-1876s

The TangBand 25-1983 tita-

nium dome tweeter

The TangBand 25-1983 titanium dome tweeter

The TangBand woofer w3-1876s
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Automated Perceptual Rub 
& Buzz Distortion
By Steve Temme—Listen, Inc.

INTRODUCTION

Rub & Buzz in loudspeakers is obvious and annoying 
to listeners as the buzzing sound superimposes on the 

audio source material. The buzzing is mostly triggered by 
bass content that produces large voice coil excursions and it 
may appear as loud, or even louder, than the audio source 
material itself. Recent articles in Voice Coil have discussed 
the impact that audible irregular distortion (such as Rub 
& Buzz) has on perceived sound quality, and most people 
agree that production line detection of audible Rub & Buzz 
defects is important for the end-user’s perception of quality 
from the manufacturer.

 The majority of loudspeaker production lines around 
the world use some form of Rub & Buzz detection. Many 
companies use trained listeners with acute hearing, often 
known as “Golden Ears,” to detect Rub & Buzz defects 
on the production line. However, this manual approach 
has its drawbacks. There is an inherent variability among 
different “Golden Ears,” and for each person, the detection 
ability depends on fatigue, focus, and health condition. 
Additionally, there is no quantitative metric for the per-

ceived Rub & Buzz loudness. Following this article about 
Rub & Buzz distortion is a short tutorial on how the human 
ear hears sound (Editor’s Note: If you are not clear on how the 
ear hears sound, you might want to skip ahead and read this 
short tutorial before reading the rest of Mr. Temme’s article). 

Automated systems for production line Rub & Buzz test-
ing have been around for 15 years or so. These objective 
methods, based on temporal or spectral analysis, offer a reli-
able alternative and offer higher throughput, better repeat-
ability, and lower cost of ownership than trained listeners. 
The typical signature of Rub & Buzz in the time domain 
is a periodic transient superimposed on the sine excitation 
(Figure 1), and in the frequency domain the typical Rub & 
Buzz signature is a much extended and slowly decreasing 
family of harmonics (Figure 2).

It is notoriously hard to set valid limits with these tradi-

Figure 1: Typical Rub & Buzz at the positive peak in the time domain

Spotlight
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tional automated Rub & Buzz measurement methods, and 
operator expertise is required. Automated systems using 
these methods will detect all instances of Rub & Buzz 
regardless of whether they are audible or not. For many 
manufacturers this is desirable, as Rub & Buzz, even in the 
inaudible range, may be a good indicator of production line 
issues that need to be rectified (e.g., poorly glued parts, lead 
wires hitting the cone or spider, etc.), or may lead to speaker 
failure later in life. 

However, the increasing quest for higher yields, particu-
larly for small inexpensive speakers such as those in laptops 
and cell phones, is leading many manufacturers to choose a 
model that rejects only audible defects. This has driven the 
demand for automated perceptual Rub & Buzz measure-
ment. This article explains a newly developed method for 
automated perceptual Rub & Buzz detection, discusses the 
theory behind it, and shows test results in comparison to 
other Rub & Buzz detection methods.

THE FOUNDATION: THE ITU PEAQ STANDARD
In the early 90s, speech and music codecs were prolif-

erating, but there was no standard way to qualify them 
because their non-linear and non-stationary nature means 
that traditional measurement methods (e.g., frequency 
response, THDN, etc.) did not provide good results. In 
1994, the International Telecommunication Union (ITU) 
asked several institutions to work on competitive solutions 
to measure the audio performance of codecs. The different 
methods that came out of that joint effort were then com-
piled in one single method called Perceptual Evaluation of 
Audio Quality (PEAQ). It was published in 1998 as ITU-R 
Recommendation BS.1387 “Method for objective mea-
surements of perceived audio quality.”[2] Although aimed 
primarily at codecs, the hearing model outlined in this 
document could be applied to any device, a sentiment that 
was made clear in the recommendation on the front page 

of the ITU publication. Figure 
3 shows a general block diagram 
of PEAQ. It is worth noting that 
the model produces a single met-
ric: ODG (Objective Difference 
Grade). That simple index rates 
the perceived audio quality of the 
signal under test compared to the 
reference signal.

There are two variants of the 
PEAQ algorithm, a basic FFT-
based version, and a more 
advanced version using a combi-
nation of FFT and a filter bank. 
The basic version is intended for 
real-time implementation where-
as the more complex advanced 
one is aimed at in-depth analysis. 
Both algorithms transform suc-
cessive time frames of the signals 
into “internal representations,” 
where the loudness of the sound 
is distributed along a pitch scale. 
In other words, the model trans-
forms a time-frequency distribu-
tion of sound pressure into a 
time-pitch distribution of loud-
ness. During the process of going 
from physics to physiology, the 

Figure 2: Rub & Buzz in the frequency domain

Figure 3: Block diagram of PEAQ

Figure 4: Basic flow 

chart of the CLEAR 

Algorithm



                                Check your label to find the expira�on date.

      For more informa�on call 860.875.2199 x206

                                Qualified subscrip�ons to Voice Coil 
                                                                        run for one year. 

Renew annually online at www.voiceccoilmagazine.com/vcqual.html

          Renew your subscription  
to Voice Coil before your 

        subscription expires!





10 VOICE COIL

measurement in absolute terms that can be easily corre-
lated to human listening. This makes limit setting extremely 
simple as the limit can be set as a flat line across the entire 
frequency spectrum based on the phon level that is deemed 
to be unacceptable. This limit is absolute and not relative to 
a reference. Figure 4 shows a basic flowchart of the CLEAR 
algorithm, and the steps are explained in more detail.

 As the flowchart shows, the stepped sine stimulus is 
played and the response captured. The response signal then 
has two separate analyses performed, the results of which 
are combined at the end. On one side, first, auditory filter 
bands are applied to the response signal to convert the FFT 
spectrum (constant bandwidth) to a Bark scale (Figure 5). 
This replicates the way the ear filters sound.  Next, an ear 
weighting filter (Figure 6) compensates for the transfer 
function of the outer to inner ear, and the internal noise of 
the ear (noise floor due 
to blood flow) is added. 
Together these model 
the frequency response 
of the ear. A frequency 
spreading function is 
then applied (Figure 
7). This is a simplified 
mathematical repre-
sentation of auditory 
masking curves and 
this is how the algo-
rithm mimics the psy-
choacoustic filters of 
the ear in hearing Rub 
& Buzz defects. These 
masking curves change 
with frequency and 
level. 

Finally, the funda-
mental and its masking 
effects are subtracted 
out from the result for 
the response signal to 
give the distortion of 
the speaker plus noise 
(Figure 8). This is 
summed over the fre-
quency range to give 
the perceptual partial 
loudness (in phons) 
for a single tone of the 
input signal. On the 
other side of the flow 
chart, you can see that 
the harmonic struc-
ture of the response is 
analyzed (Figure 9). 
It is quantified using 
the power cepstrum (a 
cepstrum is a spectrum 
of a log spectrum). A 

sound energy is smeared along the pitch scale as well as 
the time scale. The smearing along pitch scale models the 
frequency masking and the smearing along the time scale 
models the temporal masking. The absolute threshold of 
hearing is obtained by combining an ear frequency weight-
ing and an internal noise frequency dependent offset. The 
main outputs of the model are the excitation patterns and 
the masking thresholds as time-frequency functions. Various 
model output variables are condensed in a cognitive model 
at the end to a single quality index.

 In a 2009 paper presented at the 127th AES Conference[1], 
an algorithm—based on the principles of the ITU PEAQ 
standard—demonstrated, using a pure tone stimulus, that 
there was a strong correlation between perceived loudness 
and a metric of distortion loudness combined with Error 
Harmonic Structure (EHS). 

The distortion loudness metric encompasses all added 
noise and distortion components, and as a measure of 
loudness, is expressed in phons. The EHS is a metric that 
measures the extent of the harmonic family due to nonlinear 
distortion. It is obtained by applying an FFT on the dB-
spectrum, a technique popular in vibration analysis known 
as cepstral analysis. EHS is simply the maximum magnitude 
of the Cepstrum. EHS efficiently detects the typical Rub & 
Buzz extended harmonic signature.

 This research was the starting point for developing a per-
ceptual Rub & Buzz algorithm suitable for the demands of 
production line testing. In addition to the obvious need to 
correlate a numeric value to perceived Rub & Buzz so that 
pass/fail limits can easily be set, key criteria for a good pro-
duction line algorithm are the ability to use a stepped sine 
stimulus and good immunity to background noise.

Development of a Perceptual Rub & Buzz 
Algorithm

The goal was to develop an automated measurement 
method, based on the PEAQ standard that results in a single 
absolute measurement of Rub & Buzz loudness that can 
easily be correlated to human audibility. This algorithm was 
named CLEAR (Ceptral Loudness Enhanced Algorithm for 
Rub & Buzz). The principles of psychoacoustics and how 
the ITU PEAQ model relies on these are well documented 
in the 2009 paper, so here we focus on the practical imple-
mentation.

 For production line applications, there are three impor-
tant factors in addition to accuracy: speed, noise immunity, 
and ease of use. Most production lines use a stepped sine 
wave stimulus as this is used for many other ends of line 
tests (e.g., frequency response, impedance, THD, etc.). 
It, therefore, is logical for the perceptual Rub & Buzz 
algorithm to also use a stepped sine stimulus so that the 
measurement can be made in parallel with other tests. Noise 
immunity is also important as production lines are subject 
to both steady state and transient background noise. Ease of 
use is also critical. It is notoriously hard to set valid limits 
with traditional Rub & Buzz measurement methods, and 
considerable operator expertise is required. The CLEAR 
algorithm has been designed to display the Rub & Buzz 

Figure 5: Auditory filter bands

Figure 6: Ear weighting filers and 

internal noise
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strong and extended harmonic structure is a signature of 
Rub & Buzz. 

 In the final step, the result of the harmonic analysis (a 
percentage measurement) is combined with the perceptual 
distortion. This accentuates the Rub & Buzz, making it 
easier to identify and set limits. The above analysis takes 
place at each frequency. At the end of a production line 
where loudspeakers or drivers are inspected, it is necessary to 
test the full frequency range of operation. A sine sweep is the 
usual approach and is multipurpose: with one sweep, a full 
range of loudspeaker characteristics—including frequency 
response, polarity, THD, loose particles, and impedance—
are checked. 

 For practical purposes, the CLEAR algorithm is integrat-
ed with Listen’s flagship audio test product, SoundCheck. 
SoundCheck uses a flexible stepped sine, where different 
frequency series, number of cycles, and duration per step 
can be set up independently, and combined. After playing 
the stimulus and recording the waveform from the measure-
ment microphone, the proprietary HarmonicTrak algo-
rithm aligns the acoustic response waveform to the stimulus 
with one-sample accuracy and makes a windowed FFT of 
each sine step. Knowing the stimulus frequency for each 
sine step, the algorithm retrieves the response fundamental 
and harmonics levels. Because the spectrum is available for 
each sine step, it is easy to incorporate the CLEAR algo-
rithm above into the overall HarmonicTrak analysis. The 
end result is a perceptual Rub & Buzz (PRB) value for each 
stimulus step resulting in a curve of PRB versus stimulus 
frequency (Figure 10). A good loudspeaker will exhibit a 
relatively flat curve (phons versus frequency). Conversely, a 
bad unit will show high values at certain frequencies, usually 
around resonances. Pass/Fail limits can be easily set simply 
by specifying a maximum PRB loudness level in phons, 
above which a speaker will be rejected.

RESULTS OF CLEAR ALGORITHM
In order to prove the practical validity of the new algo-

rithm, a series of experiments was performed. These com-
pared the new test method to both subjective listening tests 
as well as to other automated Rub & Buzz detection meth-
ods in a simulated production setting with noise. 

 For comparison to conventional automated measure-
ment methods, the Normalized Rub & Buzz option in 
SoundCheck—the first automated Rub & Buzz detection 
algorithm implemented in a commercial test platform—
was used. This essentially power sums selected high order 
harmonics using a proprietary FFT- based algorithm equiva-
lent to a parallel bank of tracking filters, and subtracts the 
frequency response of the speakers. To compare the new 
algorithm to alternative perceptual methods, a known 
competitive perceptual distortion measurement product 
was selected.

 The tests were conducted on a sample batch of 50 2" 
loudspeakers. The units had been pre-sorted by the manu-
facturer and included both good and bad sounding speakers 
with an array of distortion defects. They were all given serial 
numbers so that we could track the data. In the interest of 

maintaining impartiality, a third party was enlisted, to both 
conduct the evaluations and deliver the data. 

 The first round of the testing was a subjective listening 
evaluation. Ten different people listened to all 50 speakers 
and rated them on a scale of 1–5 (1 being best) in terms of 
audible Rub & Buzz distortion. The listeners were provided 
with a guideline as to how the speakers should be rated. 
A reference unit that had no audible buzzing defect was 
chosen and played for the listeners as an example of a “1.” 
A frequency log sweep was used as the source signal with 
a range of 100 Hz to 2 kHz. Listeners were also given the 
option of using a manual oscillator to center in on a par-
ticular frequency. The listening scores were averaged across 
the 10 listeners, generating an overall listening score for each 
individual speaker. 

Next, the speakers were each measured using the three 
previously mentioned algorithms (CLEAR, SoundCheck’s 
Normalized Rub & Buzz and a competitive perceptual 
Rub & Buzz system). The speakers were tested in the 
near-field with a 0.25" reference microphone. A frequency 
range of 100 Hz 
to 10 kHz was 
used with a test 
level that gener-
ated roughly 100 
dB SPL at 1 kHz 
for all measure-
ments. 

The Perceptual 
Rub & Buzz and 
the Normalized 
Rub & Buzz 
were measured 
simultaneously 
in SoundCheck 
from a single 
stepped sine 
sweep. Two 
curves of dis-
tortion (one in 
phons for PRB 
and one in per-
cent for Rub 
& Buzz) ver-
sus frequency 
were stored. The 
speakers were 
then tested on 
the competi-
tive system. This 
algorithm pro-
duces “Steepness” 
curves for six 
different bands. 
These bands cor-
respond to filters 
whose center 
frequencies are 

Figure 7: Frequency spreading functions

Figure 8: Perceptual partial loudness
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approximately 2500, 3500, 4800, 7000, 10000, and 14000 
Hz. These six curves of Steepness (Pa/s) versus frequency 
were stored for each unit.

The method for measuring frequency response and distor-
tion on the competitive system is somewhat different than 
that of SoundCheck. Instead of measuring all parameters in 
a single sweep, this system first requires a stepped sine sweep 
for measuring frequency response, and then a frequency 
log sweep for measuring distortion. The result of the dual 
stimulus is that the total test time was two seconds longer 
than the SoundCheck test, even when using the same stimu-
lus frequency range. 

CORRELATION TO LISTENING RESULTS
Since our goal was to correlate objective data against the 

subjective listening scores, a single numerical distortion 
value for each of the three algorithms had to be calculated, 
rather than using the “pass/fail compared to a golden unit” 
metric that would be used in practice. For the Perceptual 
Rub & Buzz and the Normalized Rub & Buzz, the maxi-
mum value versus stimulus frequency was extracted. This 
was representative of the highest level of distortion measured 
for each speaker. The competitive perceptual distortion data, 
however, was more complicated, as there were six curves for 
each unit to factor in. As the low frequencies demonstrated 
the largest variation between good and bad units, the maxi-
mum value of each band below 2 kHz was calculated and 
the maximum of these six values chosen. 

 The following graphs given in Figures 11–13 show the 

data from each of the three algorithms, compared to the 
listening scores. The trend lines (best linear fit) are shown 
with their correlation coefficient R2. The Perceptual Rub & 
Buzz (CLEAR) algorithm produced the best correlation to 

Figure 9: Cepstral analysis of response showing strong harmonic 

series

Figure 10: PRB values vs. stimulus frequencies. This speaker shows 

Rub & Buzz around 225, 750, and 1000 Hz.
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the listening scores. 
For the particular speakers under test, units that scored 

well in listening exhibited low distortion values in the 15– 
25 phons range. Speakers that were considered borderline 
by the listeners measured around 25–40 phons. Speakers 
that were rated bad in the listening test typically measured 
40– 75 phons. This linear correlation proves that the hearing 
models used in the PRB algorithm provide a strong relation 
to human perception of distortion. The ability to discern 
not only good from bad, but also borderline units, can be 
extremely beneficial both in an engineering environment 
and in a production setting. Naturally the levels that are 
deemed good or bad depend on the manufacturer’s tolerance 
for distortion. 

Normalized Rub & Buzz did not correlate to the listen-
ing scores as well as the Perceptual Rub & Buzz algorithm. 
Several units that were considered good in the listening 
test measured higher with normalized Rub & Buzz and 
would likely fail a production limit. This is not a flaw in 
the conventional Rub & Buzz measurement methodology, 
but rather because Normalized Rub & Buzz is designed to 
measure all instances of Rub & Buzz, whether audible or not 
as they can be indicative of production line defects. Since 
the CLEAR algorithm is designed to measure only audible 
faults, it should be expected that a certain number of units 
with definite but inaudible faults would fail Normalized 
Rub & Buzz but pass Perceptual Rub & Buzz. 

The competitive perceptual algorithm’s data produced a 
more binary result than the other two analysis methods. The 
good units measured very low in steepness, and the bad units 
measured very high, but there seemed to be very little in 
between. This makes it challenging to determine if a unit is 
a borderline failure and also provides little indication of how 
good or how bad a unit is. For example, units that scored 
between “3” and “4” in the listening test, which exhibit ris-
ing distortion values in the PRB algorithm, did not measure 
much higher in steepness than the good sounding units.

The data shows that setting limits for a production test 
is much easier with the CLEAR Perceptual Rub & Buzz 
algorithm than the other two methods. For a given product, 
the engineer simply needs to decide what level of distortion 
is unacceptable, test the unit to measure that distortion in 
phons, and then set the limit accordingly. The limit will 
typically be a flat line, a consistent value across the frequency 
band. This simplicity means that it will be audible if the 
distortion rises above the perceptual limit at any frequency. 

NOISE IMMUNITY
Rub & Buzz testing is most often performed in noisy pro-

duction environments, so it is important to compare ability 
of the three algorithms to deliver usable and accurate distor-
tion data when background noise is present. Typical fac-
tory noise can be broken down into two basic components: 
steady state noise (e.g., conveyor noise), which is constant 
and tends to be dominated by low frequencies, and transient 
noise (e.g., stamping or air compressors), which is random, 
and can include many different frequencies. 

 To simulate these noise conditions, artificial signals were 

Figure 11: The correlation between Perceptual Rub & Buzz and listener 

score (a listener score of 1 represents a good-sounding speaker, and 

5, a bad-sounding speaker).

Figure 12: The correlation between Normalized Rub & Buzz and listener 

score (a listener score of 1 represents a good-sounding speaker, and 5, 

a bad-sounding speaker).

Figure 13: The correlation between maximum steepness and listener 

score. 

Figure 14: The percentage by which the distortion measurement 

changed when steady state background noise was present.
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played through a separate reference (low distortion) speaker 
while performing the same measurements described earlier. 
For steady state noise, a pink noise stimulus with an equal-
ization applied to heavily weight the low frequencies was 
used. 

For the transient noise, a series of tightly band-limited 
noise bursts, centered on varying frequencies was generated. 
These bursts were spaced in time to occur randomly during 
the test. The noise signals were each calibrated to produce 
72 dBSPL at the measurement microphone. This level 
represents a particularly noisy, but not uncommon, factory 
environment and simulates a test condition where acoustic 
isolation has not been implemented. 

 Each speaker was tested three times, initially with no 
noise present to serve as a baseline, then with steady state 
noise playing during the test, and finally with transient 
noise. Measurements were made with both Perceptual and 
Normalized Rub & Buzz on SoundCheck, and also on the 
competitive system.

 In order to quantify the relative change in measured dis-
tortion when environmental noise was present, the results 
were compared to the baseline results, and the amount by 
which the distortion changed was calculated on a percentage 
basis for each frequency point in the distortion curve. The 
data for all 50 speakers was averaged to produce two curves 
for each algorithm: percentage error (steady state noise) ver-
sus frequency and percentage error (transient noise) versus 
frequency (Figures 14 and 15). For the competitive system, 
the data was averaged across the six distortion bands. 

 SoundCheck’s CLEAR algorithm showed the greatest 
immunity to both steady state and transient noise. The 
measured low frequency distortion does decrease slightly 
in the presence of steady state noise due to noise masking 
some of the offending harmonics and thus making it harder 
to distinguish noise from distortion. The algorithm shows 
remarkable immunity to transient noise, which is often a 
big problem for traditional Rub & Buzz test methods.

 The Perceptual algorithm performed better than the 
Traditional Rub & Buzz algorithm with both steady state 
and transient noise because the presence of additional noise 
in the measurement causes the level of upper order harmon-
ics to appear artificially higher, and thus raises the measured 
distortion. Transients tend to present a more significant 
problem if they consist of higher frequencies and occur 
during the low frequency part of the sweep. 

 The competitive perceptual algorithm performed the 
worst in the noise immunity comparison, particularly with 
transient noise. The distortion data varied widely when 
background noise was introduced, making it extremely dif-
ficult to discern good units from bad. The steepness, which 
is the derivative of the acoustic pressure, is by nature a noise 
sensitive quantity. While all of the measurement methods 
would benefit from noise isolation in this simulation, the 
Perceptual Rub & Buzz algorithm requires the least, and 
thus would provide the most accurate data and the greatest 
degree of flexibility in terms of placement on a factory floor.

 
CONCLUSIONS

The experimental results prove that the CLEAR Perceptual 
Rub & Buzz algorithm correlates better to a human listener 
than both simple high-order harmonic based Rub & Buzz 
measurements and a competitive perceptual distortion 
technique. 

This strong correlation means that users are able to easily 
set limits for the PRB algorithm with confidence that it will 
reject units with audible Rub & Buzz defects. 

The data also demonstrates that under noisy conditions 
the perceptual Rub & Buzz algorithm correlates better to 
results obtained under ideal conditions, making it an ideal 
choice for demanding production environments. 

 These encouraging results show that the perceptual 
approach is valid. This approach could be extended in the 

Figure 15: The percentage by which the distortion measurement 

changed when transient background noise was present.



SEPTEMBER 2011 15

future to other kinds of test signals and distortion types, 
for example the use of a two-tone test signal to perceptually 
measure intermodulation distortion for the detection of Rub 
& Buzz in tweeters and horns, the use of narrow-band noise 
as a test signal to measure Rub & Buzz distortion in tele-
phony and other signal processing-intensive applications., 
and the use of a continuous Log Sweep test signal (e.g., 
Farina sweep) for faster tests. VC
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Psychoacoustic Theory:  How 
Does the Ear "Hear" Sound?
By Steve Temme, Listen, Inc.

As sound enters the human ear, the sound is attenuated 
from the outer to the inner ear by a band-pass filter 

transfer characteristic (Figure 1 is the graph of this transfer 
function).  As the sound progresses inside the ear, noise 
(greatest at low frequency) caused by blood flow is added 
(Figure 2 is the graph of the ear’s internal noise spectrum.)  
The combination of the transfer function and the inner 
noise plus some other minor effects gives the absolute 
threshold of hearing (Figure 3 is the graph of the thresh-
old of hearing, which you should recognize as resembling 
the bottom curve in the set of Fletcher Munson curves.)

 The cochlea is covered with hair cell receptors that are 
divided into groups, each specialized in a frequency band. 
These non-overlapping frequency bands constitute the 
Bark scale. The position along the scale corresponds to 

Figure 1: Outer and middle ear frequency characteristic

Figure 4: Frequency spreading applied to two 

tones. The resulting excitation pattern is the wide 

curve superimposed on the two discrete tones.

Figure 3: Absolute threshold of hearing

the pitch. Each hair cell acts as a triangular-shaped, non-
linear band-pass filter. A pure tone excites a range of hair 
cells; the louder the sound the wider the range. Multiple 
sound excitations add up in a non-linear way, smearing 
the frequency content along the pitch scale. This raises 
the threshold of hearing for frequencies close to a tone, 
so a weaker adjacent tone may be inaudible if it is too 
close. In this example (see Figure 4), the tone at 3 kHz is 
inaudible due to the stronger tone at 1 kHz. The masking 
threshold is a fuzzy transition that corresponds to a 50% 
chance of detection by an average person. 

 Overall the total loudness is non-linear function of 
the sound pressure level and its spectral distribution.  
The loudness level in phons is the level in dB SPL of an 
equally loud 1000-Hz tone. These physiological effects of 
the human ear create the representation of the sound that 
is given to the brain. Beyond that we enter the cognitive 
level, where the brain interprets the data and psychology 
intervenes. VC

Figure 2: Internal noise spectrum
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audio signal, a correlation reducing means for reducing the 
correlation of the high-frequency components and the low-
frequency components of the input audio signal and a delay 
means for delaying the low-frequency components and sup-
plying them to a subwoofer by way of a predetermined low 
frequency range amplifier.

INDEPENDENT CLAIM
1. An audio signal-processing apparatus comprising: 

high-frequency components extraction means for extracting 
high-frequency components higher than a predetermined 
cutoff frequency from the input audio signal and supply-
ing them to satellite speakers by way of a predetermined 
high frequency range amplifier; low-frequency components 
extraction means for extracting low-frequency components 
lower than a predetermined cutoff frequency from the 
input audio signal; correlation reducing means for reducing 
the correlation of the high-frequency components and the 
low-frequency components of the input audio signal; and 
delay means for delaying the low-frequency components 
and supplying them to a subwoofer by way of a predeter-
mined low frequency range amplifier.

2. An audio signal-processing method comprising: a 
high-frequency components extraction step of extracting 
high-frequency components higher than a predetermined 
cutoff frequency from the input audio signal and supplying 
them to satellite speakers by way of a predetermined high-
frequency range amplifier; a low-frequency components 
extraction step of extracting low-frequency components 
lower than a predetermined cutoff frequency from the 
input audio signal; a correlation reducing step of reducing 
the correlation of the high-frequency components and the 
low-frequency components of the input audio signal; and a 
delay step of delaying the low-frequency components and 
supplying them to a subwoofer by way of a predetermined 
low-frequency range amplifier. 

3. A recording medium storing an audio signal-processing 
program for causing the computer of an audio signal pro-
cessing apparatus to execute: a high-frequency components 
extraction step of extracting high-frequency components 
higher than a predetermined cutoff frequency from the 
input audio signal and supplying them to satellite speakers 

Acoustic Patents
By James Croft, Croft Acoustical

The following loudspeaker-related patents were filed 
primarily under the Office of Patent and Trademarks 

classification 181 for acoustical devices and 381 for electri-
cal-signal processing systems and HO4R for international 
patents. This also includes new patent applications that are 
published in the Patent Application Journal. 

AUDIO SIGNAL-PROCESSING APPARATUS 
AND AUDIO SIGNAL-PROCESSING METHOD
Patent Application Publication Number: U.S.  2007/0288110
Inventors: Shinichi INOUE (Saitama, JP); Kazunobu 
KUBOTA(Saitama, JP)
Assignee: Sony Corporation  (Tokyo, Japan)
Filed: April 3, 2007 
Published: December 13, 2007 
U.S. Class: 700/94, 10 Claims, 20 drawings

ABSTRACT FROM PATENT
An audio signal-processing apparatus includes a high-

frequency components extraction means for extracting 
high-frequency components higher than a predetermined 
cutoff frequency from the input audio signal and supplying 
them to satellite speakers by way of a predetermined high 
frequency range amplifier, a low-frequency components 
extraction means for extracting low-frequency components 
lower than a predetermined cutoff frequency from the input 

U.S. Patent 2007/0288110
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by way of a predetermined high-frequency range amplifier; 
a low-frequency components extraction step of extracting 
low-frequency components lower than a predetermined 
cutoff frequency from the input audio signal; a correlation 
reducing step of reducing the correlation of the high-fre-
quency components and the low-frequency components of 
the input audio signal; and a delay step of delaying the low-
frequency components and supplying them to a subwoofer 
by way of a predetermined low frequency.

REVIEWER COMMENTS
 Miniaturization in loudspeaker systems, while maintain-

ing sound quality, has been an ongoing quest, particularly 
in multi-satellite 5.1 or 7.1 home theater systems. As a refer-
ence point, Bose has realized the smallest satellites for more 
than two decades by way of deploying specialized subwoof-
ers with steep slope, low-pass acoustical post filtering, which 
supports crossing over at higher than conventional subwoof-
er crossover frequencies, such as approximately 250 Hz as 
compared to the more standard 80 Hz or 120 Hz crossover 
points. The smallest Bose satellites consist of dual transducer 
devices that are about 4.5" H × 2.25" W × 3.25" D.

 This patent application relates to a signal-processing sys-
tem for the purpose of allowing higher a higher crossover 
point and smaller satellites in a home theater sound system. 
Directional cues from a single subwoofer in a multi-channel 
system usually require that, independent of the crossover fre-
quency, the output of the subwoofer is down at least 18 dB 
at 300 Hz. Sony has developed a system that minimizes 

the ability to aurally locate the subwoofer, while raising the 
crossover frequency all the way up to approximately 650 Hz.

 The way they achieve this has a number of subtleties, but 
relative to this patent, has to do with applying two signal-
processing steps. The first is to delay the subwoofer, so that 
the precedence effect tells the ear-brain sensors that the first 
arrivals for a set of harmonics of a bass note are arriving 
from the earlier signal, which comes from the satellites. This 
effect is also applied passively in the Bose devices by way of 
the group delay of the woofer’s steep low pass filter. 

 The novel addition of the Sony system is that they apply 
a decorrelation filter in series with the woofer that essen-
tially causes a number of steep phase rotations through the 
crossover region. An example would be that of multiple 
phase-flips of plus and minus approximately 170° with 
six narrow-band rotations between 100 Hz and 1 kHz. 
The decorrelation filter is said to consist of multiple delay 
circuits and/or band-pass filters fed into a summing mixer 
to create the desired phase rotations. Alternatively, the 
decorrelation filters may be applied to the satellite channels 
instead of the woofer channel to achieve a similar low cor-
relation relationship between the high-passed satellites and 
the low-passed subwoofer.

 This approach is realized in a Sony system, model DAV-
IS10, which consists of a subwoofer, crossed at about 
100 Hz to a midwoofer/lower-midrange driver, facing 
upward in the top of the subwoofer cabinet. The mid-
woofer is crossed over to the satellites at approximately 650 
Hz with the midwoofer channel including the decorrelation 
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processing. Each satellite is miniaturized down to a mere 1 
5/8" square by 1" deep. 

 Listening to the Sony DAV-IS10 system certainly reveals 
some overall limitations, but relative to the patented signal 
processing and the goal of higher subwoofer crossover point, 
if set up with care, the device can work surprisingly well 
at hiding the audible location of the subwoofer. Sony has 
developed an interesting concept, with useful capability.

TRANSDUCER DIAPHRAGM WITH THERMAL 
STRAIN RELIEF
Patent Number: U.S. 6,097,830
Inventors: Thomas Richard Zelinka (Vancouver, CA), F. 
Bruce Thigpen (Tallahassee, FL)
Assignee: Sonigistix Corporation (Vancouver, CA)
Filed/Priority Date: November 17, 1997
Granted: August 1, 2000, 
U.S. Class: 381/431, 12 Drawings, 20 Claims

REVIEWER COMMENTS
 The sound reproduction of a typical planar magnetic 

transducer is sensitive to the operating characteristics of the 
diaphragm. The typical planar diaphragm includes a thin 
flat polymer membrane with a pattern of thin foil conduc-
tors attached to the membrane. Aluminum is an optimum 
conductor material because of its lighter weight and low 
electrical impedance. To obtain optimum acoustic response, 
the diaphragm is held under in-plane tension generally 
parallel to the pole faces of one or more rows of magnets 
and separated by a small gap. The mechanical properties 
of the diaphragm and conductor pattern determines modal 
behavior patterns of the diaphragm, and hence its sound 
reproduction characteristics. 

 Heat is produced within the conductor pattern and can 
modify the acoustic output of the transducer when power 
is applied to the electrical conductor circuits from a con-
ventional amplifier. The problem is more severe during 
operation of smaller planar magnetic transducers as the area 
of heat dissipation of the conductors is reduced. The sound 
reproduction characteristics of smaller planar magnetic 
speakers are also more sensitive to variations in diaphragm 
tension. The main problem addressed by the patent is that 
at increased electrical power, as the temperature rises, the 
aluminum conductor material expands at a much greater 
rate than the polymer diaphragm. The resulting shear stress 

from differential ther-
mal expansion between 
the two layers may result 
in non-uniform stresses 
across the diaphragm, 
causing the diaphragm to 
“crinkle” or the conduc-
tive traces to “lift” off of 
the film diaphragm. The 
diaphragm tension may 
thus change over parts of 
the active area of the dia-
phragm and undesirable 

audible distortion or “buzzing” may occur. For example, 
local pockets may form in the diaphragm, which move out 
of phase with respect to the pistonic motion of the rest of 
the diaphragm, resulting in distortion and loss of output. 

 The invention provides a variable attachment of the 
conductor runs such that they are interrupted to give the 
conductor-diaphragm structure thermal stress relief and 
the film and conductor expansion rates can differ, without 
substantially distorting the tension of the diaphragm. In one 
of the embodiments of the invention, the conductor will 
remain bonded to the diaphragm until sufficient electrical 
power is applied to the transducer, at which point, the weak-
ened bond at the thermal stress relief sites allow the heated 
conductor to expand away from the diaphragm surface. To 
achieve maximum effectiveness, an array of thermal stress 
relief sites may be located in a spaced pattern to reduce 
changes in diaphragm tension across the active area of the 
diaphragm. A conductor circuit is selectively adhered to the 
diaphragm such that upon application of electrical power, 
selected portions of the conductor circuit will expand and 
separate from the diaphragm in a controllable process, typi-
cally forming a miniature arch shape. 

 This approach to thermal-mechanical stability in a planar 
magnetic diaphragm, while theoretically viable, is very dif-
ficult to implement in a manner that doesn’t create its own 
instabilities and decoupling of the conductive traces from 
the film diaphragm, even at low temperatures. That said, if 
it can be applied in a manner that doesn’t invoke mechanical 
side effects, it may be an effective solution to what is a sig-
nificant problem with planar magnetics, particularly those 
which are small and/or used in high-powered professional 
applications.

FOLDED TRIANGULAR SIDEWALL DUCTED 
PORTS FOR LOUDSPEAKER ENCLOSURE
Application Number: U.S. 2009/0173567
Inventors: Enrique M. Stiles (Imperial Beach, CA)
Assignee: None listed
Filed: July 14, 2007
Published: July 9, 2009
Current Class: 181/148, 30 Claims, 12 drawings

REVIEWER COMMENTS 
 One limitation of conventional ported systems is that the 

external port opening and the transducer hole cannot occu-
py the same area or overlapping areas on the same panel. 
In other words, the front panel must be large enough to 
accommodate 
both. Having 
both the woofer 
mounting hole 
and the port 
opening cir-
cular does not 
lend to achiev-
ing a good 
packing factor. 
Another issue is U.S. Patent 6,097,830 U.S. Patent  2009/0173567
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that the duct and the transducer cannot occupy the same 
space within the enclosure. In many applications, it is desir-
able to make the front panel as small as possible, such that 
its size is limited only by the dimensions of the transducer. 
With a circular transducer and a square front panel, this 
leaves only four very small, generally triangular areas of the 
front panel through which a port could be cut. In many 
cases, these areas are simply too small for a circular duct 
to provide the minimum required port cross-sectional area 
needed to avoid port wind noise during high SPL opera-
tion. Some enclosures have included more than one port, 
but it is problematic to achieve the same results with plural 
ducts that can otherwise be achieved with a single duct, in 
part because the interior duct wall surface area to duct cross-
sectional area ratio is higher with plural ducts than with a 
single, larger cross-sectional area duct.

 The patent application discloses a loudspeaker enclosure 
having a folded port formed by an adjoining pair of the 
enclosure’s panels and a pair of diagonally mounted, inter-
nal panels. At a lower left corner of the enclosure, a trian-
gular first section of the folded duct extends inward from a 
triangular opening in the front panel toward the back panel 
and is formed by the left panel, the bottom panel, and a first 
internal duct panel. 

A trapezoidal second section of the folded port extends in 
the opposite direction and is formed by the left panel, the 
bottom panel, the first internal port panel, and a second 
internal duct panel. The first internal duct panel is coupled 
to the front panel but ends short of the back panel to form 
the fold connecting the first and second portions of the 
folded duct. The second internal duct panel is coupled to 
the back panel and ends short of the front panel to con-
nect the folded duct with the enclosed air volume of the 
enclosure. Other than the unique port configuration, the 
loudspeaker enclosure operates as a conventional vented 
enclosure.

 One concern may be how one might incorporate a flared 
opening to minimize port turbulence, but otherwise, the 
approach appears to be a useful way to minimizing the 
front panel dimensions for a given woofer diameter, while 
maximizing port cross sectional area. VC
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Test Bench

Figure 1: SB Acoustics SB26STCN-C000-4 free-air impedance plot

SB Acoustics and SEAS 
Drivers for Home Audio 
Applications
By Vance Dickason

Both of the drivers submitted for this month’s issue are 
for home audio applications: from SB Acoustics, the 

cost-effective SB26STCN-C000-4, a neodymium motor 
1" dome tweeter, and from SEAS, their relatively new Curv 
Cone 6.5", the U18RNX/P.

This month, SB Acoustics sent Voice Coil their neo-
dymium 26-mm softdome, the SB26STCN-C000-4. (Last 
month’s issue featured the SB ring dome SB29RDNC.) SB 
is an acronym for Sinar Baja, which is a large OEM driver 
manufacturer located in Indonesia; however, the driver 
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line was conceptualized by David Stephens, a former U.S. 
representative of DST. And, the transducer design of all SB 
drivers is done by former Vifa/Scan-Speak engineers Ulrik 
Schmidt and Frank Nielsen, the principles of Danesian 
Audio. Danish Sound Technology, if you are new to the 
industry, was purchased by Tymphany, and at its peak, 
included the Vifa, Peerless, and Scan-Speak transducer 
brands.) 

Features for the SB26STCN include a 1" coated cloth 
dome and surround, plastic face plate, plastic rear cavity, 
neodymium motor and color coded terminals (Photo 1).

Testing began using the LinearX LMS analyzer to produce 
the 300-point impedance sweep illustrated in Figure 1. The 
ferro fluid damped resonance occurs at a nominal 940 Hz, 
pretty typical for a 1" neo dome. With a 3.1 Ω DCR, the 
minimum impedance for this tweeter is 3.24 Ω at 2.9 kHz. 

Following the impedance measurements, I recess mounted 
the SB tweeter in an enclosure that had a baffle area of 10" 
× 8" and measured the on- and off-axis frequency response 
with a 100-point gated sine wave sweep at 2.83 V/1 m. 
Figure 2 shows the on-axis response to be ±2.8 dB from 930 
Hz–24 kHz, and within its operating range, 3.5 kHz–20 
kHz, a very flat ±2 dB. Figure 3 depicts the on- and off-axis 
response of SB29RDNC, typical of a 1" soft dome, with the 
off-axis curves normalized to the on-axis response in Figure 
4. The two-sample SPL comparison is illustrated in Figure 
5, indicating the two samples were very closely matched 
except for a minor area at 3 kHz, but otherwise exactly what 
I would expect from a tweeter designed and quality control 
set up by a pair of former Vifa engineers. 

The next test in the Test Bench protocol was to utilize 
the Listen, Inc. SoundCheck analyzer and SCM 0.25" 
microphone (provided courtesy of Listen, Inc.) to measure 
the impulse response with the tweeter recess mounted on 
the test baffle. Importing this data into the Listen, Inc. 
SoundMap software produced the cumulative spectral 
decay plot (waterfall) given in Figure 6. Figure 7 is a Short 
Time Fourier Transform (STFT) displayed as a Surface Plot. 
For the final test procedure, I set the 1 m SPL to 94 dB 
(3.74 V) using a noise stimulus, and measured the 2nd and 
3rd harmonic distortion at 10 cm, depicted in Figure 8. For 
more information on this and other SB Acoustics drivers, 

Figure 2: SB Acoustics SB26STCN-C000-4 on-axis response

Figure 3: SB Acoustics SB26STCN-C000-4 horizontal on- and off-axis 

frequency response (0° = solid; 15° = dot; 30° = dash; 45° dash/dot).

Photo 1: The cost-effective SB26STCN-C000-4, a neodymium 

motor 1" dome tweeter, from SB Acoustics 
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visit the SB Acoustics website at www.sbacoustics.com.
This month’s offering from SEAS of Norway is the com-

pany’s new 6.5" Curv cone midbass woofer, the U18RNX/P 
(Photo 2). The Curv cone material is a special woven poly-
propylene composite developed by Propex Fabrics located 
in Gronau, Germany. More specifically Curv is a thermo-
plastic composite in which highly drawn polypropylene 
tapes are bonded together in a matrix of the same material 
(see Figure 9). Not surprisingly, the process begins with the 
manufacture of the tapes from an extruded polypropylene 
film. The drawing or stretching process is what gives the 
tapes their exceptionally high stiffness and strength. The 
next stage of the process is to weave the tapes into fabric 
which eases handling and gives complete balance to the end 
product. The final part of the process feeds fabric into a spe-
cially designed double belt press equipped with precise con-
trol of temperature and pressure. Here the surface of every 
tape is partially melted to create a matrix to bond the tapes 
into a totally new structure. After cooling, the consolidated 
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Figure 5: SB Acoustics SB26STCN-C000-4 two-sample SPL comparison

sheet is thermoformed into speaker cones. The result is 
material that is light and very strong, high-impact resistance, 
and provides high internal damping. Earlier, polypropylene 
cones were mostly used with high-loss surrounds. This is 
not the case with SEAS new Curv cone, with properties 
that allow the cone to be used with low-loss surrounds. 
 In terms of features, the U18RNX/P is built on a six-spoke 
cast aluminum frame that sports a completely open area 
below the spider mounting shelf for enhanced cooling. The 
U18RNX/P cone assembly includes a very stiff curvilinear 
black polypropylene Curv cone that incorporates a turned 
down outer edge for increased edge stiffness. Rather than 
use a dust cap, SEAS opted for a thermal cooling increase by 
using a 1.5" diameter black bullet shaped phase plug. The 
Curv cone is suspended by an NBR butyl rubber surround 
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Figure 4: SB Acoustics SB26STCN-C000-4 normalized on- and off-axis 

frequency response (0° = solid; 15° = dot; 30° = dash; 45° dash/dot). 

Figure 6: SB Acoustics SB26STCN-C000-4 SoundCheck CSD Waterfall plot

Photo 2: The new 6.5" Curv cone midbass woofer, the 

U18RNX/P, from SEAS of Norway 
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that has a fairly shallow angle where it attaches to the cone 
edge and a 4" diameter coated flat spider.  

Driving the assembly is a 39-mm (1.5") diameter two-lay-
er voice coil using round copper wire wound on aluminum 
voice coil former. The motor uses a single 17 mm × 110 mm 
ferrite magnet sandwiched between a shaped T-yoke and 
6-mm high front plate. For additional cooling, the T-yoke 
incorporates a flared 7-mm diameter pole vent. The motor 
also incorporates a heavy copper faraday shield/shorting ring 
mounted below the extended T-shaped pole piece for distor-
tion reduction. Voice coil tinsel lead wires are terminated to 
a set of gold plated terminals.

I commenced testing the U18RNX/P midbass woofer 

    TSL model  LTD model  Factory

sample 1  sample 2     sample 1 sample 2

FS 43.3 Hz    42.5 Hz 41.0 Hz    40.6 Hz 43 Hz   

REVC 5.88 5.83 5.88 5.83 5.9

Sd 0.0134     0.0134 0.0134     0.0134          0.0126

QMS 2.29 2.25 2.42       2.39            2.05   

QES 0.47  0.43 0.50 0.46            0.45  

QTS 0.39 0.36 0.41 0.39 0.37    

VAS 25.1 ltr     26.0 ltr 28.2 ltr     28.8 ltr          22 ltr   

SPL 2.83 V 88.2 dB    88.5 dB      87.7 dB    88.0 dB          88 dB

XMAX 6.0 mm    6.0 mm       6.0 mm     6.0 mm 6.0 mm  

Table 1: SEAS U18RNX/P Midwoofer

 Figure 8: SB Acoustics SB26STCN-C000-4 SoundCheck Distortion plot

Figure 7: SB Acoustics SB26STCN-C000-4 SoundCheck STFT Surface 

Intensity plot
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them into LEAP 
5, one sealed and 
one vented. This 
resulted in a 0.38 
ft3 Butterworth 
sealed enclosure 
with 50% fiber-
glass fill material, 
and a 0.62 ft3 vent-
ed QB3 alignment 
enclosure simula-
tion with 15% 
fiberglass fill mate-
rial and tuned to 
42 Hz.

Figure 11 dis-
plays the results for 
the SEAS U18RNX/P in the sealed and vented boxes at 
2.83 V and at a voltage level sufficiently high enough to 
increase cone excursion to Xmax + 15% (6.9 mm for the 
U18RNX/P). This produced a F     frequency of 70 Hz with 
a box/driver Qtc of 0.68 for the 0.38 ft3 sealed enclosure 
and –3 dB = 53 Hz for the 0.62 ft3 vented QB3 simula-
tion. Increasing the voltage input to the simulations until 
the maximum linear cone excursion was reached resulted 
in 105 dB at 25 V for the sealed enclosure simulation and 
108 dB with the same 25-V input level for the larger ported 
enclosure (see Figures 12 and 13 for the 2.83 V group delay 
curves and the 25-V excursion curves). Note that excursion 

using the LinearX LMS analyzer and VIBox to create both 
voltage and admittance (current) curves with the driver 
clamped to a rigid test fixture in free-air at 0.3 V, 1 V, 3 V, 
6 V, and 10 V. As has become the protocol for Test Bench 
testing, I no longer use a single added mass measurement 
and instead used actual measured mass, but the manufactur-
ers measured Mmd data. Unlike the majority of 6.5" drivers 
I have tested over the years, the 10-V curves for the SEAS 
driver were sufficiently linear to provide a good curve fit, so 
were included in the optimization. Next, the 10 550-point 
stepped sine wave sweeps for each U18RNX/P sample were 
post-processed and the voltage curves divided by the cur-
rent curves (admittance) to derive impedance curves, phase 
added by the LMS calculation method, and along with 
the accompanying voltage curves, imported to the LEAP 
5 Enclosure Shop software. Because most Thiele-Small 
data provided by OEM manufacturers is being produced 
using either a standard method or the LEAP 4 TSL model, 
I additionally created a LEAP 4 TSL model using the 1-V 
free-air curves. The complete data set, the multiple voltage 
impedance curves for the LTD model (see Figure 10 for 
the 1-V free-air impedance curve), and the 1 V impedance 
curve for the TSL model were selected in the transducer 
derivation menu in LEAP 5 and the parameters created for 
the computer box simulations. Table 1 compares the LEAP 
5 LTD and TSL data and factory parameters for both of 
U18RNX/P samples.

LEAP parameter TS calculation results for the U18RNX/P 
were very close to the factory data, which is normal when 
I examine a SEAS product. Given that, I proceeded to 
create two computer box simulations and programmed 
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Figure 10: SEASU18RNX/P full-range free-air impedance plot

Figure 9: Detail of the Propex Curv cone material
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Figure 11: SEAS U18RNX/P computer box simulations (black solid = 

sealed at 2.83 V; blue dash = vented at 2.83 V; black solid = sealed 

at 25 V; blue dash = vented at 25 V).
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in the distortion curve in Figure 18, which breaks the distor-
tion down into component causes, Bl, inductance, and the 
suspension. As can be seen, the suspension is the produces 
the highest distortion levels. You can also see the asymmetry 
in the compliance in the Peak and Bottom curve given in 
Figure 19. This Klippel curve shows the displacement in 
both directions for a given voltage input. The displacement 
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Figure 12: Group Delay curves for the 2.83 V curves in Figure 11.

Figure 13: Cone excursion curves for the 25 V curves in Figure 11

Figure 14: Klippel Analyzer B1 (X) curve for the SEAS U18RNX/P

Figure 15: Klippel Analyzer B1 (X) Symmetry Range curve for the 

SEAS U18RNX/P

begins increasing beyond Xmax + 15% below 35 Hz, so a 
high-pass filter below this frequency would greatly increase 
the power handling, which is the case for most vented 
designs.

Klippel analysis for the SEAS U18RNX/P 6.5" woofer 
(our analyzer is provided courtesy of Klippel GmbH), 
performed by Pat Turnmire, Red Rock Acoustics (author of 
the SpeaD and RevSpeaD software), produced the Bl(X), 
Kms(X) and Bl and Kms Symmetry Range plots given in 
Figures 14–17. The Bl(X) curve for the U18RNX/P 
(see Figure 14) is relatively broad and nicely symmetri-
cal. Looking at the Bl Symmetry plot (see Figure 15), 
this curve shows a 1.8-mm coil forward (coil-out) 
offset at the rest position that decreases to 0.1 mm at 
the physical 6 mm Xmax of the driver.  Figures 16 
and 17 show the Kms(X) and Kms Symmetry Range curves 
for the SEAS midbass woofer. The Kms(X) curve is also very 
symmetrical in one direction (coil-out), but shows a limita-
tion if the other direction (coil-in), and has a forward (coil-
out) offset of 0.95 mm at the rest position that increases to 
2.5 mm at the 6-mm physical Xmax location on the graph, 
which is an important issue to address, but this should be 
an easy fix requiring a change in the spider. Displacement 
limiting numbers calculated by the Klippel analyzer for the 
U18RNX/P were XBl at 82% Bl = 6.6 mm and for XC at 
75% Cms minimum was 4.2 mm, which means that for 
this SEAS woofer, the compliance is the most limiting factor 
for prescribed distortion level of 10%. This can also be seen 
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Figure 16: Klippel Analyzer Mechanical Stiffness for Suspension Kms 

(X) curve for the SEAS U18RNX/P

Figure 17: Klippel Analyzer Kms Symmetry curve for the SEAS 

U18RNX/P

Figure 18: Klippel Analyzer Distortion Analysis curve for the SEAS 

U18RNX/P

Figure 19: Klippel Analyzer Peak and Bottom Waveform Value curve 

SEAS U18RNX/P
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Figure 22: SEAS U18RNX/P horizontal on- and off-axis frequency 

response (0° = solid; 15° = dot; 30° = dash; 45° = dash/dot).

Figure 23: SEAS U18RNX/P two-sample SPL comparison
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Figure 21: SEAS U18RNX/P on-axis and off-axis frequency response

Figure 20: Klippel Analyzer L (X) curve for the SEAS U18RNX/P
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is fairly even up to about 1 V, but by 6.2 V the coil-in 
displacement is about 4.8 mm and coil-out is 6.4 mm, 
showing that the suspension is limited in the coil-in 
direction. Again, this is an easy fix by changing the spider 
configuration.  

 Figure 20 displays the inductance curve Le(X) for the 

U18RNX/P. Inductance will typically increase in the rear 
direction from the zero rest position as the voice coil cov-
ers more pole area; however, the U18RNX/P inductance 
exhibits only minor inductive variation as the coil moves in 
both directions due to the copper shorting ring configura-
tion. The inductance variation is only of 0.11 mH from the 
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FX100 Audio Analyzer offers proven 

PureSound™speaker testing technology

Proven PureSound™ technology  
For the most reliable detection of different defect types.  
Supports defects testing across all installed analyzer 
channels. 

Modular Analyzer architecture 
Customize your speaker test system by choosing the 
number of analysis channels, built-in impedance and DC-
resistance measurements, switchers etc.

Cost efficiency 
System costs are controlled with modular configurations 
matched to specific applications.

Maximum test speed 
Very fast glide sweep technology measures all quality para-
meters from a single stimulus within a fraction of a second.

FX-Control software   
Powerful and complete system control suite supports 
flexible GUI designs, built-in limits handling and sequenced 
measurements.

Figure 24: SEAS U18RNX/P SoundCheck Distortion plots.

rest position to the full in and 
out Xmax positions, which is 
very good.

Next I mounted the SEAS 
woofer in an enclosure which 
had an 18" × 8" baffle and 
was filled with damping 
material (foam) and then 
measured the DUT on- and 
off-axis from 300 Hz to 40 
kHz frequency response at 
2.83 V/1 m using the 
LinearX LMS analyzer set 
to a 100-point gated sine 
wave sweep. Figure 21 gives 
the U18RNX/P’s on-axis 
response indicating a very 
smoothly rising response 
to about 4 kHz, with no 
peaking at the high-pass roll-
off. Figure 22 displays the 
on- and off-axis frequency 
response at 0, 15, 30, and 
45°. Note that -3dB at 30° 
off-axis with respect to the on-
axis curve occurs at 2.5 kHz, 
so a crossover in the 
2.5–3 kHz region would be 
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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.

Figure 25: SEAS U18RNX/P SoundCheck CSD Waterfall plot

Figure 26: SEAS U18RNX/P SoundCheck Wigner-Ville Surface 

intensity plot

Sample Submissions  
For Test Bench

Test Bench is an open forum for OEM driver manu-
facturers in the industry and all OEM’s 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. While many of the driv-
ers featured in Voice Coil come from OEM’s that have a 
stable catalog of product, this is not a necessary criterion 
for submission. Any woofer, midrange or tweeter an 
OEM manufacture feels is representative of their work, is 
welcome to send samples. However, please contact Voice 
Coil Editor Vance Dickason, prior to submission to dis-
cuss which drivers are being submitted. 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

All samples must include any published data on the 
product, patent 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 mea-
sured Mmd (complete cone assembly including the cone, 
surround, spider and voice coil with 50% of the spider, 
surround and lead wires removed).

appropriate. And finally, Figure 23 gives the two-sample 
SPL comparisons for the 6.5" SEAS midbass, showing a 
close match to less than 0.5–1.0 dB throughout the operat-
ing range.

For the remaining battery of tests, I employed the Listen, 
Inc. SoundCheck analyzer, 0.25" SCM microphone and 
power supply (courtesy of Listen, Inc.) to measure distor-
tion and generate time frequency plots. 

For the distortion measurement, the SEAS woofer was 
mounted rigidly in free-air, and the SPL set to 94 dB at 1 
m (6.7 V) using a noise stimulus, and then the distortion 
measured at with the Listen, Inc. microphone placed 10 cm 
from the dust cap. 

This produced the distortion curves shown in Figure 24. I 
then used SoundCheck 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 25 and the Wigner-Ville (for 
its better low-frequency performance) plot in Figure 26. For 
more information on this and other transducers from SEAS, 
visit the SEAS website at www.seas.no. VC
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Industry Watch
By Vance Dickason

Nollman To Lead Boston Acoustics 
D&M Holdings has named Mitch 

Nollman as VP/GM of Boston Acoustics. 
Nollman, who begins with Boston Acoustics July 5, 2011.  
He replaces Steve Chilinski, who the company said in a 
statement is leaving to pursue other career interests. Tim 
Bailey, president, consumer group, D&M Holdings, said 
in the statement that Nollman will “help Boston Acoustics 
build on the success of our recent landmark loudspeaker 
introductions, including our acclaimed sound bar home 
entertainment audio solutions.” He joins Boston Acoustics 
following 16 years at Bose, where he served in a variety 
of executive positions, including product marketing. His 
career with Bose spanned several product categories, includ-
ing component loudspeakers, home audio marketing, and 
professional systems. 

Fine Sounds SpA Acquires Sumiko
 Fine Sounds SpA, owner of Sonus Faber, Audio Research 

Corporation and Wadia Digital, announced today that it 
has acquired high-end audio distributor Sumiko, based 
here (the cost of the transaction was not revealed). Current 
Sumiko owners Donald Brody and John Hunter will take 
seats on the board of Fine Sounds SpA. Sumiko will remain 
the exclusive North America distributor for all its existing 
lines: Sonus Faber (loudspeakers), REL (sub-bass systems), 
Pro-Ject Audio Systems (turntables and electronics), SME 
(turntables and tonearms), Sumiko Phono Cartridges and 
Okki Nokki (record cleaning machines). The REL and 
Wolf Cinema brands are still owned by Donald Brody 
and John Hunter. While REL enters into an agreement to 
be distributed by Fine Sounds globally, Wolf Cinema will 
remain independent. Fine Sounds views both the U.S. and 
China as top priority markets. Direct distribution in China 
is currently managed through Sonus Faber Asia, and with 
the Sumiko acquisition, now realizes direct distribution in 
North America.

Sunfire Patents Anti-Shake Technology
Sunfire reports it has been awarded a U.S. patent for the 

StillBass Anti-Shake technology featured in the company’s 
Sunfire SubRosa Subwoofer.  Sunfire received U.S. Patent  
#7,844,068 by the U. S. Patent Office for the StillBass 
Anti-Shake technology that was featured first in 2008 in 
the Sunfire SubRosa subwoofer. A product the company 
claimed is the world’s first flat-panel subwoofer. By control-
ling the subwoofer’s “shake,” StillBass technology allows 
the woofer to be placed in a wide variety of locations 
rarely considered for high quality bass. The SubRosa can be 
mounted on a wall, located below a big screen TV, behind 
a couch, under a bed and even inside the wall. This newly- 
patented technology is only available from Sunfire, and at 
the moment, only in the SubRosa subwoofer.

 
New Product Offers Wireless Light and Sound

Artison, a high-end audio technology firm, and Osram 
Sylvania, a lighting company, debuted MusicLites today, an 
electronics product that combines a wireless, high-fidelity 

Furness Resigns as AES Executive Director
Roger Furness, Audio Engineering Society (AES) execu-

tive director since 1994, will step down from his position 
at the end of 2011. An AES member since 1975, Furness 
has served as section chair, vice president AES Europe and 
as AES president. 

To ensure continuity in all aspects of the AES organiza-
tion, the Executive Committee has asked him to remain as 
executive director emeritus throughout 2012.

“My 17 years as AES executive director have been an 
exhilarating and deeply gratifying experience,” Furness said. 
“I have thoroughly enjoyed collaborating with conven-
tion committees on nearly 40 major events in the United 
States and throughout Europe. I have also been privileged 

to work with AES members 
around the world on hun-
dreds of conferences, work-
shops, and internal events. 
I take great pride in these 
accomplishments and in hav-
ing guided the AES through 
the particularly difficult times 
experienced by the entire pro-
fessional audio industry over 

the past decade. I look forward to continuing to contribute 
my time and energy to this indispensable organization in 
future years.” 

Jim Kaiser, president of AES, reports that an Executive 
Director Search Committee will be formed, and that a Call 
For Application announcement will be forthcoming. 

“Roger Furness has performed an important and extreme-
ly difficult job for the AES for the past 17 years,” Kaiser 
said. “We greatly appreciate his decision to continue work-
ing with us after a qualified replacement has been found, to 
ensure a smooth transition.” 

Smith Named Interim CEO of Nortek 
Richard L. Bready, chairman, president and CEO of 

Nortek, has retired, and the company has named J. David 
Smith as interim CEO. Nortek’s board also announced that 
it is retaining an executive search firm to identify and secure 
a permanent replacement. 

Prior to assuming the Interim CEO title, Smith served for 
about two years as an outside director on Nortek’s board 
as well as on its compensation committee. Smith has more 
than 36 years experience in the building products industry, 
including 12 years as the chairman, president and CEO of 
Euramax International—a producer of aluminum, steel, 
vinyl, copper and fiberglass products for OEM, distributors, 
contractors, and home centers worldwide. 

Bready is retiring after 36 years of service to Nortek and 
its predecessor companies. Brand names acquired during 
Bready’s tenure include Niles, Speakercraft, Elan, Xantech, 
Sunfire, and Linear.

Roger Furness
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speaker with a state-of-the-art LED light. MusicLites, which 
can be powered by plugging into any standard light socket, 
is now available to consumers and businesses across the 
U.S. MusicLites allows consumers and businesses to create 
a high-end audio and lighting experience without wires 
almost anywhere they have light sockets. The light socket 
powers both the speaker and the light. The speakers and 
audio source communicate through a proprietary wire-
less transmitter and receiver system, the companies said. 
 Each MusicLites’ unit features a 10-W LED light that 
puts out the equivalent of a 65-W reflector bulb. It also 
has a 70-mm full-range high-fidelity loudspeaker and a 
wireless audio receiver. A 2.4-GHZ wireless transmitter can 
be connected to just about any audio source—including 
stereos, televisions, computers, iPods, iPads, and smart-
phones—to transmit a signal to the MusicLites speakers. 
 MusicLites fit into 4-, 5- or 6" recessed lighting cans. Each 
MusicLites kit contains two 3.8 × 5.3" modules and a 
remote that can dim the lights and raise or lower the audio. 
As many as five zones with up to 12 MusicLites in each 
zone can be tied together in a single network, creating a scal-
able lighting and audio system. MusicLites also are water-
resistant. For more information, visit www.musiclites.com.

 
Electronic Systems Contractors Offer Diversified 
Services

Electronic systems contractors (ESCs) who are CEDIA 
members enjoyed 13% revenue growth and rising profit 
margins in 2010 despite the depressed market for new 
home construction, CEDIA’s annual benchmarking survey 
found. The responding companies also expect their rev-
enues to grow in 2011.  Average revenues for a responding 
company hit $1.32 million in 2010, up 13%, with install-
ers expecting 2011 gross revenues to increase on average by 
15% to $1.52 million. 

In 2010, most of the ESC’s revenues again came from 
retrofit and remodeling installs, both of which accounted 
for an average of 63% of gross revenue in 2010.  Average 
net profit margin rose to 4.1 % in 2010 from 3.5 % in 
2009, though the average margin is still below 2007’s 6.8%. 
 For 2011, the respondents expect the number of jobs they 
do to increase from 2010, when the median number of 
projects for ESC companies was 41, and they expect that 
number to grow to a median 51 in 2011. The average 
2010 project size was $32,000. A stepped-up marketing 
effort was the reason cited most often by installers for their 
expectations of rising sales and profits in 2011. After the 
end of the first quarter of 2011, 93% of respondents indi-
cated that they expect to be profitable at the end of 2011. 
 Among project types, home theater/media room installs 
accounted for a smaller share of respondents’ gross revenues, 
falling to 17% in 2010 from the previous year’s 24%, pre-
sumably because installers have been diversifying into light-
ing, security, energy management, and systems integration. 
In fact, respondents called “systems integration/control” 
their most profitable product category in 2010. In addition, 
installers see themselves offering a variety of products and 
services (see table) during the next two years. Seventy-two  

percent expect to be offering energy-management products, 
24% expect to offer smart appliances, 33 % expect to offer 
home health equipment, 49% expect to be offering LED 
lighting, and 18 % expect to offer alternative energy sources. 
 For the 2011 survey, 112 companies completed valid survey 
responses for a response rate of about 8%. The companies 
employ a total of 932 employees. Results are representative 
of CEDIA members and reported at a 95% confidence 
level, CEDIA said. The survey was conducted by research 
firm Brand Ubiquity. Results are free to respondents and 
available for purchase through the CEDIA Marketplace for 
$1,495 for CEDIA members and $2,995 for non-members. 
A discount of 35% is available on reports pre-ordered before 
September 11. VC

Employment Opportunities
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Low cost

True Perceptual Rub & Buzz detection

Insensitive to background noise

Excellent correlation to the human ear

When it comes to increasing yield, you only want to reject speakers
that sound bad. Listen’s new CLEAR   Perceptual Rub & Buzz 
algorithm is your fully automated, 100% reliable golden ear.  
Used on the production line, it accurately replicates the response 
of a human listener to give you fully automated pass/fail 
measurements with intelligence.
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TM

Visit   www.Listeninc.com/clearVC  for a FREE demo and 20% discount*
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See us at

AES



...integrated

electronic test, 
acoustic test... 

Prism Sound is now a global
sales & support agent for:
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analog and digital
audio analyzers
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Loudspeaker design and analysis solutions


