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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:

• Understand the history of home cinema
• List basic components and configurations
• Describe audio and video signal types and sources

• Gain insight on surround sound fundamentals and   
     video display options

• Identify seating, room, viewing distance, and lighting      
     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, 
sound transmission, and many other factors. Learn how being 
a good room designer can make you a better theater designer. 
At the conclusion of this course, participants should be able to:

• Discuss room basics
• Determine form following function
• Identify construction considerations for isolation and   

     bass response
• Choose proper lighting for safety, convenience, and   

     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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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
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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.
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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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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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Perceptual
Rub & Buzz
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Visit   www.Listeninc.com/clearLIS  for a FREE demo and 20% discount*

Tel: +1 617 556 4104 
Email: sales@Listeninc.com
Web: www.Listeninc.com
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* Discount applies to CLEAR module (part number 2030) only. See web site for full terms and conditions.




