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CES 2012
The 2012 International Consumer Electronics Show 

(Number 44—the first one launched in June 1967 in 
New York City with 200 exhibitors and 17,500 attendees) 
will be held this year from January 10–13, 2012 in Las 
Vegas, Nevada. This year’s International CES will feature 
product debuts from more than 2,700 exhibitors, cover-
ing more than 30 product areas, including the latest in 
content, wireless, digital imaging, mobile electronics, home 
theater, and audio, including a focus on electric vehicles 
and in-vehicle technology (see Photo 1). With a focus on 
green technology, it’s interesting to note that the Consumer 
Electronics Association (CEA) announced that the 2009 
International CES was named North America’s Greenest 
Show by Trade Show Executive (TSE) magazine. CEA was 
awarded the highly coveted “Leader in Green Initiatives” 
Gold Grand Award for outstanding green presence in pro-
ducing the world’s largest consumer technology tradeshow, 
the International CES.  Topping that off, CEA recently 

announced that the 2010 International CES was named 
both the largest tradeshow and the tradeshow with the high-
est economic impact by TSE magazine. CEA was awarded 
the highly coveted number one spot in TSE’s Gold 100 
Rankings of 2010. CES has earned top honors as the largest 
annual tradeshow in each of the four years of the Gold 100 

Photo 1: A view of last year's International CES
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 Spotlight

Figure 1a and b: Comparison between an ideal loudspeaker free-
field measurement and the same measurement in the ear of a 
head-torso simulation devise

Headphone Testing (Part 1) 
The Basics
By Steve Temme, Listen, Inc.

Introduction
As more and more loudspeaker engineers find themselves 

employed in the fast-growing headphone market, either through 
company diversification or changing jobs, it is important that 
the unique challenges of testing headphone packages are fully 
understood. Many of the characteristics that make for a good in-
room listening experience with a loudspeaker—good frequency 
response, low distortion, no Rub & Buzz or loose particles, 
etc.—also apply to headphones, and many of the principles of 
loudspeaker test apply. However, there are some major differences 
and additional issues that need to be taken into account. These 
include couplers and associated correction curves, acoustic seal, 
fixturing, and additional tests such as L/R tracking. In this article, 
we discuss the issues that are common to testing all types of 
headphones. In Part 2 (a future article) we will address the specific 
needs of special cases of headphones such as Bluetooth and USB 
headphone testing, noise-cancelling headphones, and Max SPL 
measurements to prevent hearing loss.

Similarities and Differences
First, let us look at the similarities in testing loudspeakers and 

headphones. The set-up essentially consists of an electroacoustic 
measurement system, some kind of ear simulator containing a 
reference microphone, and the device under test. A test signal is 
sent to the transducer (headphone), which in turn is measured by 
a reference microphone in a coupler.

The basic measurements made on headphones are very similar 
to those made on loudspeakers. These include frequency response, 
phase (polarity), distortion (THD and Rub & Buzz), and imped-
ance. In both cases, the test signal is usually a swept sine wave, 
and the level can vary. Some set the drive level to achieve a certain 
sound pressure level at a given frequency; others choose the level 
that equates to 1 mW of power. Certain products may necessitate 
testing the frequency response at one level and performing a sec-
ond, higher level test for distortion. 

Now, let us look at the differences. The primary difference in 
the test set up between a loudspeaker and a headphone mea-
surement is in the way in which the transducer interacts with 
the microphone. Whereas loudspeakers are tested in open air, a 
headphone or earphone must be presented with an acoustic load 
that simulates the human ear. It is common to compare the left 
and right-channel frequency response. Large differences at certain 
frequencies can be very audible in a stereo device, even though 
the individual responses may be within specification. Sometimes, 
electrical characteristics such as crosstalk may also be measured.

Considerations
Before beginning to test headphones, there are two major con-

siderations that need to be taken into account—correction curves, 
and the acoustic seal. These both have an effect of the frequency 

response. The latter also affects the repeatability of measurements.

Coupler Correction Curves
Loudspeaker engineers are familiar with the ideal frequency 

response for a loudspeaker measured in the free field being a 
flat line (see Figure 1a). For headphones, however, this is not 
the case. Headphone measurements are taken at what is known 
as the Drum Reference Point (DRP)—a point representing the 
human eardrum. Figure 2 shows where this is on a Head & 
Torso Simulator (HATS). If you were to measure the same loud-
speaker that produced the flat free-field response curve in Figure 
1a at the Drum Reference Point, the frequency response would 
look like Figure 1b. In other words, for a headphone to sound 
like a loudspeaker with a flat frequency response, it must produce 
a frequency response curve like Figure 1b.

This frequency response curve is a correction curve, or transfer 
function that represents the effects of the head, torso, pinna, ear 
canal and ear simulator. To further complicate matters, different 
correction curves are applied according to whether your mea-
surements are made in the free field (anechoic room) or diffuse 
field (reverberation room) (see Figure 3). For the most part, like 
loudspeaker measurements, the free field is used. Typically, when 
making measurements, the subtraction of the correction curve 
from the actual measurement can be carried out in your test 
software, so that your output frequency response is shown as the 
familiar straight line.

Headphone/Ear Seal
Another issue that needs to be addressed when testing head-

phone is the acoustic seal, or leakage. Realistic headphone mea-
surements (using a HATS or similar) have a certain degree of 
leakage as the headphone does not fit tightly to the pinna. This 
has an effect on the frequency response, with a demonstrable loss 

a)

b)
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Figure 2: Graphic detail of the DRP using a head-torso simulation device

at low frequencies (see Figure 4). Although realistic, it affects the 
repeatability of measurement. In the R&D lab, this is compen-
sated by repeating the measurement multiple times, removing 
and repositioning the headphone between each measurement 
and averaging; on the production line different couplers and fix-
tures are used to offer a more repeatable seal—these are discussed 
in more detail below.

Different Types of Headphones
First, before we look at test configurations for headphone test-

ing. Let us look at exactly what we are measuring. Headphone 
is a broad term, which covers several different designs of prod-
uct, each with their unique testing challenges. Headphones fall 
broadly into four categories (see Figure 5): Circumaural (a large 

Figure 3: Diffuse and free-field correction curves

Figure 4: Effect of acoustic leakage on frequency response
www.wavecor.com
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cup that completely surrounds the ear and pinna), Supra-aural 
(an earpad that sits on the pinna), Earbuds (also known as Supra-
Concha), where the transducer rests at the entrance to the ear 
canal, and In-ear where the sound port sits inside the ear canal. 
Although the measurements that need to be made are the same 
for each of these, the fixturing—a critical part of the test set-up—
is different for each type.

A Basic Headphone Test Setup
Figure 6 shows a headphone test set-up (suitable for all types 

of headphones) using a PC and soundcard-based measurement 
system. Although hardware-based systems may, of course, also 
be used, a soundcard offers more than sufficient accuracy for 
testing headphones, and such a system is usually less expensive. 
As you can see, the only part of this setup that will be unfamiliar 
to those accustomed to loudspeaker measurements is the “black 

Figure 5: Comparison of different headphone types
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box” that represents a device that simulates the ear (and replaces 
the microphone in a loudspeaker setup). 

What’s in the Black Box?
The equipment in the black box can be a multitude of things, 

depending on whether you are testing in the R&D lab or on the 
production line, your budget, and the type of headphone you are 
testing. Essentially it will be the microphone-containing device 
you have selected which simulates the human ear with some 
degree of accuracy, and appropriate fixturing to ensure repeatable 
results with the particular headphones you are testing. This is 
perhaps the most complex part of this setup, and the one which 
poses the most challenges to engineers.

In order to select the most appropriate ear simulation device, 
the first question that must be asked is whether the test should 
be a realistic simulation of actual use (commonly performed in 
development) or a highly repeatable test capable of differentiating 
defective units from good ones (production). 

When developing a product, it is desirable to have a means of 
measuring under conditions that the end user will experience. 
A head-and-torso simulator provides this level of simulation, 
as it is equipped with artificial ears, which mimic the acoustic 
characteristics of the human ear, as well as artificial pinnae, which 
mimic the way a headphone would fit on a real person. The fit 
of headphones and earphones can vary from person to person 
and even from one use to another, and can drastically change the 
user’s listening experience. Testing on a head-and-torso simulator 
(see Photo 1) can reveal this variability between fit and acoustic 

Figure 6: Analyzer setup for measuring headphone response
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Photo 1: Testing on a head-and-torso simulator
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coupler, which is essentially a metal chamber that replicates the 
ear canal, is most commonly used. Couplers vary significantly in 
their complexity and cost. The most commonly used production 
coupler is a 2 cc coupler, which is simply a 2 cubic centimeter 
cylindrical chamber which is an approximation of the ear canal 
impedance. More complex (and therefore more expensive) is an 
IEC 711 coupler which has a multiple internal chambers that 
more accurately replicate the acoustic impedance of a human ear. 
Although the characteristics of this coupler are close to the human 
ear in the lower frequency ranges, above 8 kHz it is not well 
defined. No manufacturer has created a coupler that offers a truly 
accurate representation of human hearing above 8 kHz because 
human ears vary more at high frequencies. For manufacturers who 
want to go one step further than a coupler, a pinna with simplified 
geometry is available. Although not shaped like an ear, it is built to 
allow some degree of replication of the acoustic leakage that would 
occur with a real ear. Photo 2 illustrates these devices.

Even with the simpler geometry of a coupler, it is still hard 
to get repeatable results, and most production line applications 
rely on custom fixturing to offer greater repeatability of mount-
ing for a controlled seal. Usually a fixture is custom built for a 
specific product to ensure repeatable attachment to the coupler. 
For circum-aural and supra-aural headphones some sort of clamp 
is used to apply a consistent pressure, which aids repeatability. 
Earbuds and in-ear earphones typically use a gasket of some sort 
to create a seal. This seal produces more accurate low-frequency 
response and has the added benefit of reducing the influence of 
ambient noise on the test. 

Photo 2: Various pinna couplers used to measure headphone response

Figure 7: Listen, Inc. SoundCheck screen for headphone response measurement

performance. This lack of repeatability is realistic and useful to 
understand how fit impacts the sound quality. Engineers will 
commonly take several measurements and average them to 
account for it. Head-and-torso simulators are expensive (upwards 
of $20,000), so some R&D laboratories use less expensive (but 
with the expected performance trade-offs) alternatives such as 
cheek and ear simulators, couplers, simplified pinnae, etc.

Head-and-torso simulators are not suitable for production line 
use for two reasons. As discussed, the fit may be slightly different 
each time, which makes it very difficult to get repeatable results 
on the production line, and also the cost is prohibitive. This is 
overcome by designing a product with a known response using 
simulators (such as the Head & Torso) that accurately replicate a 
human, and then basing production line testing around ensuring 
that all products coming off the production line match that ideal 
product. This means that different test methods can be used.

In production and QA it is important to use a fixture that is 
highly repeatable and can produce consistent results. An acoustic 
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Headphone Tests
Now that we understand the test set-up, lets talk about what 

we typically measure with a headphone. If you are buying a new 
test system for testing headphones, you should consider what and 
how you want to test before purchasing, as it has a bearing on the 
number of inputs and outputs you will need on your soundcard 
or test system. If you are testing a stereo pair simultaneously, you 
will need a two-channel soundcard just for the acoustic tests. If 
you want to also simultaneously measure electrical characteristics 
such as impedance, you will need four channels. If you already 
have a two-channel system, you can measure impedance sequen-
tially rather than simultaneously, although it will be a little slower.

A typical basic R&D test using a head and torso simulator 
for a stereo headphone pair would consist of playing a 1/12 
octave stepped sine sweep from 20 to 20 kHz and measuring 
the harmonic distortion and fundamental frequency response. 
Correction curves would compensate for the free-field response 
from 0° incidence to the nose to the eardrum. Post-processing can 
then be used to compare the left and right earphone responses 
and show the difference curve, both for magnitude and phase. 

With a four-channel analyzer, this test may be expanded with 
the addition of a couple of reference resistors to measure imped-
ance of the headphones at the same time. Other options for more 
detailed testing would include measuring intermodulation and 
difference frequency distortion, or measuring maximum SPL 
using the distortion level to set the upper limit. Naturally, each 
company wants to test their products slightly differently, and 
most test and measurement systems offer the ability to custom-
ize tests. A typical production line test would be similar, but a 
custom compensation curve, based on the coupler and fixturing 
would need to be applied. On the line, impedance, if measured, 
would be done simultaneously for speed reasons. Figure 7 shows 
an example test report for a R&D headphone test carried out in 
SoundCheck, a soundcard based test system that is used in the 
R&D lab and on the production line for measuring headphones.

Standards
IEC 60268-7: Sound System Equipment—Part 7: Headphones 

and Earphones is probably the most comprehensive standard on 
headphone testing. It talks about how to classify earphone types 
(e.g., supra-aural versus supra-concha) describes various couplers 
and acoustic ear simulators, defines free-field versus diffuse field 
conditions, and describes how to test headphones. It specifies the 
standard test level to be 94 dBSPL at 500 Hz or 1 mW at the 
earphone’s rated impedance and defines how to measure the rated 
impedance. A copy of this standard costs approximately $200, 
and may be purchased from the IEC website (http://webstore.iec.
ch/webstore/webstore.nsf/Artnum_PK/43714).

Conclusion
This article covered the basics of headphone testing, focusing 

on those issues applicable to all types of headphones. In Part 2, 
a follow-up to this feature, we will discuss special cases of head-
phone testing, specifically Bluetooth and USB headphone test-
ing, noise-cancelling headphones, and Max SPL measurements. 
These are complex subjects requiring the use of different test 
signals and compensation for time delays, dropouts, and other 
characteristics inherent to these special types of headphone.VC
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Industry News and Developments

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

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

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

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

•	 January 2008 to January 2011—average price: 
$0.42 (the price hovered at about $0.50, reaching 
a low of $0.252)

•	 March 2011—average price: $0.87
•	 May 2011—$1.20
•	 June 2011—$2.31
•	 July 2011—$2.16 

By Vance Dickason

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

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

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

Figure 1: The price trendency of neodymium

15
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 Spotlight

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

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

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

Testing Digital Headphones
Headphones with digital connectivity add complexity to 

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

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

Managing Connectivity
The initial challenge of testing digital 

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

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

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

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

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

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

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

SoundCheck

Left in
Sound card

Ear coupler

Ear output

Head and torso
simulator

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

 
Measurement Units

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

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

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

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

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

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

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

Noise-Cancelling Headphones 
There are many different equipment 

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

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

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

Ear coupler

Head and torso
simulator

Loudspeaker

Ampli�er Sound card out L

Ear output Microphone
power supply

Sound card in L

Figure 5: Noise-cancelling headphone measurement setup

Test system
(e.g, SoundCheck) 
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0.4909
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Peak

RMS

–3.17
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Time
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Figure 3a: This is a graphical representation of how the µ-law codec translates the digital level 
to virtual volts. 3b: Calibration of a reference codec

a)

b)

Figure 4: An example of jitter
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The Noise Stimulus
Pink noise is an excellent choice for the noise stimulus, as its 

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

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

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

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

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

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

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

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

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

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

Conclusion
Measuring headphones with digital and noise-cancelling 

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

30



8 voice coil

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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Industry News and Developments
By Vance Dickason

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

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

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

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

Coaxial Flat Panel Loudspeaker System with Dynamic 
Push-Pull Drive—Drazenko Sukalo, DSLab-Device 
Solution Laboratory. After the successful introduction 
of the flat television, acousticians are concerned with the 
design of a flat panel loudspeaker. A new patented flat panel 

By James Croft

By Vance Dickason

PHOTO 1: San Francisco’s Moscone center, site of this year’s AES 
Convention.

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

Listen analyzer, p. 8.



8 VOICE COIL

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

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

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

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

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

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

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

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

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

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

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

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

SoundCheck One is a combination of the relatively new 
AmpConnect hardware and the new SoundCheck One 
software. AmpConnect is a hardware interface that com-
bines microphone input control, a built-in amplifier, and 
TTL output support for various production line require-
ments. If you look at the photo of the front panel shown in 
Fig. 1 and the rear panel given in Fig. 2, you’ll get a good 
idea of the simplicity of this instrument. The front panel 
is divided into four sections: control, input, output, and 
amplifier. The control section allows you to select operating 

Owner
Highlight
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the unit from the computer screen or only from the front 
panel control surface, or both simultaneously. This section 
also has a LED monitor for the eight digital I/Os that can 
be used to trigger various production line functions. 

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

Quality and reliability are critical factors for success in the
audio industry. In today’s global manufacturing environment,
product testing is more important than ever, and products
built in low-cost countries must be tested to the same stan-
dards as those manufactured in the US and Western Europe.

Peerless, one of the world’s leading manufacturers of high-
end audio speakers, produces over half a million loudspeak-
ers a year. Peerless belongs to the Danish Sound Technology
group (DST), together with Vifa and Scan-Speak. Their
headquarters in Karlslunde, Denmark, still produce a major-
ity of the speakers, and the DST manufacturing facilities in
China produce a growing number of speakers. 

Every single speaker that Peerless manufactures is tested
for acoustic quality using SoundCheck , a soundcard-based
electroacoustic test and measurement system. This offers sig-
nificant advantages over conventional hardware-based sys-
tems including fast and simple production line use, low cap-
ital expenditure and easy analysis and sharing of test specifi-
cations and results (Photo 1).

Peerless has manufactured loudspeakers in Denmark since
1926, and in 1995 the former Vifa-Speak (now DST) estab-
lished an additional manufacturing facility in Panyu, China.
In 2002, Peerless established a second facility in Xiaolan,
China. These modern facilities offer cost-effective, high-
quality manufacturing to supplement the output of the
Danish factory. 

Peerless conducts 100% quality testing of its products, and
tests to exactly the same standards regardless of where the
product is manufactured. In the Xiaolan facility, SoundCheck
is also used for R&D work where a dedicated SoundCheck
system measures frequency response and Thiele/Small para-

meters in a large 2pi room. With production lines several
thousand miles apart, using the same test setup and equip-
ment simplifies quality control (Photo 2). As Carsten
Tinggard, the engineer responsible for the test systems, ex-
plains, “Our reputation is built on quality and reliability.
Therefore, every loudspeaker that Peerless manufactures, ei-
ther here in Karlslunde, or in China, is 100% tested as it
comes off the production line using SoundCheck electroa-
coustic test software.” 

Loudspeaker Testing Using SoundCheck
SoundCheck is a soundcard-based test system. It uses

high-end pro-audio soundcards in conjunction with sophis-
ticated analysis software to rapidly and accurately measure
loudspeaker quality. The entire test, from stimulus genera-
tion to measurement and analysis, takes as little as a few sec-
onds. This flexible platform allows Peerless to adapt and cus-
tomize tests to suit the large number of different types of
speakers that it manufactures.

An optimized stepped-sine excitation or Stweep is used
to test the various electroacoustic parameters. Unlike most
digitally-generated stepped sine sweeps, the Stweep changes
frequencies at an integer number of cycles and continuous
phase, minimizing transducer ringing and test time. A Brüel
& Kjær microphone detects the signal from the loudspeaker
and the soundcard captures the data, which the software sub-
sequently analyzes. 

A variety of speaker performance characteristics are mea-
sured in parallel, including frequency response, impedance,
harmonic distortion, rub and buzz, Q at resonance, and res-
onant frequency of the loudspeaker (Fig. 1). Once the loud-
speaker passes the basic test, a more detailed test is per-
formed. This involves a sweep at high power, which focuses
on the critical frequency-response ranges for a specific model
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PHOTO 1: Soundcard-based system for testing drivers
(Photograph courtesy of Bruel & Kjaer). 
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PHOTO 2: Production. (Photograph courtesy of Peerless).
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in order to reduce the sweep time. 
Peerless manufactures over 200 different types of drivers,

varying in size from 4″−12″. Although each has a different test
template, there are three basic reference test sequences set up
in SoundCheck: one for woofers, one for mid-range units, and
one for tweeters. These three basic sequences are modified for
each different type of loudspeaker. Because they are based on
the same core test script, setting up a large number of tests was
relatively quick and simple because the test could simply be
modified rather than reprogrammed for each product.  

Although SoundCheck is sophisticated enough for R&D
laboratories, it is designed with high-speed production test-
ing in mind. Most loudspeaker manufacturing staff do not
possess the same level of acoustics knowledge as R&D engi-
neers, yet it is important that production-line speakers sound
the same as those designed and tested in the laboratory. To
facilitate this, SoundCheck is configured with various levels
of operator control (engineer, supervisor, production line,
and so on). This means that complex tests developed in the
laboratory can be configured for one-touch operation and
simple PASS/FAIL flags. 

Peerless takes full advantage of this facility, as Carsten
Tinggaard explains, “The production-line test staff are not
acoustics experts. The SoundCheck user interface is very
simple and shows a PASS/FAIL indication and a graph is
also displayed. In the event of a loudspeaker failing the test,
this indicates the probable cause of the problem and our pro-
duction staff becomes experienced in fault diagnosis and
classification. Analysis of the test data also shows where
problems with rub and buzz occur. It’s a very useful tool for
production line management.”

SoundCheck was designed by electroacoustic engineers
who fully understand the rigorous demands of the produc-
tion environment, and it includes many advanced algo-
rithms to ensure that acoustic parameters are accurately mea-
sured. For example, when measuring distortion and noise,
SoundCheck uses a proprietary algorithm that measures the
distortion separately from background noise and can mea-
sure any number of harmonics simultaneously. This is a sig-
nificant benefit when making measurements in a noisy envi-
ronment, such as on a factory floor. 

SoundCheck is easily integrated into existing production
lines and interfaced to existing test software such as real-time

SPC (statistical process control) programs. Testing is con-
trolled automatically or manually using peripheral devices
such as barcode readers, footswitches, digital devices via an
RS-232 or IEEE-488 interface, digital input/output cards
and PLCs (Program Logic Control).

Soundcard Advantages
A soundcard-based electroacoustic test system uses a high-

end pro-audio soundcard on a standard computer to play
and record test signals rather than proprietary (and often
costly) front-end data acquisition systems. The whole test,
including calibrating and setting the parameters, generating
the signals, collecting the data, processing, and analyzing the
information, is carried out through software. Virtual instru-
ments included in the program, such as signal generators,
multimeters, oscilloscopes, spectrum analyzers, and real time
fractional octave analyzers, eliminate the need for costly and
high-maintenance additional hardware. 

Test results output electronically to standard electronic
formats, and can be imported into databases. A soundcard-
based system is compact and portable; all that is required (in
addition to the computer and soundcard) is a microphone to
measure the sound and a power amplifier to power the loud-
speaker under test. This portability is a valuable asset in
today’s global manufacturing environment.

The software-based nature of such a system means that it of-
fers increased flexibility over conventional hardware systems.
The same system can either be fully interactive for R&D ap-
plications, or configured for one-click operation and simple
pass/fail reporting for production line use. The true benefits
occur when the same system is used for both, because produc-
tion can exactly replicate the tests carried out in the laboratory. 

A common concern is whether a soundcard will provide
comparable results to traditional data acquisition systems. Pro-
audio soundcards typically use the latest and most advanced
A/D and D/A converters found on the market, and typically
provide over 100dB signal-to-noise ratio with frequency re-
sponse of better than ±0.25dB to 40kHz and above. This
means that the results achieved using a soundcard are virtual-
ly indistinguishable from those obtained with a conventional
hardware data capture device. With the combination of ad-
vanced test programming and ease of use that software-based
solutions bring to production-line testing, they present a viable
and cost-effective alternative to conventional systems.

For detailed specifications on two high-quality pro-audio
soundcards, visit www.digitalaudio.com and www.lynxstudio.
com/lynxtwospecs.html.

Other Applications
Although the main application area for SoundCheck is

loudspeaker testing, it is also widely used for testing headsets,
telephones, microphones, hearing aids, crossovers, and audio
electronics. 

Special thanks to Carsten Tinggaard of Peerless and Gra-
hame Clinch of Bruel & Kjaer for their assistance with writing
this article.

FIGURE 1: Typical SoundCheck pass/fail display.
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