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I first proposed Normalized Distortion, or 
Frequency Normalized Distortion, as a distortion 
measurement algorithm in a 1993 Audio Engineering 
Society (AES) paper when I worked at Brüel & Kjær. 
Although it’s been available in SoundCheck since 
1996, and some people have been using it for 
almost 30 years, we’ve recently noticed a huge 
surge in interest. This is likely due to the recent 
focus on correlating measurements to audibility—
something Listen has always considered important—
and also because it is the only way of accurately 
measuring some new types of microspeakers. Let’s 
examine how it differs from conventional distortion 
measurement and why it is valuable for identifying 
the cause of distortion.

Harmonics and THD Calculations
A typical speaker response, shown in Figure 1, 

isn’t flat. There are typically amplitude irregularities 
due to reflections and resonances, and high- and 
low-frequency roll-offs due to the passband nature 
of the transducer. This introduces some interesting 
artifacts when we look at harmonic distortion. 

Figure 2 shows the fundamental, second, and 
third harmonics of the speaker. If we measure 
harmonic distortion by sweeping from 20Hz to 
20kHz, to measure the second harmonic, our 
filter tracks at twice the stimulus frequency and 
goes out to 40kHz. Similarly, the third harmonic 
starts at three times the fundamental frequency 

and goes to 60kHz. Let’s assume that the second 
harmonic is 20dB below the fundamental (i.e., 10% 
distortion), and the third harmonic is 40dB below 
the fundamental, or 1% distortion. You can see 
the bumps and dips in the response align with the 
fundamental as the harmonics are filtered by the 
same linear frequency response. 

The problem with conventional distortion 
measurements is that we plot the harmonics at 
the stimulus frequency and then we compare the 
harmonic level to the stimulus level at the stimulus 
frequency. In other words, we are first shifting 
the harmonics so they are all plotted starting at 
20Hz with the stimulus frequency as shown in 
Figure 3, and then calculating the distortion relative 
to the fundamental at that frequency, as shown 
in equation [1], which shows a conventional THD 
calculation: 
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This change in alignment between the harmonics 
and the stimulus causes the irregularities to be 
offset, and the high and low-pass roll-offs look 
entirely different. 

When we calculate distortion percentage shown 
in Figure 4, we get some interesting results. Even 
though we already showed that the second harmonic 
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was uniformly 20dB down, when we calculate it this way, the 
distortion appears much higher at low frequencies because the 
fundamental rolls off sooner. Instead of being -20dB (or 10%) 
at 20Hz, it’s only -3dB, which is equal to 71% distortion. We see 
the opposite effect at high frequencies; the distortion rolls off 
prematurely compared to the stimulus frequency. This means 
it’s calculated to be -30dB, or 3.1%, rather than -20dB (10%).

In the pass-band region, the distortion could be under, or over-
estimated, particularly around the resonances and reflections, 
where the calculation differences are more pronounced. This isn’t 
limited to the second harmonic; it’s the same for the third and any 
subsequent harmonics so all these differences stack up. 

This is clear when you look at real-life speaker specifications—a 
typical total harmonic distortion (THD) measurement of a 
loudspeaker is high at the lowest frequencies and rolls off at high 
frequencies. This is because conventional distortion measurement 
methods tend to over-estimate distortion at low frequencies, and 
under-estimate it at high frequencies.

So why does this matter? To truly understand what is causing 
distortion, you need to separate the linear from the nonlinear. This 
isn’t hard to do—it’s just a small change in the order of operation 
when the THD is calculated.

What I proposed back in 1993, and I am still a strong advocate 
for today, is flipping the order of the calculation. Instead of plotting 
the harmonics at the stimulus frequency and comparing them 
to the fundamental at the stimulus frequency, reverse the order. 

Figure 1: Typical loudspeaker response.

Figure 2: Loudspeaker response with second and third harmonics at their 
measured frequencies.

Figure 3: Loudspeaker response with second and third harmonics shifted 
to stimulus frequency.

Figure 4: The effects of aligning harmonics with the stimulus before 
calculating THD.

Figure 5: Normalized distortion calculates the difference in harmonic 
levels compared to the fundamental before aligning the THD curve with 
the stimulus, and it is the same as what it “actually” is (see Figure 2).
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Compare the harmonic to the fundamental at the actual measured 
frequencies to calculate the percentage distortion and then plot it 
at the stimulus frequency, as shown in Figure 5. This is what we 
call Frequency Normalized Distortion, and it is calculated using 
the formula shown in equation [2]:
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where:  

• n is harmonic order
• A1 is amplitude of the fundamental at frequency n*f
• An(f) is amplitude of the nth harmonic at excitation

frequency f

As you can see, these graphs and distortion calculations exactly 
match the actual distortions shown in Figure 2. The linear response 
of the fundamental is not affecting the calculated distortion 
response, making any distortion non-linearities clearly visible.

In addition to removing the influence of the linear frequency 
response on the calculated distortion, this method also works 
for high-order harmonics when calculating Rub & Buzz, and 
intermodulation (IM) products when calculating IM distortion. 
It also removes the influence of room reflections and standing 
waves on distortion calculations. This enables you to measure the 
free field harmonic distortion in a regular untreated room with 
reflections—a particularly useful technique if you’re measuring 
in a reflective environment (e.g., a car), or if you simply do not 
have access to an anechoic chamber.

Let’s now look at a couple of real-world examples: a conventional 
speaker and a piezo-MEMS speaker.

Figure 6: Harmonics at their 
measured frequencies for a 
dynamic speaker driver.

Figure 7: Conventional and 
Frequency Normalized THD.

Figure 8: Harmonics plotted 
at measured frequency for a 
piezo-MEMS speaker.



Conventional Drivers
Figure 6 shows the measured harmonics for a dynamic speaker 

driver. The fundamental starts at 50Hz and the second and third 
harmonics are plotted at their measured frequencies, starting 
at 100Hz and 150Hz, respectively. As expected, the roll-offs are 
similar at the low frequencies. At frequencies above 8kHz, the shape 
of the third harmonic is particularly similar to the fundamental, 
clearly demonstrating its linear filtering effect. Even the second 
harmonic shows some similar characteristics.

Figure 7 shows the THD plotted both the conventional way (purple) 
and the normalized way (green). The conventional plot indicates 

around 10% distortion in the lower frequencies, and a bump around 
200Hz, which could potentially be a problem. However, this is just the 
linear response boosting the low frequencies. The conventional plot 
also has a little bump around 1kHz, but this is caused by the slight 
bump in the fundamental curve at higher frequencies. 

If we now examine the frequency normalized curve, it’s clear 
that we don’t have a low-frequency issue, although we do have 
a small nonlinearity around the speaker’s resonance at 300Hz. 
This is much more valuable information if you need to know 
precisely where the distortion is coming from so that you can 
design around it.

Figure 9: Harmonics plotted 
at stimulus frequency for a 
piezo-MEMS speaker.
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Piezo-MEMS Drivers

The differences between conventional and frequency normalized 
distortion are even more significant with piezo-MEMS transducers. 

Piezo-MEMS transducers are an interesting new class of 
miniature transducers that use semiconductor fabrication processes 
to create actuators with piezoelectric materials as the motor to 
create sound, rather than traditional mechanical components used 
to produce inductive coil speakers. They behave very linearly in the 
lower frequencies—you typically don’t see any increase in distortion 
at all—but their sensitivity increases over  frequency until reaching 
first resonance, which is usually out of the audio band. Piezo-MEMS 
speakers are true solid-state devices. They are manufactured using a 
foundry-based semiconductor process rather than being assembled 
in a factory from discrete components. This makes them immune 
to the manufacturing issues that often cause harmonic or transient 
distortion defects in conventional drivers, such as mis-aligned or 
rubbing voice coils, bad glue joints, lead wires hitting the cone, 
and loose particles such as magnetic chips hitting the dust cap. 

Nevertheless, they do, of course, have their own distortion 
profile. Typically, they behave very linearly at low frequencies—
typically with no increase in distortion at all—but often have 
a little high-frequency resonance above 8kHz, which is easily 
accommodated in product design.

While these nonlinearities are easily accounted for, since the 
performance of piezo-MEMS devices is so much more linear than 

traditional speakers, accurate quantification of any resonances 
is particularly critical.

Distortion in piezo-MEMS devices should always be measured 
using frequency-normalized methods. If plotted the conventional 
way, low frequency distortion will be vastly over-represented and 
high frequency distortions may also be over-represented. This can 
result in trying to design around nonlinearities that don’t exist.

Figure 8 shows the measured fundamental and harmonics 
of a piezo-MEMS speaker plotted at their measured frequency, 
and Figure 9 shows the same harmonics plotted at the stimulus 
frequency.

In Figure 8, the shape of the third harmonic again clearly 
mirrors the fundamental, and the second harmonic has something 
going on—maybe a resonance—close to 10kHz. In Figure 9, where 
the harmonics are plotted at the stimulus frequency, the low-
frequency distortion, as before, appears a lot more significant 
than in Figure 8, where it is plotted at the measured frequency.

This is clear in Figure 10, where we compare the conventional 
and Frequency Normalized THD. Plotted the conventional way, 
the distortion is calculated at around 20% at 100Hz, which is 
quite high. However, when calculated the frequency normalized 
way, it’s down at 6% or 7%. It’s also quite flat throughout from 
100Hz to 10kHz, which is typical of these drivers. This is no 
surprise— microelectromechanical systems (MEMS) speakers 
have fewer components to cause distortion, and they are not 

Figure 10: Conventional and 
Frequency Normalized THD 
for a piezo-MEMS speaker.

Table 1: Comparison of 
conventional and Frequency 
Normalized distortion.



acting in a nonlinear magnetic field. As with the 
traditional driver, relying only on conventional THD 
measurements could lead to a lot of wasted time 
trying to design around problems that don’t exist.

Time for Change?
Whenever I explain this distortion measurement 

method, most engineers immediately recognize 
its benefits and wonder how the conventional 
method became the norm. I suspect the reason 
traces back to early measurement practices. In 
the 1980s, Brüel & Kjær pioneered the tracking-
filter method, and plotting harmonics at their actual 
measured frequencies simply wasn’t possible with 
the chart recorders that were in widespread use 
at that time. That constraint probably shaped the 
convention we still use today, even though the 
technological limitations that created it no longer 
exist. Perhaps the measurement requirements of 
modern transducer technologies may finally drive 
the industry to adopt it.

Summary
Conventional and Frequency Normalized 

distortion measurement methods are compared 

in Table 1. Conventional THD isn’t wrong. If you 
listen to sine waves it is what you hear. However, we 
don’t generally listen to sine waves, and Frequency 
Normalized Distortion correlates better with listener 
perception of broadband signals, such as speech 
and music.

More significantly, to correctly identify distortion 
mechanisms, and design products that address 
these, it’s essential to separate the linear response 
from the nonlinear distortion, and this requires 
Frequency Normalized Distortion. ax
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Practical Measurement of Piezo-MEMS Loudspeakers
By Michael Ricci 
(Sr. Director Electroacoustic Engineering, xMEMS Labs, Inc.)

Piezo-MEMS speakers—all-silicon miniature speakers 
manufactured using a semiconductor fabrication process—are 
being rapidly adopted in compact, portable electronic applications. 
Microspeakers were the first piezo-MEMS devices to hit the market, 
and they quickly became popular for hearing aids and true wireless 
stereo (TWS) earbuds. In recent months, full-range drivers such 
as the Sycamore, shown in Photo 1, have become commercially 
available. This extends their applications to their applications to 
smart glasses, smart watches, XR headsets, and other compact 
mobile electronics. 

xMEMS’ piezo-MEMS speakers utilize a capacitive voltage-drive 
motor, which uses the inverse piezoelectric effect to create and 
control displacement. One important advantage of piezo-MEMS 
actuation is that the speaker’s sensitivity over frequency becomes 
more efficient, increasing volume without increasing the drive 
voltage. It’s important to understand this behavior to correctly 
configure tests for acoustic measurements.

Any transducer exhibiting an inherent increase in sensitivity 
over frequency can be unfairly penalized by the standard THD 
equation (equation 1) because the sound pressure level (SPL) of the 
harmonics is higher when compared to the SPL of the fundamental. 

Conversely, traditional dynamic drivers commonly decrease in 
sensitivity above their low- frequency resonance, F0. This results 
in lower conventional THD at higher frequencies due to lower 
output. In practice, DSP or other compensations are often used 
to boost the higher frequencies for a flat response in the higher 
bands, and this can result in more distortion in the transducer.

Frequency Normalized Distortion is therefore the only method 
to accurately measure distortion in transducers with an inherent 
increase in sensitivity, and we always recommend that our 
customers use this method in addition to any other distortion 
measurements they make.

Practical measurement of frequency-normalized distortion 
is simple. Figure 11 shows the test configuration used to obtain 
the piezo-MEMS results shown in Figure 10. 

It’s a simple setup, similar to a conventional driver test 
configuration. We mount the speaker as shown in Photo 2, on a 
2π free-air baffle in a 12ft3 ETSI anechoic chamber. The driver 

is connected to a high-impedance power amplifier outside the 
test chamber. An SCM microphone is mounted within the box, 
approximately 3cm from the driver to simulate a typical real-
world distance (e.g., in a pair of smart glasses). This captures 
the speaker output and transmits it to the computer via the 
AudioConnect 2 audio interface. Within SoundCheck, we evaluate a 
range of parameters, including frequency response and distortion.

The results shown in Figure 10 demonstrate the very flat 
frequency response of these devices, highlighting why this 
measurement approach provides more valuable information 
than conventional distortion for anyone designing with piezo-
MEMS transducers. 

Figure 11: Test configuration for measuring 
MEMS speakers.

Photo 2: Interior of test chamber showing MEMS speaker mounted in the 
baffle.

Photo 1: xMEMS 
Sycamore full 
range piezo-
MEMS speaker. 




