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ABSTRACT 
Standardized measurement of in-car audio systems remains an ongoing challenge, particularly regarding 
microphone configuration and placement, test signals, and correlation with perception. Current recommendations 
from the AES Technical Committee on Automotive Audio (TC-AA) advocate spatial averaging using multi-
microphone arrays to improve repeatability. 

While this method reduces the influence of reflections and standing waves in the car’s cabin to improve 
measurement consistency and repeatability, it limits frequency, phase, and amplitude resolution, which helps 
identify the root causes of the distortions and evaluate their perceptual impact. An alternative approach is to apply 
frequency-normalized distortion analysis, in which reflections or standing waves in the frequency response are 
also echoed in the distortion results, and greatly reduced by direct comparison of the two measurements. In this 
paper, we demonstrate that normalized distortion calculations provide clearer and more accurate THD 
measurement than conventional THD. We also show that THD measurements captured with a single microphone 
correlate well with those made with a 6-microphone array, indicating that this might be a viable lower-cost solution 
for end-of-line tests. 

Buzz, Squeak & Rattle (BSR) measurements, also known as Rub & Buzz or Impulsive Distortion measurements, 
are also challenging. The Crest Factor algorithm recommended by TC-AA adequately detects transient distortions 
but is susceptible to background noise and therefore requires a quiet environment for making measurements. Two 
other methods, enhanced perceptual Rub & Buzz and enhanced Loose Particles, offer improved repeatability in 
the presence of background noise, and the results are easier to correlate to audibility. 

1 Introduction 
Automotive cabins present uniquely challenging 
acoustic environments due to their compact 
geometry, many reflective surfaces, and high levels 
of background noise. Loudspeakers are often installed 

in constrained, non-ideal locations surrounded by 
mechanically coupled components that can introduce 
buzz, squeak, and rattle artifacts. They are also 
exposed to harsh environmental factors including 
extremes of vibration, temperature, and humidity. 
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Road, wind, and tire noise further degrade listening 
conditions, necessitating extensive signal processing 
to achieve acceptable sound quality for both speech 
and music. 
 
Standardized measurement of in-car audio systems 
remains an ongoing challenge, particularly regarding 
microphone configuration and placement, test 
signals, and correlation with perception. Current 
recommendations from the AES Technical 
Committee on Automotive Audio (TC-AA) advocate 
spatial averaging using multi-microphone arrays to 
improve repeatability [1]. 
 
Although this method improves measurement 
consistency by reducing the influence of reflections 
and standing waves [2,3], it limits frequency and 
amplitude resolution – factors which help identify the 
root causes of the distortions and evaluate their 
perceptual impact. 
 
An alternative approach is to apply frequency-
normalized distortion analysis [4,5]. Conventionally, 
harmonics are plotted at the stimulus frequency, then 
compared to the fundamental at the stimulus 
frequency. With frequency-normalized distortion, the 
order is reversed: the harmonics are plotted at the 
actual measured frequencies, compared to the 
fundamental at the harmonic measured frequency to 
calculate the percent distortion, then plotted at the 
stimulus frequency to show when they occur. This 
direct comparison of the two measurements separates 
the non-linear from the linear distortion and greatly 
reduces the effects of reflections on the harmonics 
from the frequency response. Furthermore, although 
the measurement is made using sine sweeps, it 
correlates more closely to listener perception with 
music or speech than conventional techniques. In this 
paper, we evaluate and compare the harmonic 
distortion using 3 methods: the spatially averaged 
THD using the TC-AA recommended 6-microphone 
array, the same configuration with normalized 
distortion calculations, and a single microphone 
capture using the normalized distortion method. 
 
Buzz, Squeak and Rattle (BSR) measurements are 
also challenging. The TC-AA suggests a Crest Factor 
algorithm. This adequately detects transient 
distortions, but since noise often has a similar crest 
factor to transients, a quiet environment is essential to 
avoid false positives, and care must be taken to verify 
that the results correlate with perception. 
Additionally, the running-average nature of the crest 

factor calculation inherently smooths some transient 
events, making them harder to identify. 
 
In this paper, we demonstrate two alternative methods 
for BSR measurements that offer improved 
repeatability in the presence of background noise and 
easier correlation to audibility. 
 
The enhanced Perceptual Rub & Buzz (ePRB) 
algorithm [7] combines proprietary noise reduction 
methods with masking curves and loudness to 
simulate the performance of the human ear. This 
measurement technique is less sensitive to 
background noise than crest factor measurement, and 
only highlights Rub & Buzz sound that is audible to 
humans. 
 
The enhanced Loose Particles (eLP) algorithm [8] 
evaluates transient distortion over time to detect 
loudspeaker and installation defects such as loose 
particles in a speaker’s voice coil, improperly 
mounted speakers in vehicle panels, missing or 
inadequately tightened fasteners, and loose or rattling 
wires within the vehicle. It offers greater sensitivity 
to impulsive behavior than frequency-response 
methods, as it tracks each individual transient event 
as it occurs. The algorithm suppresses much of the 
background noise, leaving a stable noise floor against 
which transient events appear as distinct spikes. 
Spikes that exceed a user-defined threshold are 
identified and counted, and a signal is classified as 
transient distortion only when the number of spikes 
above the threshold exceeds a predefined count. This 
distinguishes persistent rattling or vibration-related 
noise from isolated background events such as a 
slamming door, HVAC operation, or compressor 
noise, significantly reducing false positives. 
 

2 Frequency-Normalized Total 
Harmonic Distortion (nTHD) 

Normalized Distortion, or Frequency Normalized 
Distortion, was first proposed in 1993 [5]. Although 
it has never been officially standardized by AES, it 
was adopted shortly thereafter in Annex E of an IEEE 
269 Telecommunications Standard. Commercially 
available since 1996, the technique is seeing renewed 
interest due to the challenges of measuring modern 
devices—particularly automotive in-cabin audio 
systems and microspeakers. 
 
The method was originally designed to account for 
the effect of a loudspeaker’s linear response on its 
nonlinear response. However, it is finding new 
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applications in environments where reflections are 
unavoidable and can effect non-linearities, for 
example, inside cars.  
 
A typical speaker response, shown in Fig. 1, is not 
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 1. Typical loudspeaker response. 

 

Fig. 2 shows the fundamental, second, and third 
harmonics of the speaker. If we measure harmonic 
distortion by sweeping from 20 Hz to 20 kHz, in order 
to measure the second harmonic, our filter tracks at 
twice the stimulus frequency and extends to 40 kHz. 
Similarly, the third harmonic starts at three times the 
fundamental frequency and goes to 60 kHz. Let’s 
assume that the second harmonic is 20 dB below the 
fundamental, i.e., 10% distortion, and the third 
harmonic is 40 dB 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. 

 

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

In conventional distortion measurements, harmonics 
are plotted at the stimulus frequency, then the 
harmonic level is compared to the stimulus level at 
the stimulus frequency. This is shown in Figure 3 and 
represented mathematically in Equation 1. 
 
 

 

Equation 1. Conventional THD calculation. 

 
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. 

 

Figure 3. The effects of aligning harmonics with the 
stimulus before calculating THD. 

 
Even though Figure 2 shows that the second harmonic 
is uniformly 20 dB down, when calculated this way, 
the distortion appears much higher at low frequencies 
because the fundamental rolls off sooner. Instead of 
being -20 dB (or 10%) at 20 Hz, it’s actually only -3 
dB, which equals 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 -30 dB, or 3.1%, 
rather than -20 dB (10%). 
 
In the pass-band region, the distortion may be under 
or overestimated, particularly around resonances and 
reflections, where the calculation differences are 
more pronounced. This isn’t limited to the second 
harmonic; it is the same for the 3rd and any 
subsequent harmonics, and all these differences 
compound.  
 
To truly understand what is causing distortion, linear 
and non-linear behavior need to be separated. This is 
simple with a small change in the order of operation 
when the THD is calculated. 
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In normalized distortion, rather than plotting the 
harmonics at the stimulus frequency and comparing 
their level to the fundamental level at the stimulus 
frequency, the order is reversed. The harmonic is 
compared to the fundamental level at their actual 
measured frequencies to calculate the percentage 
distortion, and then plotted at the stimulus frequency. 
This is shown in Figure 4. This is calculated using the 
formula shown in equation 2. 

 

Figure 4. Normalized distortion calculates the 
difference in harmonic levels compared to the 

fundamental before alignment with the stimulus. 

 

 

Equation 2. Frequency Normalized THD calculation. 

 
As Figure 4 shows, the distortion calculations exactly 
match the actual distortions shown in Fig 2, and the 
calculated distortion response is not affected by the 
linear response of the fundamental. This makes any 
distortion non-linearities clearly visible. 
 
In addition to removing the influence of the linear 
frequency response on the calculated distortion, this 
method also minimizes the influence of room 
reflections. This enables measurement of free-field 
harmonic distortion in a regular untreated room with 
reflections - a particularly useful technique when 
measuring in a reflective environment like a car. 
 

3 Reflections Affecting THD 
Measurements 

Acoustic reflections inside the vehicle’s cabin 
significantly impact frequency and harmonic 
distortion responses. Figure 5 shows a conventional 
in-cabin acoustic measurement of a well-regarded 

infotainment system, using a continuous sine sweep 
at a level to achieve a spatial average of 90dBA SPL.  
 
The measurement was made using the TC-AA 
recommended 6-microphone array in the driver’s 
seat, but only the measurement from a single 
microphone – microphone #1 is shown. The strong 
influence of the reflections in the car’s cabin on the 
measured fundamental and harmonic responses is 
clear. By plotting the harmonics at their measured 
frequencies, one can see that many of the cabin 
acoustic reflections are present in both the 
fundamental and harmonics. The cabin reflections 
should occur at the same times and frequencies in 
both the fundamental and harmonics since they travel 
the same acoustic paths from the loudspeakers to the 
individual microphones in the 6-microphone array. 
 

 

Figure 5. Fundamental and 2nd & 3rd harmonics 
plotted at their measured frequencies. 

 
Figure 6 shows the total harmonic distortion 
calculated both the conventional way and using 
frequency-normalized distortion. Conventional THD 
underestimates the severity of the distortion at 265Hz 
and also indicates another peak at 315Hz, which is 
likely due to a reflection. 
 

 

Figure 6. Comparison of conventional THD in red 
and frequency-normalized THD in blue at 

Microphone 1. 
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Figure 7. Conventional THD for all 6 TC-AA 
microphone positions, plus spatial average. 

 

In Figure 7, both the non-flat frequency response and 
cabin reflections influence the calculated THD, and 
the conventional THD curves look “noisy” due to 
reflections, especially around 300Hz, where they 
show multiple peaks. 
 
Fig. 8 shows the same data plotted as frequency 
normalized distortion. When normalized, a strong and 
clear THD peak is shown at 265Hz. The nTHD curves 
also appear less noisy and more precise than the THD 
curves. 
 

 

Figure 8. Frequency-Normalized THD for all 6 TC-
AA microphone positions, plus spatial average. 

 

It should be noted that the single-microphone 
measurement correlates well with the six-microphone 
array measurement, both showing a peak at 265Hz. 
While the 6-microphone array has been well 
demonstrated to best represent the average human 
listener [1,2,3], the similar result obtained using a 
single microphone with normalized distortion 
indicates that when normalized distortion is used, a 
single microphone is sufficient for accurate nTHD 
measurements. This significantly reduces the cost and 
speed of measurement setup and is likely to prove 
popular for end-of-line test applications. 

Fig. 9 verifies this distortion peak by playing a single-
tone sine wave at 265Hz and superimposing a 
masking curve. The masking curve combines the 
threshold-of-hearing with tonal masking to accurately 
represent human hearing. There are multiple audible 
harmonics above the masking curve, clearly 
indicating Rub & Buzz distortion, which is 
perceptually very harsh-sounding [6]. 

 

 

Figure 9. Microphone 1 Spectrum and Masking 
curve in orange for a 267Hz sine wave input at 80dB 

SPL. 

 

4 System Integrity Measurements using 
Impulsive Distortion 

Infotainment system sound quality is sometimes 
limited by vehicle integrity, for example the speakers 
may cause door panels, loose wire harnesses, 
fasteners, etc. to vibrate. This results in audible Buzz, 
Squeak and Rattle which degrades the listener 
experience. Before performing the system 
characterization measurements described above, it is 
advisable to ensure the infotainment speakers are 
properly installed in the vehicle using an impulsive 
distortion measurement. This test may also be used as 
an end-of-line check to verify vehicle integrity. 
 
The AES White Paper [1] recommends evaluating 
impulsive distortion at 80 and 90dBAa with a Crest 
Factor measurement using a logarithmic sine sweep 
and a tracking high-pass filter ten times greater than 
the stimulus frequency. The crest factor is the ratio of 
Peak to RMS level. A sine wave has a crest factor of 
3dB. Pink noise has a crest factor of about 12dB. 
Transients, e.g. rattling wires, loose fasteners, and 
background noise, typically have a crest factor greater 
than 8dB. A crest factor greater than 3dB may 
indicate buzz, squeak, or rattle. However, background 
noise, especially in a noisy factory, may result in 
similar crest factor results, so it is important to 
minimize environmental noise and ensure that the 
results correlate with what is heard.  
 



Temme Overcoming Challenges of Measuring Distortion Audibility in Vehicles 

 

AES 2026 International Conference on Automotive Audio, Detroit, MI, USA 
2026 July 29-31 

Page 6 of 7 

Here we compare crest factor measurements to both a 
Perceptual Rub & Buzz algorithm [7] designed to 
identify audible Rub & Buzz distortion, and a Loose 
Particle detection algorithm [8] that detects transient 
distortion using time-domain analysis. 
 
Perceptual Rub & Buzz measurements use masking 
curves to simulate the performance of the human ear 
and measure only audible distortion. This 
measurement technique offers two advantages over a 
crest factor measurement: it is less sensitive to 
background noise, and it only highlights Rub & Buzz 
that is audible to humans.  
 
Perceptual Rub & Buzz and Impulsive Distortion 
(crest factor) were measured simultaneously with the 
6 mic array in a quiet environment with the car's 
HVAC turned off. Since there were no audible or 
measurable Buzz, Squeak and Rattle at 80dBA in this 
car, it was re-measured at 90dBA, where the 
distortion became audible. 
 
Perceptual Rub & Buzz, like normalized THD, is also 
very effective at separating linear from non-linear 
distortion. This means the measurements at each of 
the six microphones are very similar, so using just one 
microphone is adequate. Results in Figure 11 show 
noticeable bumps around 65Hz, 280Hz, 325Hz, and 
2kHz, which were clearly audible during the sine 
sweep measurement. 
 

 

Figure 10. Crest factor in green and perceptual Rub 
& Buzz in red at 90dB SPL for Microphone 1. 

 
The crest factor method also reveals peaks at the same 
frequencies, but with significantly lower dynamic 
range due to background noise, even at the relatively 
quiet ambient level of 54 dBA measured in the car. 
These measurements were made with the HVAC 
turned off in a quiet garage; the peaks may be 
impossible to distinguish in a noisier environment 
such as a factory production line. Furthermore, 
because the crest factor method uses a high-pass filter 
with a cutoff frequency ten times higher than the 
stimulus frequency, it is challenging to detect 

transients above 1 kHz, where the infotainment 
system's output starts to roll off at 10 kHz.  
 
Transient distortion versus time measurement [8,9] 
reveals loose particles or rattling wires in the car with 
greater precision than frequency response since it 
tracks individual time events. Crest factor will also 
catch transients, but it uses a running average, which 
will smooth out some of the transients by the very 
nature of its calculation. 
 

 

Figure 11. Time transients of impulsive distortion at 
90dB SPL for Microphone 1. 

 

Figure 11 shows the time transients that occur during 
the high-resolution sine sweep for the same 
measurements above. Since taking a spatial average 
with a 6-microphone array tends to smear together 
transient events occurring at slightly different arrival 
times for each microphone, it is better to examine one 
microphone measurement at a time. A constant 
background noise is shown as a steady noise floor, 
and transient events appear as spikes along the time 
axis. There are a few random background noise 
transients that can be disregarded, at the beginning 
before 2 seconds (high frequencies above 1kHz) and 
at the end after 11 seconds (low frequencies below 
50Hz).  The more interesting transients are clustered 
around 7 seconds or 70Hz. 

 

Figure 12. Time transients of impulsive distortion at 
90dB SPL  

 

Figure 12 shows a zoomed-in view of the transients 
in the 7-8 second range, which correlates to the 
frequency around 70Hz, where both Rub & Buzz 
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distortion and crest factor show a strong peak. The 
transient spikes are evenly spaced, indicating high-
order Rub & Buzz harmonics which are periodic. The 
loose particle algorithm detects both random 
transients as well as periodic distortion, 
distinguishing the type of distortion or defect. 
However, Perceptual Rub & Buzz is better at 
indicating the severity of periodic harmonic distortion 
because it applies loudness and masking curves to 
correlate better with human hearing. 

 

5 Conclusions 
Distortion is an important metric for assessing the 
quality of automotive infotainment systems, 
especially for system integrity on a factory production 
line. Up until now, people have generally spatially 
averaged in-car measurements to minimize the effects 
of reflections. However, spatial averaging does not 
work well with harmonic distortion as it confuses 
reflections with distortion, concealing artifacts that 
would provide valuable insight into the system 
properties. 
 
Here we have demonstrated, using a single 
microphone in an automotive cabin, that frequency-
normalized distortion, in which harmonics at their 
measured frequency are compared to the fundamental 
level at the same frequency before plotting their 
percent distortion at the stimulus frequency, 
minimizes the effects of reflection. Furthermore, we 
have demonstrated that when this method is used 
prior to calculating the spatial average across six 
microphones, the results correlate well with 
perceptual distortion metrics. 
 
We have also demonstrated that since normalized 
THD measurements remove reflections, the same 
result can be obtained with a single microphone as a 
six-microphone array. While additional research is 
necessary to evaluate other distortion parameters, this 
indicates that for some end-of-line measurements, a 
single microphone may present a simple, cost-
effective alternative to a 6-microphone array. 
 
While Crest Factor analysis is recommended by the 
TC-AA for transient distortion measurements, noisy 
environments can mask the results, impacting its 
reliability. Two alternative methods demonstrate 
good correlation with crest factor analysis but provide 
clearer results and better noise immunity. Perceptual 
Rub & Buzz clearly indicates harmonic distortion, 
and Loose Particle analysis detects both transient and 

periodic distortion. A further advantage of these two 
methods is that, as well as identifying the presence of 
distortion, they provide insight into whether the 
distortion is harmonic or transient. This helps identify 
the origin and audibility of the distortion and 
accelerates troubleshooting. 
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