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Abstract Dynamic loudspeakers introduce distortion into reproduced auditory signal, especially in case of 
operation with high power or low frequency. Assessment of distortion by measuring current of voice coil 
should allow to compensate or prevent the product of distortion. The paper contains a comparison of 
displacement capture by optical triangulation displacement sensor, acoustic signal acquired using 
microphone, voltage and current. In case of processing low frequency signals, acoustic signal captured by 
microphone is dominated by harmonics of the fundamental frequency, and the laser displacement sensor 
provides more accurate information about the diaphragm displacement. Harmonics recorded in current 
have the same character as the displacement signal for low frequency, but for frequencies above the 
resonance, acoustic signal is a better source of displacement information. 
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1. Introduction 

All dynamic loudspeakers introduce distortion into reproduced auditory signal. Depending on application, 
some distortion may be acceptable, contributing to characteristic coloration of sound [1]. That is why it is 
sometimes proposed to evaluate audio system using not synthetic, but music signals [2], and to apply 
auralization technique for evaluating nonlinear distortion in a subjective manner [3]. However, this kind of 
evaluation is easily influenced by other, non-technical factors [4,5]. Therefore, most works concentrate on 
objective measures and consider linear response of a loudspeaker as a desired behaviour, proposing various 
techniques to identify nonlinear effects and to help avoid or minimise them. 

Klippel and Seidel [6] propose studying distortion in time domain using five measures to acquire both 
amplitude and phase information. It would allow to observe the distortion dependency on frequency, 
displacement, and other state variables. Displacement is assumed to be similar to the sound pressure in the 
near field. They also point possible sources of linear and nonlinear distortion, dividing the latter into located 
in the electro-mechanical part, triggered by improper functioning of the speaker, and not reproducible 
random distortion. Earlier work of Klippel [7] discusses modelling of nonlinear system to predict phase and 
amplitude response. In later work [8] a broader group of transducers is discussed and simulations are 
introduced to identify symptoms of particular distortions. A particular example is the compensator that 
considers nonlinear viscoelasticity of the suspension, discussed by Tian et al. [9]. Further application of 
modelling is presented by Iwai and Kajikawa [10]. They model nonlinear distortions to design a 3rd-order 
IIR filter, which compensates for distortions of a loudspeaker. Other attempts include works of Kajikawa 
[11], Schneider et al. [12], and Kaizer [13]. 

Optical sensors can be applied to measure vibration of a loudspeaker cone, as discussed by Hernandez 
et al. [14] or Klippel and Schlechter [15]. In the latter work, a scanning vibrometry is considered as an 
alternative to Doppler interferometry. Through applying a mechanical scanning system with rotational and 
linear actuators it is possible to analyse not only surround resonance, but also rocking and break-up modes. 
A similar method is presented in the work of Bellini et al. [16], but here the laser Doppler vibrometer is 
applied. Other laser-based approaches are presented in works of Moreno, Bog and Medina [17,18]. 

Loudspeakers can be characterised using Thiele/Small parameters [19]. Geiger [20] uses these 
parameters to design a closed loop system based on optical linear displacement sensor and voltage-
controlled current source. The loop allows to control loudspeaker cone motion, and in turn, to reduce 
harmonic distortion. Pillonnet et al. propose to reduce distortion by directly controlling coil current [21].  
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In this approach no optical sensor is used, and the loudspeaker operation is controlled on the basis of large 
signal impedance model. Nonlinear inductance of voice coil is modelled and studied in the work of Dobrucki 
et al. [22], and the effect is considered a significant source of intermodulation distortion. Adaptive nonlinear 
control of loudspeakers is also considered in older works of Klippel [23,24]. 

Applying optical sensors is an effective way to observe and control loudspeaker operation. However, it 
is better suited for research purposes and may not be a practical approach in typical use cases, where 
additional equipment cannot be mounted on the speaker. Even though loudspeaker models can work, and 
improve distortion behaviour without direct, optical displacement or velocity information, using only 
electric parameters, optical sensors can be used for validation of such systems. Bai and Lee present 
sensorless, DSP-based observer to determine a speaker cone velocity, and compare it to measurements 
conducted using laser vibrometer [25]. 

Nonlinear behaviour of loudspeakers can be minimised by improvements within transducers only up to 
a certain point. Further improvements require better understanding and identification of nonlinear effects, 
and ability to design numerical models controlling adaptive linearisation systems. Models require 
information regarding loudspeaker state and operation. This kind of information can be obtained by 
measuring electric quantities, analysing acoustic signal, or using optical sensors. While all of these are 
possible in the laboratory, under real use conditions optical sensors, which can provide the most 
comprehensive data, are difficult to apply. Therefore, it is important to be able to substitute one kind of 
measurement with another, easier to carry out. 

This work presents a set of measurements carried out using three techniques: acoustic, electric, and 
laser displacement sensor. Results in the form of time-domain signal waveforms, spectra, and harmonic 
distortion are compared for different signal levels and frequencies. Differences are discussed, so knowledge 
about area of applicability can be used to choose the most accurate method to observe nonlinear behaviour 
of loudspeakers depending on signal parameters. 

2. Materials and Methods 

The aim of the experiment was to capture, analyse and compare three types of loudspeaker response: 
acoustic signal, diaphragm movement, and voice coil current for variable power of the processing signal and 
variable frequency, especially low frequency. The experiment contains measurements of displacement 
captured by the laser displacement sensor, the acoustic signal captured by the condenser microphone, the 
voltage, and the current in the loudspeaker circuit. The current and movement of the diaphragm 
coincidence will be used to observe distortion in sound generated by loudspeakers without additional 
sensors. 

2.1. Test stand 

The experimental setup was presented in Figure 1, consisting of a laser displacement sensor, condenser 
microphone, data acquisition card, and audio interface. The equipment is listed in Table 1, and its 
parameters are given in Table 2. The current measurement was obtained by measuring the voltage across 
a 0.2 [Ω] resistance. The voltage was measured directly on the loudspeaker connector, so the true value of 
the voltage was measured. The additional series resistance leads to a worse damping factor, but its value is 
minor and can be considered equivalent to the wire resistance in practical applications. The measurement 
based on a triangulation laser displacement sensor provides a voltage signal of displacement. The principle 
of measurement was presented in Figure 2. This type of transducer measures displacement, as opposed to 
an optical vibrometer, which measures acoustic velocity. The measurements were carried out in the 
electronics laboratory, which was not adopted acoustically, but the test stand was outfitted with acoustic 
absorption materials, with the aim of preventing the first acoustic reflection. The measurement point was 
located in the center of the dust cap, marked with a red dot in Figure 4. The picture of the loudspeaker under 
test is presented in Figure 3. 
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Figure 1. The test stand diagram. 

 
Figure 2. The displacement laser sensor diagram. Source: elaboration of the author, based on [26]. 
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Figure 3. The test stand with the loudspeaker. 

 
Figure 4. The dimensions of the diaphragm with the position mark of the measurement point. 

Table 1. Apparatus used. 

Device Manufacturer Model 

Data acquisition card National Instruments 9215 
Laser displacement sensor Micro-Epsilon ILD2300-50 
Controller, D/A converter Micro-Epsilon CSP2008 
Audio power amplifier Park Audio CF700-4 
Microphone Audix TM1PLUS 
Audio interface RME FIREFACE UC 
Loudspeaker Faital-Pro 3FE25 
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Table 2. Operating parameters. 

Device Parameters 

Data acquisition card sampling frequency: 110497 Hz per channel, 
input range: ±10 V. 

Laser displacement sensor sampling frequency: 49000 Hz, 
input range: 24.225 ÷ 39.225 mm (0.75 mm/V). 

Controller, D/A converter 
input sampling frequency: 49000 Hz, 
output sampling frequency: 100000 Hz, 
output range: −10 ÷ +10 V (0.75 mm/V). 

Audio power amplifier 

AB class power amplifier, 
power rating: 2 х 220 W @  8 Ω, 
frequency range(0, - 0.2 dB): 20 ÷ 20000 Hz, 
total harmonic distortion ( 1kHz ): -90.5 dB, 
total harmonic distortion ( 20Hz…20kHz ): -74.0 dB, 
sensitivity: 0.775 V, 
SNR: 100 dB, 
slew rate: 40 V/µs. 

Microphone sensitivity: 6.4 mV/Pa @ 1kHz, 
frequency response: 20 ÷ 25000 Hz ± 2 dB. 

Audio interface sampling frequency: 44100 Hz, 
microphone input gain: −18 dB. 

Loudspeaker 

nominal diameter: 80 mm, 
frequency range: 100 ÷ 20000 Hz, 
maximum power handling: 40 W, 
maximum excursion: 1.83 mm, 
maximum excursion before permanent damage: 7.9 mm [27], 
inner dimensions of cabinet: 157 × 88 × 80 mm, 
volume of cabinet: 1.11 dm3, 
type of cabinet: closed, 
resonance frequency: 180 Hz. 

3. Methods 

The aim of the experiment was to capture, analyse and compare three types of loudspeaker response: 
acoustic signal, diaphragm movement, and voice coil current for variable power of the processed signal, and 
variable frequency, especially low frequency. It should allow us to predict displacement distortion by 
analysing the current and voltage in the loudspeaker circuit. The low frequency band is assumed to be one 
octave below, up to one octave above the resonance frequency, for the scope of this study (90 ÷ 360 Hz). 

A specific test signal was required due to specific test conditions. The displacement value of the 
diaphragm was close to the maximum excursion before damage to the suspension or voice coil. For higher 
frequencies, the current carried by the voice coil causes a growth of temperature, which could lead to 
overheating. Therefore, the excitation signal was a sine wave of approximately 300 ms duration containing 
full sine periods to avoid discontinuity spikes at the end and beginning. The excitation signal contained  
a break to cool the voice coil, to prevent damage, after each 300 ms signal block. The maximum voltage level 
at 0 dB was 68.94 V peak-to-peak (reference value). Measurements were carried out for levels: 0, −3, −6, −9, 
−12, −18, −24, −30, and −36 dB. Frequencies ranged from 53 to 4220 Hz at 1/6 octave resolution. The time 
delay in the displacement signal is caused by digital processing in the laser sensor equipment, whereas the 
acoustic signal delay is due to the time it takes for the acoustic wave to propagate between the loudspeaker 
and the microphone. An example of captured signals is presented in Figure 5. The time shifts of the signals 
have been compensated for easier comparison of waveform shape. The time delay was calculated based on 
cross-correlation. 
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Figure 5. The waveforms recorded for the maximum power of excitation signal – full 300 ms block.  

The waveforms placed above represent the displacement and acoustic signals,  
while the waveforms placed below represent the voltage and current. 

 
In this study, the focus was on measuring the displacement of the diaphragm because, in the low-

frequency range (below resonance frequency) and within the linear operating range, the excursion is 
proportional to the force acting on the diaphragm: 

 

|𝐱𝐱| ∝ |𝐅𝐅𝒄𝒄|𝐶𝐶𝑚𝑚𝑚𝑚 , (1) 

where: x [mm] – excursion of the voice coil, Cms [mm/N] – mechanical compliance of the loudspeaker 
suspension. 

Moreover, Fc – force acts on voice coil as proportional to current: 

|𝐅𝐅𝒄𝒄| = 𝐵𝐵𝐵𝐵𝑖𝑖𝑐𝑐  , (2) 
where: Bl [N/A] – force factor, ic [A] – electric current in the voice coil. 

The power spectral density (PSD) plots presented were computed using the Blackman window with a 
length of 32768 samples. The centre of the window was located at the midpoint of the duration of the 
excitation signal. 

Total harmonic distortion (THD) was calculated using the following expression:  

THD =  20 log10
�∑ 𝑈𝑈𝑘𝑘

2𝑛𝑛
𝑘𝑘=2

𝑈𝑈1
 , (3) 

where: U1 – effective value of the fundamental component, Uk – effective value of the kth harmonic 
component, k – index of harmonic component, in range from 1 to 7. 
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4. Results 

As we can see in Figures 5 and 6, the waveforms captured using three different methods have different 
shapes. Particularly for a frequency of 67 Hz and level of 0 dB, the fundamental frequency is unnoticeable 
in the acoustic signal. In Figure 7 the fundamental frequency is weaker than harmonics that are the result 
of the distortion. The loudspeaker efficiency at 67 Hz is small, due to the dimensions of the diaphragm 
being significantly smaller than the wavelength. 

 
Figure 6. The waveforms recorded for the maximum power of excitation signal. The waveforms placed 

above refer to the displacement and acoustic signal, placed below current and voltage. 

In Figure 5 a slow-changing displacement is visible; this phenomenon is described in [28, 29]. This 
phenomenon is shown in Figure 12 for a frequency of 750 Hz. The left part of Figure 12 presents waveforms 
for a series of signal excitation levels, and the right part presents displacement of the middle point of 
oscillation, determined by moving mean. As the level of the excitation signal increases, the slow-changing 
displacement caused by the resistance force increases as well. 

Figures 7, 8, 9, 10 show PSD for frequencies 67, 188, 299, and 473 Hz. For all types of signal, the 
relationship of the levels of second and third harmonics is similar, and it can be observed in current as well. 
For a frequency of 473 Hz the amplitude of oscillation is small, and levels of harmonics are close to the level 
of noise floor.  

Figure 11 shows the variability of THD value for different levels of excitation and frequencies. Acoustic 
signal and current have a similar character, but THD of current reach maximum for resonance frequency 
response, because the fundamental frequency is smallest in the resonance state. 
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Figure 7. PSD of recorded signals: displacement, acoustic, voltage, current. Frequency 67 Hz, level 0 dB. 

 
Figure 8. PSD of recorded signals: displacement, acoustic, voltage, current. Frequency 188 Hz, level 0 dB. 
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Figure 9. PSD of recorded signals: displacement, acoustic, voltage, current. Frequency 299 Hz, level 0 dB. 

 
Figure 10. PSD of recorded signals: displacement, acoustic, voltage, current. Frequency 473 Hz, level 0 dB. 
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Figure 11. THD determined for 7 harmonics. THD is given in dB, frequency ranges from 53 to 1060 Hz, 

levels of excitation: 0, −6, −12, −24 dB. 

 
Figure 12. The displacement waveform for the frequency of 750 Hz, left: without low-frequency filtering, 

right: obtained by use of moving mean. 

5. Conclusions 

The laser displacement sensor works well in the range of low frequencies and slowly changing 
displacements, where the acoustic velocity is small but the displacement is relatively high. As can be seen 
in Figure 5, the slow build-up of displacement caused by reluctance force cannot be observed in acoustic 
signal or current. This displacement of the vibration midpoint is important for the linear range of the 
diaphragm movement, as it introduces asymmetry to the force action.  It is possible to observe the level of 
distortion by measuring harmonic content in the voice coil current, but the distortion analysis may become 
less accurate for frequencies close to the resonance frequency.  

The laser displacement sensor is applicable for measuring distortion at frequencies lower than the 
resonance frequency, where the processing efficiency of the loudspeaker is notably lower compared to the 
band above the resonance frequency. For higher frequencies, the method based on the microphone is more 
appropriate. The authors of the papers [14, 15] use laser displacement sensors to determine the parameters 
used in the models. As presented in this paper, the measurement of signal containing components above 
the resonant frequency is not very accurate due to the insufficient resolution of the triangulation sensors. 
This is confirmed by the waveforms recorded in Hernandez et al. work [14]. The main limitation of the 
displacement measurement method is the real resolution of the sensor. The displacement amplitudes for 
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higher frequencies are smaller; as a result, the value of the displacement signal-to-noise ratio is lower for 
higher frequencies, leading to an overstatement of the value of harmonic components. Above the resonance 
frequency, the level of distortion increases with decreasing signal level and increasing frequency, opposite 
to distortions in acoustic signal. For frequencies higher than resonance, the THD characteristics for acoustic 
and current signals exhibit similarities. However, at the resonance frequency, the current component 
achieves a minimum value, while displacement maintains a high amplitude. The products of displacement 
distortions contribute significantly to the current, resulting in the current THD characteristic reaching  
a maximum value.  These phenomena can be observed in Figure 11.  

Regarding the issue of area of applicability mentioned in the introduction, the method based on the 
microphone is the best method for frequency above resonance. The method based on measurement 
displacement provides good results for frequencies below resonance, where the sensitivity of transducers 
is poor. Similarly to a microphone or displacement sensor, the method based on the current of the voice coil 
does not ensure accurate information about the level and pattern of distortion, but it does not require 
additional technical solution. The amplifier can be easily equipped with current measurement facilities, it 
does not require additional units in the loudspeaker cabinet. Therefore, the authors propose to use voice 
coil current, as source information about the state of the loudspeaker.  

Based on studies by Pillonnet et al. [21], it was demonstrated that changing the method of supplying 
voltage to current can reform the processing process. In this paper, we show that the acoustic and 
displacement products of the distortion are correlated with current distortions. This leads to conclusion 
that the signal of current contains information about distortion. Such information can be used to filter the 
signal in a way that, while maintaining the amplifier's configuration as a voltage source, reduces distortions 
occurring in the current.  

Acknowledgements 

This research was funded by the Department of Mechanics and Vibroacoustics of AGH University of Science 
and Technology in Cracow, Poland, grant number 16.16.130.942 

Additional information 

The author(s) declare: no competing financial interests and that all material taken from other sources 
(including their own published works) is clearly cited and that appropriate permits are obtained. 

References  

1. M.A. Boer, A.G.J. Nijmeijer, H. Schurer, W.F. Druyvesteyn, C.H. Slump, O.E. Herrmann; Audibility of 
Nonlinear Distortion in Loudspeakers; Audio Engineering Society Convention Paper presented at the 
104th Convention, Amsterdam, The Netherlands, 16–19 May 1998 

2. W. Klippel, S. Irrgang; Audio System Evaluation with Music Signals; Audio Engineering Society 
Convention, The Conference on Automotive Audio, Burlingame, San Francisco, CA, USA, 8–10 
September 2017 

3. W. Klippel; Speaker Auralization – Subjective Evaluation of Nonlinear Distortion; Audio Engineering 
Society Convention; The 110th Convention, Amsterdam, The Netherlands, 12–15 May 2001 

4. N. Dourou, V. Bruschi, S. Spinsante, S. Cecchi; The Influence of Listeners’ Mood on Equalization-Based 
Listening Experience; Acoustics, 2022, 4, 746–763; DOI: 10.3390/acoustics4030045 

5. P. Yu, S. Zhang, X. Feng, Z. Liu, Y. Shen; Selecting Program Material by Audio Features for Low-
Frequency Perceptual Evaluation of Loudspeakers; Appl. Sci., 11, 2021, 2302; DOI: 
10.3390/app11052302 

6. W. Klippel, U. Seidel; Measurement of Impulsive Distortion, Rub and Buzz and other Disturbances; 
Audio Engineering Society Convention, The 114th Convention, Amsterdam, The Netherlands, 22–25 
March 2003 

7. W. Klippel; The Nonlinear Large-Signal Transfer Characteristics of Electrodynamical Loudspeakers at 
Low Frequencies; Audio Engineering Society Convention, The 90th Convention, Paris, France, 19-22 
February 1991 

8. W. Klippel; Tutorial: Loudspeaker Nonlinearities—Causes, Parameters, Symptoms; J. Audio Eng. Soc., 
2006, 54(10), 907–939 

9. X. Tian, W. Liu, X. Feng, Y. Shen; Compensation of Nonlinear Distortion in Loudspeakers Considering 
Nonlinear Viscoelasticity of the Suspension; J. Audio Eng. Soc., 2021, 69(3), 204–210 



 

12 of 12 

Vibrations in Physical Systems, 2023, 34(2), 2023203 DOI: 10.21008/j.0860-6897.2023.2.03 

10. K. Iwai, Y. Kajikawa; Linearization of Dynamic Loudspeaker System Using Third-Order Nonlinear IIR 
Filter; Proceedings of the 20th European Signal Processing Conference (EUSIPCO 2012), Bucharest, 
Romania, 27-31 August 2012 

11. Y. Kajikawa; Linearization Ability Evaluation of Nonlinear Filters Employing Dynamic Distortion 
Measurement; Proceedings of the IEEE International Conference on Acoustics, Speech and Signal 
Processing (ICASSP), Prague, Czech Republic, 22-27 May 2011 

12. H. Schneider, F. Agerkvist, A. Knott, M.A.E. Andersen; Investigation of Current Driven Loudspeakers; 
Audio Engineering Society Convention, The 138th Convention, Warsaw, Poland, 7-10 May 2015 

13. A.J.M. Kaizer; Modeling of the Nonlinear Response of an Electrodynamic Loudspeaker by a Volterra 
Series Expansion; J. Audio Eng. Soc., 1987, 35(6), 421–433 

14. D. Hernandez, Y.M. Yu, J. Huang; Nonlinear Parameters Identification of Moving Coil Miniature 
Loudspeakers; Proceedings of the 2nd International Conference on Frontiers of Sensors Technologies, 
Shenzhen, China, 14-16 April 2017 

15. W. Klippel, J. Schlechter; Measurement and Visualization of Loudspeaker Cone Vibration; Audio 
Engineering Society Convention, The 121st Convention, San Francisco, CA, USA, 5-8 October 2006 

16. M.C Bellini, L. Collini, A. Farina, D. Pinardi, K. Riabova; Measurements of Loudspeakers with a Laser 
Doppler Vibrometer and the Exponential Sine Sweep Excitation Technique; J. Audio Eng. Soc., 2017, 
65(7/8), 600–612 

17. J. Moreno, H. Bog; Measurements of Loudspeaker Parameters Using a Laser Velocity Transducer – An 
Improved Method; Audio Engineering Society Convention, The 91st Convention, New York, USA, 4-8 
October 1991 

18. J. Moreno, R. Medina; Measurement of Loudspeaker Parameters Considering a Better Fitting for the 
Mechanical Impedance – A Fast Way to Do It; Proceedings of the AES 51st International Conference, 
Helsinki, Finland, 22-24 August 2013 

19. J.C. Struck; ZFIT: A MATLAB Tool for Thiele-Small Parameter Fitting and Optimization; Audio 
Engineering Society Convention, The 129th Convention, San Francisco, CA, USA, 4–7 November 2010 

20. W. Geiger; Servo Control of Loudspeaker Cone Motion Using an Optical Linear Displacement Sensor;  
J. Audio Eng. Soc., 2005, 53(6), 618–524 

21. G. Pillonnet, E. Sturtzer, T. Rossignol, P. Tournier, G. Lemarquand; Distortion Improvement in the 
Current Coil of Loudspeakers; Audio Engineering Society Convention Paper presented at the 134th 
Convention, Rome, Italy, 4–7 May 2013 

22. A. Dobrucki, B. Merit, V. Lemarquand, G. Lemarquand; Modeling of the nonlinear distortion in 
electrodynamic loudspeakers caused by the voice-coil inductance; Proceedings of the 10ème Congrès 
Français d’Acoustique, Lyon, France, 12-16 April 2010 

23. W. Klippel; Direct Feedback Linearization of Nonlinear Loudspeaker Systems; Audio Engineering 
Society Convention, The 102nd Convention, Munich, Germany, 22–25 March 1997 

24. W. Klippel; Adaptive Nonlinear Control of Loudspeaker Systems; J. Audio Eng. Soc., 1998, 46(11), 939–
954 

25. M.R. Bai, C.C. Lee; DSP-based Sensorless Velocity Observer with Audio Applications in Loudspeaker 
Compensation; Audio Engineering Society Convention Paper presented at the 118th Convention, 
Barcelona, Spain, 28-31 May 2005 

26. Instruction Manual optoNCDT 2300; https://www.micro-epsilon.com/download/manuals/man--
optoNCDT-2300--en.pdf (accessed on 2023.02.15) 

27. Faital Pro 3EF25; 
https://faitalpro.com/en/products/LF_Loudspeakers/product_details/index.php?id=401000150 
(accessed on 2022.12.08) 

28. A. Dobrucki; Constant Component of the Loudspeaker Diaphragm Displacement Caused by Non-
Linearities; Audio Engineering Society Convention, The 84th Convention, Paris, France, 1-4 March 
1988 

29. J.F. Lazar, P.M. Brunet; Reluctance Force Compensation for the Nonlinear Control of a Loudspeaker; 
Audio Engineering Society Convention, The 149th Convention, Online, 21-24 October 2020 

 
© 2023 by the Authors. Licensee Poznan University of Technology (Poznan, Poland). This article is an open 
access article distributed under the terms and conditions of the Creative Commons Attribution (CC BY) 
license (http://creativecommons.org/licenses/by/4.0/). 


	1. Introduction
	2. Materials and Methods
	2.1. Test stand
	3. Methods
	4. Results
	5. Conclusions
	Acknowledgements
	This research was funded by the Department of Mechanics and Vibroacoustics of AGH University of Science and Technology in Cracow, Poland, grant number 16.16.130.942
	Additional information
	References

