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Abstract— This paper presents a comparative analysis of a 

theoretical lumped parameter model used to compute the acoustic 

impedance of a loudspeaker placed in closed enclosure, which acts 

as a low-frequency absorber. The analysis aims to validate the 

theoretical predictions by examining the system’s mechanical and 

acoustic parameters. The influence of diaphragm compliance, 

mass, and damping on acoustic impedance is explored. 

Additionally, an impedance tube measurement is used to 

experimentally verify the theoretical results. The methodology, 

measurement procedure, and laboratory setup are described in 

detail. Results indicate that the lumped parameter approach 

provides a reliable estimation for specific frequency ranges, with 

deviations attributed to non-ideal structural and material 

properties. 

Keywords—Sound waves, acoustic impedance, acoustics, 

resonator, sound absorption 

I. INTRODUCTION 

Low-frequency noise is one of the biggest challenges in 
acoustics today. Acoustic engineers dealing with noise in 
residential spaces near traffic or industry are faced with the 
problem of low-frequency noise that is not effectively attenuated 
by conventional building materials. Residents are thus disturbed 
even when complying with the regulations. Low-frequency 
sound also causes significant problems in small music studios 
and listening rooms, where standing waves and resonances 
significantly affect the frequency response of the room at low 
frequencies. Such example of standing wave problem can be 
seen in Fig. 1, which shows result of simulation used FDTD 
numerical method [1] for small shoebox-shaped room. 

Fig. 1. FDTD simulation of spatial distribution of sound field in horizontal 
plane for 2nd axial mode in y direction at 68 Hz in room with dimensions of 

5 x 4 x 3 m. 

Conventional porous absorbers, such as foam and fiberglass 
panels, become ineffective at low frequencies unless they are 
significantly thick, often exceeding 50 cm in depth [2]. This 
practical limitation necessitates the use of alternative solutions 
such as resonant absorbers, including Helmholtz resonators and 
membrane absorbers, which are specifically designed to target 
narrow frequency bands. However, precise design of such 
devices is somewhat difficult as not all of physical properties are 
known during their design and construction. On the other hand, 
the loudspeaker diaphragm has all its essential properties 
measured and provided by the manufacturer. Using these, the 
lumped parameter method can be used to successfully predict its 
absorptive properties. 

The effectiveness of these absorbers depends on their 
acoustic impedance, or more accurately, how well the 
impedance of loudspeaker diaphragm is matched to the acoustic 
impedance of air. Impedance matching is crucial for effective 
sound absorption of such device [3]. 

This work evaluates a theoretical lumped parameter model 

for predicting the acoustic impedance of a loudspeaker mounted 

on closed enclosure and compares it with experimental 

measurements conducted using an impedance tube setup. The 

impedance tube method allows precise measurement of the 

absorption characteristics of materials and structures within the 

low-frequency range, providing a reliable means of validation. 

II. LUMPED PARAMETER MODEL

A. Mechanical properties of loudspeaker

The lumped parameter model simplifies the complex vibration 

behaviour of translation mechanical system by assigning its 

physical properties to components of electrical circuit. Mass of 

the system translates to inductance, compliance translates to 

capacity and mechanical losses to resistance. Most loudspeaker 

manufacturers list these parameters as 𝑀ms, 𝐶ms and 𝑅ms.

𝑅ms is often not listed, however it can be calculated from

mechanical quality factor 𝑄ms as [4]:

𝑅ms =
2 𝑓s𝑀ms

𝑄ms
 () 
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where  𝑓s is resonant frequency of loudspeaker.

When loudspeaker is mounted onto enclosure, the air 

enclosed in the cavity acts as an additional compliance. This 

compliance is in this work noted as 𝐶enc . Value of this

compliance is calculated as  [5] 

𝐶𝑒𝑛𝑐 =
𝑉 

𝜌0c0
2 () 

where 𝜌0 is air density (1.29 kg/m3), 𝑐0 is speed of sound in

air (344 m/s ) and V is the enclosed volume behind the 

loudspeaker diaphragm. When all mechanical variables are 

known, then acoustic impedance of entire system can be 

calculated by solving equivalent circuit. The equivalent electro-

mechanical model of the circuit is shown in Fig. 2. 

Fig. 2 Equivalent electro-mechanic circuit model of loudspeaker driven by 

external acoustic pressure 

First, the acoustic impedance of the loudspeaker diaphragm 

itself must be calculated, which is done using 

𝑍𝑑 =
𝑅ms

𝑆d
+

j 𝜔 𝑀ms

𝑆d
+  

 1

j 𝜔 𝐶ms  𝑆d
 () 

where 𝜔 = 2π𝑓 is the angular frequency, j is imaginary unit 

and 𝑆d is the effective area of loudspeaker diaphragm.

After that, compliance of enclosure can be added using: 

𝑍lspk = 𝑍d + (
𝑆d

𝑗 𝜔 𝐶enc
) () 

Because, the whole resonant structure is placed and 

measured in impedance tube the of known cross-section area, 

as described in next part of this paper, it is important to take 

into account the transformation of acoustic impedance between 

the diaphragm surface and the cross-section area of the 

impedance tube. Acoustic impedance of the entire system is 

then calculated using [6]: 

𝑍x = 𝑍lspk (
𝑆0

𝑆d
) () 

where 𝑆0  is the cross-section area of the impedance tube.

Acoustic impedance of the entire system can be converted into 

absorption coefficient values using [7]: 

𝛼 =
4𝜌0  c0 𝑅𝑒(𝑍x)

( 𝜌0  c0 Re(𝑍x))2+( Im(𝑍x))2 () 

B. Prediction of absorption coefficient of real structure

Using the above equations, the absorption coefficient values 
were calculated for a specific loudspeaker type. The Dayton 
Audio PC105-8 was selected. Its mechanical parameters are 
listed in the table below. 

TABLE I Mechanical Properties of loudspeaker selected for verification 

Dayton PC105-8 

Table column subhead Symbol Value Unit 

Moving mass 𝑀ms 4.2 g 

Mechanical compliance 𝐶ms 0.84 mm/N 

Mechanical Quality factor 𝑄ms 2.29 - 

Resonant frequency  𝑓s 84.8 Hz 

Mechanical losses 𝑅ms 0.97 kg/s 

Diaphragm area 𝑆d 52.8 cm2 

The resulting absorption coefficient values for enclosure 

volume of 4 liters are shown in Fig. 3. 

Lumped parameter model allows quick investigation of 

influence of changes in the structure to final sound absorption 

coefficient values. For example, if an additional mass is added 

to the mass of the moving diaphragm, the effect on the resulting 

sound absorption coefficient can be determined. The 

calculation was performed for three different variants, each 

with an increasing mass of 2.5 g. (See in Fig. 4.) 

The values of the sound absorption coefficient do not reach 

the value of 1, because this is a calculation of acoustic 

impedance of the entire system. Only the area of the 

loudspeaker diaphragm is acoustically active, which is 

approximately 6% of the total cross-section area of the 

impedance tube. 

Fig. 3 Calculated sound absorption coefficient of complete system with 

Dayton PC105-8 placed in enclosure with volume of 4 liters 

           

 r            

 

 . 

 . 

 . 

 . 

 

S
 
 
 
 
 a
 
  

r 
 i
 
 
 
 
  
 i
 
i 
 
 
  
 

222



Fig. 4 Calculated sound absorption coefficients for different values of added 

mass 

III. VERIFICATION MEASUREMENTS

A. Measureement technique

Measurement using impedance tube method was conducted.

The impedance tube used in this study has a square cross-

section of 30 cm x 30 cm, that allows testing of larger samples. 

The impedance tube is made of MDF board with thickness of 

18 mm plated with 3 mm thick metal sheets. This ensures high 

reflection and sound insulation even for low frequencies. 

Driving loudspeaker is located on one side of the tube whereas 

a highly reflective surface, where specimen shall be placed, on 

the other. As illustrated in Fig.6. 

 
Fig. 5 Diagram of impedance tube that uses transfer function method of 

measurement of acoustic impedance 

 The impedance tube has two positions for microphones. 

The microphones pick up the acoustic pressure at their 

respective positions and then the transfer function between 

those two positions is calculated using   

𝐻12 =
𝑃2𝑃1

∗

𝑃1𝑃1
∗   () 

where 𝑃1 and 𝑃2 are Fourier transforms of acoustic pressures

acting on the microphones. The * symbol stands for complex 

conjugate [8].  𝐻12 is then used to compute the reflection

coefficient using 

𝑟 =
𝐻12−e−j𝑘0(𝑥1−𝑥2)

ej𝑘0(𝑥1−𝑥2)−𝐻12
e2j𝑘0𝑥1 () 

where 𝑥1, 𝑥2  are distances of microphones from the measured

sample, 𝑘0  is the wavenumber. The reflection coefficient is

then used to compute absorption coefficient using [8] 

𝛼 = 1 − |𝑟|2 () 

B. Measurement of sound absorption coefficients and

comparsion to theoretical model

A prototype was created for comparative measurement of the 
absorption coefficient. MDF board with thickness of 16 mm was 
used for the enclosure. The internal dimensions are 20 cm x 20 
cm x 10 cm and thus the volume is 4 liters. There are four 
openings for future experiments with coupled Helmholtz 
resonators, which were sealed with 3D printed plugs during the 
measurement. Its photograph is shown in Fig. 6. 

Fig. 6 Photograph of the absorber prototype. 

If we compare the calculated values of the absorption 
coefficient with the measured ones, a slight deviation can be 
observed, mainly in the shift of the resonant frequency towards 
higher values, see Fig. 7. This is probably due to the fact that the 
loudspeaker unit partially fills the internal volume of the 
enclosure. Therefore, the volume is actually slightly smaller 
than 4 liters, which leads to a decrease in compliance and 
therefore the resonant frequency increases. 

Furthermore, the maximum absorption value is slightly 
lower, which is probably due to additional losses inside the 
enclosure, since the volume of enclosure was represented only 
by ideal compliance without resistance which would include 
losses caused by leaks and other imperfections. Another reason 
for inaccuracies may be deviations in real TS parameters, which 
may be slightly different from the data provided by the 
manufacturer. 

However, these are relatively small deviations and this is a 
very promising initial step in the case of the design of a specific 
acoustic element. 
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Fig. 7 Comparison of measured and calculated absorption coefficients. Dotted 

line shows measured values. 

When additional weights are added to the theoretical model 
and to the prototype, then high accuracy of the prediction be 
observed when comparing measured and predicted values. It can 
even be observed that the deviation in both resonance frequency 
and maximum value of the absorption coefficient decreases in 
comparison with the initial state. (see Fig. 8) 

Fig. 8 Comparison of measured and calculated absorption coefficients with 

added mass. Dotted line shows measured values. 

IV. CONCLUSION

The lumped parameter model provides a useful 
approximation of the acoustic impedance of a loudspeaker 
diaphragm acting as a low-frequency absorber. This approach 
effectively captures the fundamental impedance characteristics 
at low frequencies, where mass, compliance, and resistance play 
a crucial role in defining the acoustic behaviour of the system. 
Acoustic impedance values are then used for prediction of 
absorption coefficients where theoretical predictions align well 
with experimental results obtained from the impedance tube 
setup, demonstrating the model's reliability for practical 
applications in low-frequency sound absorption. 

One of the key advantages of the lumped parameter model is 
its ability to provide insights into the behaviour of absorbing 

structures with minimal computational complexity. By tuning 
parameters, such as diaphragm mass, compliance, and damping, 
it is possible to design absorbers optimized for specific 
frequency ranges. This makes the model particularly useful for 
applications in room acoustics, and architectural noise control, 
where effective low-frequency absorption is required. 

Future work should focus on extending the model to 
incorporate more complex structures and configurations. One 
potential area of exploration is the application of the lumped 
parameter approach to bass-reflex loudspeaker enclosures, 
which exhibit additional resonant behaviours due to the 
interaction between the port and the internal air volume. Another 
promising direction is the investigation of shunt resistance 
applied to loudspeaker terminals, which can provide additional 
    r l  v r  h        ’  i    a     hara   ri  i   and further 
enhance absorption performance. [6] 

One promising direction for further research is the 
application of the lumped parameter model in the design and 
analysis of acoustic metamaterials. [9] Acoustic metamaterials 
are engineered structures with unique wave-manipulating 
properties, often achieving negative effective mass or bulk 
modulus, leading to unconventional sound absorption and wave 
propagation characteristics. By incorporating the lumped 
parameter approach, researchers can model the interaction of 
resonant elements within metamaterials, predicting their 
impedance characteristics and optimizing them for targeted 
frequency ranges. For instance, arrays of membrane-based 
absorbers with precisely tuned mass and compliance could be 
designed to achieve extreme low-frequency absorption in 
compact structures. [10] Additionally, combining lumped 
parameter modelling with metamaterial concepts such as locally 
resonant units or tuned Helmholtz-like inclusions can lead to 
advanced noise reduction solutions for architectural acoustics, 
aerospace applications, and underwater acoustics, where 
traditional absorbers are impractical due to size constraints [1]. 
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