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Abstract

:

The shunted loudspeaker with a negative impedance converter is a physical system with multiple influencing parameters. In this paper, a fully exhaustive backtracking algorithm was used to optimize these parameters, such as moving mass, total stiffness, damping, coil inductance, force factor, circuit resistance, inductance and capacitance, in order to obtain the best sound absorption in a specific frequency range. Taking the maximum average sound absorption coefficient in the range of 100–450 Hz as the objective function, the optimized parameters of the shunted loudspeaker were analyzed. Simulation results indicated that the force factor and moving mass can be sufficiently reduced in comparison with that of a typical four-inch loudspeaker available on the market. For a given loudspeaker from the market as an example, the four optimized parameters of the shunted loudspeaker were given, and the sound absorption coefficient was measured for verification. The measured results were in good agreement with the predicted results, demonstrating the applicability of the algorithm.
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1. Introduction


Low-frequency sound absorption within a limited space is always a challenge in noise control engineering. Traditional passive acoustic structures usually have the disadvantage of being large in size, but active noise control technology also has drawbacks, such as instability and high cost. In recent years, the semi-active structure of a shunted loudspeaker (SL) for sound absorption has attracted much attention. For an SL with a negative impedance converter (NIC), the circuit parameters, such as resistance, capacitance and inductance, are transformed due to the negative impedance converter. This can effectively adjust the acoustic impedance of the coupled system to match that of the air in a wide frequency range [1]. Initially, Forward [2] proposed a preliminary experiment on the feasibility of using shunted damping in optical systems. Lissek et al. [3,4,5,6] introduced shunt circuits to loudspeakers and used the SL to control the acoustic impedance of walls for indoor sound absorption. Good sound absorption for low frequencies can be achieved in a relatively narrow frequency band. In their later research, analogous analysis, experimental optimization of the SL and active control theory were also carried out. Due to the low-frequency sound absorption properties of the SL, many structures relevant to the SL that have better sound absorption performance have been reported [7,8,9,10].



Some references can be found for the optimal design of an SL. Lissek et al. [5] established a low-order polynomial function and the effect of four parameters on sound absorption was investigated by using the response surface method (RSM). These four parameters were the moving mass of the loudspeaker, the enclosure volume, the filling density of mineral fiber within the enclosure and the electrical load value to which the loudspeaker was connected. Rivet et al. [11] introduced the SL for interior damping optimization and they determined the interior eigenfrequency by using a finite element model established in COMSOL Multiphysics. They also calculated the optimal location and orientation of the loudspeaker by establishing the linear equations of the system. Liu et al. [12] applied the SL to the pipe by means of a polar configuration of the system’s characteristic equations. The optimal resistance, inductance and location of the SL were derived. This method effectively improved the insertion loss of the pipe. Zhang et al. [13] analyzed the effect of the circuit resistance, inductance and capacitance (RLC) on the acoustic impedance and absorption coefficient of the SL in detail. They provided an experimental procedure for achieving effective broadband sound absorption from the low to the middle frequency range. An array of 64 SLs was experimentally investigated by Qiu et al. [14], and the optimal array alignment spacing, to control 100 Hz and 200 Hz tone noise, was also discussed.



The loudspeaker in a reported SL is oriented for sound generation. This means that this type of loudspeaker would not be suitable for optimal sound absorption due to its large force factor and moving mass. Designing a loudspeaker from the perspective of sound absorption has not been reported in the literature. To achieve this task, the loudspeaker and shunt circuit parameters must be taken into account. Since the SL is a coupled field consisting of electrical, mechanical and acoustic components, the system contains a large number of parameters and potential interactions among these parameters. The problem of multi-parameter optimization is rather complex.



The fully exhaustive backtracking algorithm (EBA) is a programming method frequently used in programming design. EBA is often applied to solve the problems that cannot be solved by conventional mathematical methods [15]. The fully exhaustive algorithm allows multivariate functions, with potential interactions, to be solved numerically according to a combined enumeration [16]. After the multi-dimensional database is created by the fully exhaustive method, the backtracking algorithm is then used to search for the target value by using loop traversal according to the optimal conditions [17]. Genetic algorithms (GA) and simulated annealing algorithms (SAA) are stochastic optimization algorithms that are based on probabilistic convergence [18]. In the optimization process of multi-peaked objective functions, GA and SAA may converge to a local optimal solution prematurely, and there is no effective quantitative analysis method for the convergence and reliability of the solution [19,20]. The global search feature of the EBA can effectively avoid these disadvantages. Although the EBA has the advantage of a simple computational process, it usually has the disadvantage of requiring a large amount of computing resources. In SL optimization problems, the amount of computation required is very limited; therefore, the EBA is well suited for SL multi-parameter optimization.



In this paper, six main parameters of the SL, namely moving mass   Δ  M m   , system stiffness   Δ  K m   , force factor   B l  , total resistance   Δ R  , total inductance   Δ L   and capacitance    C e   , are considered in an optimization algorithm. In the following section, the principle of the SL is introduced briefly; then, an optimized sound absorption algorithm based on a six-dimensional EBA is described, and the simulation and analysis of the loudspeaker parameters suitable for sound absorption are demonstrated. For a given loudspeaker from the market, the experimental method to determine the key parameters of the loudspeaker by an impedance tube is provided, and, finally, the optimization results of the four parameters are verified by an experiment.




2. Theoretical Model of an SL


The layout of a typical SL is shown in Figure 1 and the technical date of the loudspeaker used in the experiment are listed in Table 1. The SL with an NIC is assembled at the end of the impedance tube, and the effective absorption can be achieved after reasonable adjustment of the electrical parameters. From an energy perspective, it can be understood that the sound energy is dissipated in the form of mechanical and electrical energy, reducing the reflected sound energy and achieving the purpose of sound absorption.



When the SL is in an open-circuit state, it can be considered a single-degree-of-freedom, second-order system, which consists of stiffness, mass and damping [21]. The mechanical impedance under the case of an air cavity of depth  D  can be expressed as:


   Z m  =  δ m  + j ω  M m  +  1  j ω  K m    +    ρ 0   c 0  A   i tan ( k D )    



(1)




where  ω  is the angular frequency,    c 0    is the speed of sound in air,   M m , K m , δ m   are the moving mass, suspension diaphragm stiffness and damping of the moving-coil loudspeaker, respectively.    Z  a i r   =  ρ 0   c 0  A   is the acoustic impedance of air, and A is the cross-section area of the impedance tube.  k  is the wavenumber and  D  is the cavity depth, where a more specific impedance expression can be obtained after making a second-order approximation to   tan   ( k D )   − 1     [22]:


   Z m  ( ω ) =  δ m  + j ω (  M m  +    ρ 0  A D  3  ) + (  K m  +    ρ 0   c 0 2  A  D  ) / j ω  



(2)







From Equation (2), it can be seen in the acoustic model of the SL with an air cavity that the total stiffness is the sum of the suspension diaphragm stiffness and the air spring of the air cavity, where the second item dominates. For example, a cylindrical cavity with a depth of 10 cm and radius of 5 cm can produce a stiffness of 11 KN/m, while a four-inch loudspeaker’s diaphragm stiffness is generally 1 KN/m. The total vibrating mass is the sum of the mechanical vibrating mass and one-third of the cavity air mass; the latter is usually negligible.



An NIC can generate the equivalent value of a negative electrical parameter between the in-phase input and ground [23]. It can flexibly adjust the impedance caused by a larger resistance and inductance of the loudspeaker itself, enabling impedance of the SL to match with air over a wider frequency band. When connecting the SL with an NIC, the impedance of the circuit is:


   Z e  ( ω ) = (  R c  − R ) + j ω (  L c  − L ) +  1  j ω C    



(3)







The following is a derivation of the electrical force and impedance analogy. When the sound waves are transmitted to the loudspeaker’s diaphragm, it will produce a vibration with speed of  v . The loudspeaker’s coil will cut the magnetic field of the permanent magnet, producing an induced electrical potential   B l v  . As the induced current is   B l v /  Z e   , the electromagnetic force applied to the coil is    F e  =  B 2   l 2  v /  Z e   . The equivalent mechanical impedance induced by the circuit can be obtained by    Z  Δ m   ( ω ) =  F e  / v =   ( B l )  2  /  Z e  ( ω )  . Here, the total impedance of the SL can be expressed as:


   Z  s y s   ( ω ) =  Z m  ( ω ) +   ( B l )  2  /  Z e  ( ω )  



(4)







The normal incident absorption coefficient of the SL is:


  α ( ω ) = 1 − |    Z  s y s   −  Z  a i r      Z  s y s   +  Z  a i r      | 2  =   4  Z  a i r   Re (  Z  s y s   )     [  Z  a i r   + Re (  Z  s y s   ) ]  2  + Im   (  Z  s y s   )  2     



(5)







Equation (5) shows that the sound absorption of the SL depends on the acoustic impedance of the system. The impedance matching condition should be satisfied when the sound is completely absorbed:


  Re (  Z  s y s   ) =  δ m  +     ( B l )  2  Δ R   Δ  R 2  +   ( ω Δ L − 1 / ω C )  2    =  ρ 0   c 0  A  



(6)






  Im (  Z  s y s   ) = ω  M m  −   Δ  K m   ω  −     ( B l )  2  ( ω Δ L − 1 / ω C )   Δ  R 2  +   ( ω Δ L − 1 / ω C )  2    = 0  



(7)




where   Δ R =  R e  − R  ,   Δ L =  L e  − L   and   Δ  K m  =  K m  +  ρ 0   c 0 2  A / D  . The connection of the shunt circuit introduces new mechanical resistance and reactance. These parameters are mostly constant for the actual device, but the total impedance of the system changes with frequency. It is impractical to achieve an exact theoretical match, so a comprehensive optimization of sound absorption, based on experimental and theoretical calculation, is needed.




3. Algorithm Model and Simulation of the EBA


3.1. Procedure of the Algorithm Model


Loudspeakers used in the SL are for sound absorption, not sound generation. In contrast, loudspeakers available on the market are always used for sound generation. From the perspective of sound absorption, the loudspeaker in the SL must be redesigned. Through the simple analysis of the loudspeaker parameters, a certain trend of sound absorption can be obtained. However, the parameters influencing the sound absorption are coupled with each other and are difficult to analyze from a numerical point of view. The EBA is a method to obtain the ideal solution by calculating and analyzing all possible scenarios within the constraint. It can be expressed as enumerating all possible combinations of parameters within the boundaries, according to the step size of each variable, and then performing numerical analysis. Therefore, Matlab’s powerful matrix solving capability can be used to perform the EBA. The optimal parameters for   Δ R , Δ L ,  C e  , Δ  K m  ,  M m  , B l   can be calculated by the EBA and then used as design values for the SL. The following describes the EBA optimization algorithm for six parameters.



3.1.1. Parameter Boundary


Since the algorithm corresponds to the actual physical system, a realistic boundary condition should be set for   Δ R , Δ L ,  C e  , Δ  K m  ,  M m  , B l .   The characteristic equations of this system can be obtained by stability analysis. According to the Rouse criterion,   Δ R , Δ L   and    C e    must be positive, which determines the lower boundary of the   Δ R , Δ L   and    C e    [24]. Usually, the resistance of a typical four-inch loudspeaker does not exceed 25  Ω . Considering the actual component size,   Δ L ,  C e    should be limited to the magnitude of   m F   and   m H  , respectively.



The upper boundary of the mechanical parameters can be set reasonably, according to the actual size of the speaker and the assembly model. Here,    M m    is limited to 10  g ,   Δ  K m    is limited to 1.95 × 104    N / m   , and   B l   is limited to 6   T m  . It is necessary to set a reasonable step size for these six parameters in this calculation. If the step size is small, it will lead to long computation time or even be impossible to compute. By using multiple iterations of the EBA to improve the computational efficiency of the program, sufficiently accurate solutions can be obtained in a relatively short time.



Under excitation of sound pressure, the SL generates an output voltage. The transfer function of the circuit section is shown in Equation (8). The maximum amplification can be obtained at the resonant frequency of the circuit. The actual output voltage at resonance can be calculated by multiplying the output signal obtained from the experimental test with Equation (9). When the actual transmission voltage can maximize the op-amp saturation value, the balancing resistance    R b    can be determined [22].


  G ( S ) =    R b  + R + s L   R −  R c  + s ( L −  L c  ) −  1  s  C e      ,    ω o  =  1    (  L c  − L ) ⋅  C e       



(8)






  | G (  ω 0  ) | =       (  R b  + R )  2  +    L 2    (  L c  − L ) ⋅ C        R c   − R     



(9)








3.1.2. Database Creation


The nonlinearity of the damping    δ m    is usually difficult to predict accurately after assembly. To obtain an accurate theoretical calculation, the damping corresponding to the open circuit should be sampled for replacing the damping in Equation (2). The absorption coefficient at each frequency in any group within the boundary can be calculated in a nested cycle using Equations (2)–(5). Then, the absorption coefficients of each group are stored after taking the average values, and thus the database of the average absorption coefficients of the six-dimensional parameters of the SL is established.




3.1.3. Optimal Results of   Δ R , Δ L ,  C e  , Δ  K m  ,  M m  , B l  


Once the database is created, the optimal average absorption coefficient values, and structural parameters such as   Δ R , Δ L ,  C e  , Δ  K m  ,  M m  , B l  , can be searched in the database by the backtracking method. Thus, the circuit parameters   R , L ,  C e   , and the equivalent depth  D  of the air cavity required for the design, can be calculated. Then, the sound absorption performance of the multi-parameter SL can be analyzed.





3.2. Optimal Sound Absorption for a Six-Parameter SL


In this simulation, the frequency range was 100–450 Hz and the inner diameter of the impedance tube was 10 cm. The mechanical damping as a constant was used in calculations and had a value of 1.74    sN / m   . The optimized absorption coefficient and acoustic impedance of a six-parameter SL are shown in Figure 2. As observed in Figure 2a, the optimized six-parameter SL had an excellent sound absorption coefficient close to 1 in a wide frequency range of 100–450 Hz. By the EBA optimization search, a matched acoustic resistance close to 1 and a flat acoustic reactance trending toward 0 can be obtained in the specified frequency range, as shown in Figure 2b,c, respectively. In addition, it can be found that the first resonance occurs at 120 Hz, which is due to the resistance being close to 1 and the reactance being close to 0 at this frequency. Similarly, the second resonance is located at approximately 320 Hz.



The optimized mechanical and electrical parameters of the SL by the six-dimensional EBA are listed in Table 2. The optimized results indicated that the moving mass and force factor were smaller than that of a typical loudspeaker available on the market. The decrease in force factor can effectively reduce the cost and the weight of the loudspeaker magnet. This would be an obvious potential benefit for practical applications. The results also revealed that the total stiffness was smaller than that of a typical SL reported in the literature. Lower stiffness suggests that the backing air cavity needs to be larger; for example, when the loudspeaker suspension diaphragm stiffness is 900 N/m, a cubic cavity with a side length of 23.5 cm is needed to provide the remaining stiffness.




3.3. Optimal Sound Absorption for a Five-Parameter SL


The optimization results of the six parameters showed that the loudspeaker suitable for optimal sound absorption has the advantage of smaller   B l  . In practical applications, the thickness of the loudspeaker should be as small as possible, which means that the   B l   should be as small as possible. As an example, for the value of   B l   set to   0.5   T m  , is taken into account in the algorithm; thus, the optimization procedure becomes an EBA of the remaining five variables. The optimized mechanical and electrical parameters of the SL by the five-dimensional EBA are listed in Table 3. The theoretical absorption coefficients under this condition are shown in Figure 3, and the average absorption coefficient is up to 0.96.



Below 150 Hz, the system resistance is less than half of that of the air, and the absolute value of sound reactance deviates from the zero point, which together leads to a lower value of the sound absorption coefficient in this frequency band. The peak of sound absorption occurs around 300 Hz, where the system resistance is close to 1 and the system reactance trends towards 0, as shown in Figure 3b,c.



The optimized total stiffness shown in Table 3 is relatively small. In this case, when the loudspeaker’s suspension diaphragm stiffness is 900 N/m, a cubic cavity with a side length of 31.8 cm is required to provide the remaining stiffness. If the volume of the air cavity needs to be sufficiently reduced, the loudspeaker’s suspension diaphragm stiffness must be set relatively low. Compared with Table 2, when the   B l   becomes smaller, the total resistance and inductance are relatively reduced, and the required capacitance is increased.





4. Experiment of Optimal Sound Absorption for a Four-Parameter SL


Since there were no loudspeakers available that were specifically suitable for optimal sound absorption, a commercial loudspeaker was used for the experimental verification. Thus, only four parameters of the SL, namely   Δ R , Δ L ,  C e  , Δ  K m   , needed to be optimized. The experimental setup is shown in Figure 4 and a photograph of the setup is shown in Figure 5. The inside diameter of the impedance tube (SW422 (BSWA, Beijing, China)) was 100mm, and the noise signal generated by the computer was amplified by a power amplifier (PA50 (BSWA, Beijing, China)). When the loudspeaker is excited to emit a sound source, the end of the impedance tube uses a dual microphone (BSW416 (BSWA, Beijing, China)) to pick up the sound signal. The four-channel digital collector (MC3242 (BSWA, Beijing, China)) samples the signal and sends it to the computer for data processing. The loudspeaker (M4N (HiVi, Zhuhai, China)) was fixed at the end of the pipe by an air cavity equipped with a piston.



For the accurate establishment of an SL absorption model, the exact mechanical and electrical parameters of the loudspeaker need to be known. Generally, the factory-calibrated parameters of the loudspeaker are accurate, but the actual parameters will change after it is assembled due to the coupling influence in the impedance. After assembly, the damping of the loudspeaker is nonlinear and difficult to predict accurately [22]. This will lead to a mismatch between the results of the theoretical predictions and the actual experiments, so, in our experiment, the actual damping was used in the calculation. The following describes how to experimentally determine the values of   Δ δ , Δ  K m  ,  M m  ,  R c  ,  L c  , B L  .



4.1. The Experiment of Parameter Determination


4.1.1. Determination of Mechanical Parameters


The loudspeaker was assembled at the end of the standing wave tube, in accordance with the open-circuit state. The cylinder piston was placed on the leftmost side. The resistance and reactance diagram is shown in Figure 6a,b. The theoretical equation of acoustic impedance is:


   {     (10a)    Im [  Z m  ( ω ) ] = j ω  M m  + Δ  K m  / j ω      (10b)    Re [  Z m  ( ω ) ] =  δ m         











As shown in Figure 6a, the actual resistance of the system was not a constant value, but a nonlinear function that is dependent on the frequency. There was a damping peak at 380 Hz, which was caused by the resonance of the mechanical system. According to Equation (10a), the reactance of the system was only related to the moving mass and stiffness. Therefore, the equivalent moving mass and stiffness can be calculated by fitting the measured acoustic reactance using the least squares method. The equivalent moving mass of the loudspeaker in this experiment was 7.5  g  and the system stiffness was 14,724    N / m   ; therefore, the three mechanical parameters of the loudspeaker could be accurately determined.




4.1.2. Determination of Electrical Parameters


The coil resistance    R c    can be measured directly using a Digital Multi-Meter. In contrast, the coil inductance    L c    has a frequency-dependent nonlinearity, so its value as determined by multi-meter measurement would be inaccurate.    L c    can be fitted under short-circuit states, and when the    R c  ,  L c  , B l   are introduced, the system acoustic impedance can be expressed as:


   Z  s h o r t   = j ω [  M m  −     ( B l )  2   L c     R c    2  +  ω 2   L c    2    ] + [  δ m  +     ( B l )  2   R c     R c    2  +  ω 2   L c    2    ] +   Δ  K m    j ω    



(11)







First, according to the frequency at the resonance peak and the absorption coefficient, the   B l   and the coil    L c    can be counted out at the resonance frequency    f 0   , as shown in Equations (12) and (13).


     f 0  =      K  s y s      M  s y s       / 2 π =     Δ  K m     M m  −     ( B l )  2  ⋅  L c     R e    2  +  ω 0    2   L c    2        / 2 π         



(12)






   α 0  = 1 − |    Z  s y s   −  Z 0     Z  s y s   +  Z 0     | 2  = 1 − |   j  ω 0  (  M m  −     ( B l )  2  ⋅  L c     R c    2  +  ω 0    2   L c    2    ) + (  δ m  +     ( B l )  2  ⋅  R c     R c    2  +  ω 0    2   L c    2    ) +   Δ  K m    j  ω 0    −  ρ 0   c 0  S   j  ω 0  (  M m  −     ( B l )  2  ⋅  L c     R c    2  +  ω 0    2   L c    2    ) + (  δ m  +     ( B l )  2  ⋅  R c     R c    2  +  ω 0    2   L c    2    ) +   Δ  K m    j  ω 0    +  ρ 0   c 0  S    | 2   



(13)







The resistance measured from the three sets of experiments for the short circuit and the open circuit are shown in Figure 7. According to Equations (10b) and (11), the resistance difference between the short circuit and the open circuit is expressed as     ( B l )  2   R e  / (  R e    2  +  ω 2   L e    2  )  . For a small signal input,   B l   can be regarded as a constant value. By using least squares method at each frequency, the theoretical value of    L c    can be calculated. The calculated   B l   was 4   T m  , and    L c    was 0.68   m H .   The actual parameters of the loudspeaker were all obtained. In Figure 8, the theoretical calculation results and the actual sound absorption results are shown to match better in the short-circuit state, which verifies the parameters obtained.





4.2. Experimental Results


The resistance obtained from the experiments in the open-circuit state was sampled and used in the optimization program as the actual damping.    M m    and   B l   obtained in the previous section were taken as fixed parameters. The optimization procedure thus becomes EBA about   Δ R , Δ L ,  C e  , Δ  K m   . The upper bound settings, step size settings and optimal parameters are shown in Table 4.



The experimental balance resistance    R b    is 1   Ω  , and the selected operational amplifier is   O P A 552 − P A   with a ±15   V   power supply. The experimental and theoretical predictions were in good agreement in the overall frequency band. As shown in Figure 9a, in the target frequency band, the average absorption coefficient was 0.65, and the overall absorption coefficient was improved compared with the short-circuit condition. However, due to the larger    M m    and   B l   of the loudspeaker, the SL was less adjustable. Compared with the open-circuit case in Figure 6b, the total reactance of the SL shown in Figure 9c was significantly lower over a wide frequency band, especially in the 150–300 Hz band, where it trended toward zero, which allowed the reactance to better meet the matching conditions. As shown in Figure 9b, the resistance below 450 Hz was much larger than the air acoustic resistance, so the SL over-damping limited further improvement of the sound absorption level.




4.3. Discussion


The experimental results of the four–parameter optimization showed that loudspeakers on the market have large values of moving mass and force factor, which limit the sound absorption performance improvement of the SL. The EBA optimization simulation indicated that a loudspeaker suitable for sound absorption should be characterized by small moving mass and force parameters. This would facilitate the miniaturization and design of a lightweight SL, as well as allowing for innovation in the loudspeaker structure. As shown in Equations (6) and (7), the introduction of the shunt circuit inevitably increases the acoustic resistance, while reducing the system acoustic reactance. Since excessive damping is a disadvantage for sound absorption, designing a loudspeaker with small amounts of linear damping should be the focus of future research. In addition, designing a large-area SL for diffuse field sound absorption would also be worth studying.





5. Conclusions


In order to obtain excellent sound absorption in the frequency range of 100–450 Hz, a fully exhaustive backtracking algorithm was proposed for optimizing the loudspeaker and shunt circuit parameters. For a given loudspeaker, the experimental method to determine its parameters was provided, and the optimal sound absorption algorithm under four parameters was verified by measurement. Through multiple-parameter optimization, it was found that the force factor and moving mass can be sufficiently reduced in comparison with that of a typical four-inch loudspeaker available on the market. The results imply that if an air cavity is properly sized, the SL can be redesigned to achieve good sound absorption, while also significantly reducing the weight and volume of the loudspeaker.
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Figure 1. Schematic of the shunted loudspeaker with an NIC. 
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Figure 2. Optimized sound absorption of the SL by a six–dimensional EBA, (a) the sound absorption coefficient, (b) the specific acoustic resistance, (c) the specific acoustic reactance. 
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Figure 3. Optimized sound absorption of the SL by a five–dimensional EBA, (a) the sound absorption coefficient, (b) the specific acoustic resistance, (c) the specific acoustic reactance. 
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Figure 4. Experimental setup of the SL. 
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Figure 5. Photograph of the experimental setup. 
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Figure 6. Experimental impedance of the open circuit: (a) the specific acoustic resistance; (b) the specific acoustic reactance. 
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Figure 7. Short-circuit and open-circuit resistance comparison. 
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Figure 8. Short-circuit absorption coefficient comparison. 
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Figure 9. Comparison of the four–dimensional EBA simulation and measurement: (a) the sound absorption coefficient, (b) the specific acoustic resistance, (c) the specific acoustic reactance. 
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Table 1. Technical data for the loudspeaker Hivi–M4N.
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	    B l    
	     R c     
	     L c     
	     M m     
	     K m     
	     δ m     





	   3.1   T m   
	   6.5   Ω   
	   0.5   m H   
	   4.8   g   
	   926   N / m   
	   1.74   s N / m   
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Table 2. Parameter upper bounds and step size settings.
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	Parameter
	Upper Bound
	Step Size
	Optimal





	   Δ R   
	   20   Ω   
	   0.2   Ω   
	   2   Ω   



	   Δ L   
	   5   m H   
	   50   μ H   
	   0.85   m H   



	    C e    
	   5   m F   
	   50   μ F   
	   0.7   μ F   



	   Δ  K m    
	   1.95 ×   10  4    N / m   
	   390   N / m   
	   1560   N / m   



	    M m    
	   10   g   
	   0.2   g   
	   1   g   



	   B l   
	   6   T m   
	   0.2   T m   
	   2.2   T m   
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Table 3. Parameter upper bounds and step size settings.
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	Parameter
	Upper Bound
	Step Size
	Optimal





	   Δ R   
	   20   Ω   
	   0.2   Ω   
	   0.2   Ω   



	   Δ L   
	   5   m H   
	   50   μ H   
	   0.15   m H   



	    C e    
	   5   m F   
	   50   μ F   
	   2   m F   



	   Δ  K m    
	   1.95 ×   10  4    N / m   
	   390   N / m   
	   1170   N / m   



	    M m    
	   10   g   
	   0.1   g   
	   0.5   g   
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Table 4. Parameter upper bounds and step size settings.






Table 4. Parameter upper bounds and step size settings.





	Parameter
	Upper Bound
	Step Size
	Optimal





	   Δ R   
	   25   Ω   
	   0.1   Ω   
	   1.6   Ω   



	   Δ L   
	   5   m H   
	   50   μ H   
	   1.6   m H   



	    C e    
	   5   m F   
	   50   μ F   
	   0.4   m F   



	   Δ  K m    
	   1.8 ×   10  4    N / m   
	   360   N / m   
	11,880   N / m  
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