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Abstract

:

For the problem of low-frequency noise suppression in a large area of the vehicle space, this paper proposes a novel multi-channel fractional-order active noise control algorithm and tests its ability for vehicle engine noise cancellation. The algorithm uses fractional-order calculus to replace the integer-order gradient descent to update the weighting coefficients of the filter, thereby avoiding imbalance or over-tuning phenomena during adaptive active noise cancellation and improving the control accuracy of the algorithm. A computer simulation was conducted in the noise cancellation scene of the vehicle, which showed that the algorithm is capable of suppressing single- and mixed-frequency noises, reducing the average sound pressure by approximately 20 dB. The experimental results demonstrated that the algorithm can effectively reduce the peak sound pressure of low-frequency noise for a certain type of vehicle engine by approximately 10 dB, whereas the total sound pressure level is reduced by approximately 4.7 dB.
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1. Introduction


Active noise control (ANC) [1,2,3] technology is a specific application of computer and electronic technology in the field of noise control. It uses the principle of destructive interference between sound fields of the primary and secondary noise sources to eliminate or reduce noise by generating anti-noise waves of equal amplitude but opposite phase. Because of the extensive use of high-performance, low-cost digital signal processor chips, ANC technology has gradually become important for noise control and is widely used in earphone [4,5], automobiles [6], airplanes [7], yachts [8,9,10], and power transformers [11].



Survey articles on ANC techniques have been published by many researchers. Zhou proposed normalized LMS (N-LMS) algorithms [12] and their optimization algorithms. Qin proposed the Sigmoid function-based LMS (SVS-LMS) [13] algorithm. The diameter of the noise cancellation area or control zone generated by a conventional single-channel ANC algorithm (e.g., Filter-x Least Mean Square, FxLMS) is approximately one-tenth of the wavelength of the controlled noise [14], and the effective range is approximately 10–20 cm in diameter. However, this kind of small area noise reduction is far from enough for practical engineering applications. Large-area spatial vehicle noise control requires a multi-channel ANC algorithm [15,16,17,18,19], by which, according to the size of the target noise cancellation space, multiple microphones and speakers are used to collect and control global space noise signals. At the same time due to the complexity of a vehicle’s large-area spatial sound field, the step-size factor in the conventional adaptive control algorithm has a contradiction, namely that it is difficult to simultaneously satisfy the convergence rate and convergence error. Thus, research and development of variable step-size control [20,21,22,23,24,25] have become an important optimization direction.



Research on the fractional-order calculus has developed rapidly in recent years. Compared with the integer-order calculus approach, it has unique advantages [26,27] and gained various applications in engineering. Particularly in the field of signal processing and control [28], fractional-order calculus can describe a system more accurately [29,30,31] and perform accurate and robust parameter estimation and iteration for nonlinear systems, achieving better results than integer-order calculus. Therefore, fractional-order algorithms [32,33,34,35] have been considered for the research in the field of ANC. Several scholars have developed ANC algorithms based on the fractional-order approach. For example, previous studies [36,37] used the fractional-order-based least mean square algorithm for the off-line identification of secondary paths to improve the accuracy of identification. Other studies [38,39] used fractional-based ANC algorithms to control specific noise (e.g., impulse noise) and good results were achieved. However, the existing research on the fractional-order-based ANC algorithms is limited to the noise signal extraction and control of specific noise or applied to secondary path identification. Only few studies have investigated the multi-channel fractional-order ANC algorithm and the application of vehicle engine noise ANC with large control area.



This paper proposes a multi-channel fractional-order ANC algorithm (MFO-FxLMS). The algorithm is characterized with an efficient description of a nonlinear system by fractional-order calculus, and the single-channel ANC method is extended to a multi-channel control method. The step size factor in the proposed algorithm is variable, resulting in reduced convergence error and hence fast convergence rate. The effect of the proposed ANC algorithm is optimized in an application scenario of vehicle engine noise cancellation with a large control area.




2. Multi-Channel Fractional-Order ANC Algorithm


2.1. Conventional ANC Algorithm


Assuming that the actual output of the system is y(n) and the expected output is d(n), the tracking error is defined as e(n) = d(n) − y(n). The core of the system is an FIR (finite impulse response) transversal filter (Figure 1a).



Here, X(n) is the reference input signal obtained by the microphone acquiring the noise source, which can be expressed as X(n) = [x(n), x(n−1), …, x(n − L + 1)]T. The weighting coefficient vector is expressed as W(n) = [w1(n), w2(n), …, wL(n)]T.



The system output can be expressed as


  y ( n ) =  X T  ( n ) W ( n ) =   ∑  l = 1  L    w l  ( n ) x ( n − l + 1 )    



(1)







The control system is shown in Figure 1b, and the error signal e(n) can be expressed as


  e ( n ) = d ( n ) − y ( n ) = d ( n ) −  X T  ( n ) W ( n )  



(2)







The ANC algorithm adopts the gradient descent method, and its objective function [1,2] is defined as


  J ( n ) = E [ e   ( n )  2  ] = E [   ( d ( n ) − y ( n ) )  2  ]  



(3)




where E[·] is the expectation operator, Then, the filter weighting coefficient according to the specific iterative algorithm of the gradient descent method takes the form


  W ( n + 1 ) = W ( n ) − μ ∇ ( n )  



(4)




where μ is the convergence step size and ∇(n) is the reverse gradient of J(n) with respect to the weight vector W(n). For practical applications, E[e(n)]2 can be substituted by e(n)2 for the convenience of real-time system implementation. The estimated gradient vector    ∇ ^   n    can be expressed as


   ∇ ^  ( n ) =   ∂ e   ( n )  2    ∂ W   = − 2 e ( n ) X ( n )  



(5)







As   E [  ∇ ^  ( n ) ] = ∇ ( n )  , this estimator is unbiased. Equation (4) can be expanded to


  W ( n + 1 ) = W ( n ) + 2 μ e ( n ) X ( n )  



(6)







Simultaneously, the weight coefficient momentum can be introduced to increase the stability of the algorithm during convergence process. Equation (4) can be expanded to


  W ( n + 1 ) = W ( n ) + 2 μ e ( n ) X ( n ) + λ Δ W ( n )  



(7)




where λ is the momentum factor and ∆W(n) is the weighted momentum, whose expression is


  Δ W ( n ) = W ( n ) − W ( n − 1 )  



(8)







The FxLMS algorithm is computationally simple. Its step size u is a fixed parameter. In order to obtain better noise reduction, variable-step active noise control(ANC) methods [40,41,42,43] were proposed. Some scholars proposed the normalized LMS (N-LMS) algorithm [12], and others proposed the Sigmoid function-based LMS (SVS-LMS) algorithm [13]. However, these algorithms are difficult to satisfy simultaneously in terms of convergence speed, tracking rate and steady-state error in a balanced manner. For the problem, a fractional-order-based ANC algorithm (Multi-channel Fractional-Order Filter-x LMS, MFO-FxLMS) is proposed to optimize the convergence parameters by constructing a time-varying function related to the amount of error signal variation. This algorithm introduces fractional-order calculus to control the update iterations of the adaptive filter weight coefficients, combining integer order with fractional-order. The algorithm uses fractional-order to improve the accuracy of the random signal description and improve the performance of the noise reduction.




2.2. Multi-Channel Fractional-Order ANC Algorithm


In a multi-channel ANC system, the reference input signal X(n) is matrix of L × Le; there are L sub-filters in filter bank W with length Le, and the error signal e(n) is a vector signal of L length. The primary sound source is P(n), and the primary path from the primary sound source to the target area is represented by response P(z). The secondary path is represented by response H(z), the estimation of the secondary path is represented by response H’(z), and the length is Lh. The multi-channel fractional-order ANC algorithm block diagram is shown in Figure 2.



For the whole system, there are


   y   l e    ( n ) =  W   l e   T  ( n )  X   l e    ( n )  



(9)







The error signal e(n) can be expressed as


   e   l e    ( n ) =  d   l e    ( n ) +   ∑ j   L e       ∑ l   L h      h   l e  j   ( l )      y j  ( n − l + 1 )  



(10)




where    d   l e    ( n )   is the expected signal, generated by the primary sound source    P   l e    ( n )   shown in Figure 2 through primary path response    P   l e    ( z )  ,    W   l e    ( n )   is the vector of L-order control filter coefficients, and    R   l e    ( n )   is the L × Le matrix of the filtered-x signal, formed by filtering reference input signal    X   l e    ( n )   through response model H′(z):


  R ( n ) =      R 1  ( n )      R 2  ( n )     ⋮      R   l e    ( n )     =      r 1  ( n )  r 1  ( n − 1 ) ⋯    r 1  ( n − L + 1 )      r 2  ( n )  r 2  ( n − 1 )   ⋯    r 2  ( n − L + 1 )     ⋮      r   l e    ( n )  r   l e    ( n − 1 )   ⋯    r   l e    ( n − L + 1 )      



(11)







Among which


   r   l e    ( n ) =   ∑  l = 1    L h      h   l e   ′  ( l )  x   l e      ( n − l + 1 )  



(12)




where    h   l e   ′    is the filter coefficient vector of the FIR filter, which simulates the device response from the    l e     t h     controller to the error sensor, and    x   l e      is the vector of the    l e     t h     reference signal in the previous sampling period. The Le dimensional vector of the control filter coefficient in Equation (9) is constructed as


  W ( n ) = [  W 1 T  ( n )    W 2 T  ( n )    W 3 T  ( n )   ⋯    W   L e   T  ( n ) ]  



(13)







Among which,    W   l e    ( n )   is the Le dimensional coefficient vector, expressed as


   W   l e    ( n ) = [  W  1  l e   T  ( n )    W  2  l e   T  ( n )    W  3  l e   T  ( n )   ⋯    W   L e   l e   T  ( n ) ]  



(14)







In a multi-channel ANC system, the controller usually minimizes the objective function given by the sum of squared errors. Thus, the objective function can be written as


  J =  1 2    ∑   l e  = 1    L e     E [  e   l e   2  ( n )   ]  



(15)







Compared with the conventional ANC algorithm, the filter weight coefficients are updated using the fractional-order calculus. The reverse gradient ∇W(n) calculation process is as follows:


  ∇ W ( n ) =        ∂ v  J   ∂  W v        W = W ( n )   =    ∂ v   1 2    [ e ( n ) ]  2    ∂  W v    = e ( n )    ∂ v  e ( n )   ∂  W v    = e ( n )  D W v  [ e ( n ) ]  



(16)






   D W v  [ e ( n ) ] =  D W v  [ d ( n ) − y ( n ) ] =  D W v  [ d ( n ) + R ( n ) W ( n ) ] = R ( n )  D W v  [ W ( n ) ]  



(17)




where D[·] is the differential operator. The nth derivative of power function tm [35,36] can be expressed as


     d n    d  t n     t m  = m ( m − 1 ) ⋯ ( m − n + 1 )  t  m − n   =   m !   ( m − n ) !    t  m − n    



(18)







Equation (18) can be directly extended to the fractional-order derivative:


   D t v   t m  =   Γ ( m + 1 )   Γ ( m − v + 1 )    t  m − v   , m > − 1  



(19)







When m = 1, Equation (17) can be written as


   D W v  [ e ( n ) ] = R ( n )  D W v  [ W ( n ) ] = R ( n )   Γ ( 2 )   [ W ( n ) ]   1 − v     Γ ( 2 − v )    



(20)







Substituting Equation (20) into Equation (16) yields


  ∇ W ( n ) = e ( n ) R ( n )   Γ ( 2 )   [ W ( n ) ]   1 − v     Γ ( 2 − v )    



(21)







Using the steepest descent method and adjusting the filter coefficients according to the iterative formula to minimize the objective function, the iterative formula can be expanded to


   W   l e    ( n + 1 ) =  W   l e    ( n ) − μ  e   l e    ( n )  R   l e    ( n )   Γ ( 2 )   [  W   l e    ( n ) ]   1 − v     Γ ( 2 − v )   + λ [  W   l e    ( n ) −  W   l e    ( n − 1 ) ]  



(22)




where μ is the convergence step size, it can be set here as a variable step size function μ(n), which could improve the system offset due to the nonzero convergence step size. μ(n) is expressed as


  μ = μ ( n ) =   Γ ( 3 − v )   Γ ( 2 − v ) Γ ( 3 )    β  1 +  e    − α     e  n  − e ( n − 1 )    2         



(23)







Here, β is the initial step size, α is the variable gain, and β > 0 and α > 0. This algorithm is named the Multi-channel Fractional-order ANC (MFO-FxLMS) algorithm in Table 1.




2.3. Convergence of the MFO-FxLMS Algorithm


The ANC algorithm may easily diverge when applied in the noise cancellation scene of a large area of the vehicle, so it is necessary to prove its convergence. The basic assumption is that when the iteration time tends to infinity, the global optimal solution of the system is finally found as


   P  d r   = E [ d ( n ) R ( n ) ]  



(24)






   R  r r   = E [ R ( n )  R T  ( n ) ]  



(25)







The objective function of the union algorithm is expressed as


  J ( n ) =  1 2  [ E [  d 2  ( n ) ] + 2  P  d r  T  W ( n ) +  W T  ( n )  R  r r   W ( n ) ]  



(26)







According to the principle of the steepest descent method, the optimal weighting vector is obtained as


   W 0  = −  R  r r   − 1    P  d r    



(27)







When the secondary path is a pure delay path, the gradient estimate value in vector iteration formula of the weighting coefficient can be set as


   ∇ ^  ( n ) =        ∂ v  J ( n )   ∂  W v        W = W ( n )    



(28)







Substituting Equation (26) into the Equation (28)


   ∇ ^  ( n ) = [  P  d r   +  R  r r   W ]   μ Γ ( 2 ) | W ( n )  |  1 − v     Γ ( 2 − v )   )  



(29)







Therefore, the weighting vector iteration equation becomes


  W ( n + 1 ) = W ( n ) − [  P  d r   +  R  r r   W ]   μ Γ ( 2 ) | W ( n )  |  1 − v     Γ ( 2 − v )   ) + λ [ W ( n ) − W ( n − 1 ) ]  



(30)







Substituting Equation (27) into the Equation (30)


  W ( n + 1 ) = W ( n ) −  R  r r   [ W ( n ) −  W 0  ]   μ Γ ( 2 ) | W ( n )  |  1 − v     Γ ( 2 − v )   ) + λ [ W ( n ) − W ( n − 1 ) ]  



(31)







As Rrr is the L × L order autocorrelation matrix of the filtered-x signal, which is a symmetric positive definite quadratic matrix, it can always be transformed into a standard form through orthogonal transformation, with


   R  r r    =   Q T  Λ Q  



(32)




where Q is the orthogonal matrix of the autocorrelation matrix, which satisfies the following relationship:


    Q T  Q = I     or    Q T  =  Q  − 1     



(33)







In Equation (32), Λ is a diagonal matrix composed of the eigenvalues of Rrr,


  Λ = d i a g [  λ 1  ,  λ 2  , ⋅ ⋅ ⋅ ,  λ L  ]  



(34)




making


  V ( n ) = W ( n ) −  W 0   



(35)







Subtracting W0 from both sides of Equation (29) and using the relationship of Equation (35)


  V ( n + 1 ) = V ( n ) − Λ V ( n )   μ Γ ( 2 ) | V ( n ) +  W 0   |  1 − v     Γ ( 2 − v )   ) + λ [ V ( n ) − V ( n − 1 ) ]  



(36)







Converting Equation (36) into a scalar form, the    l e     t h     component satisfies


   v   l e    ( n + 1 ) =  v   l e    ( n ) − μ  λ   l e     v   l e    ( n )   Γ ( 2 ) |  v   l e    ( n ) +  W 0   |  1 − v     Γ ( 2 − v )   + λ   [  v   l e    ( n ) −  v   l e    ( n − 1 ) ]  0   



(37)







Taking the mathematical expectation on both ends of the equal sign of Equation (37)


  E [  v   l e    ( n + 1 ) ] = E [  v   l e    ( n ) ] − μ  λ   l e    E [  v   l e    ( n ) ]   Γ ( 2 ) | E [  v   l e    ( n ) ] +  W 0   |  1 − v     Γ ( 2 − v )   + λ [ E [  v   l e    ( n ) ] − E [  v   l e    ( n − 1 ) ] ]  



(38)







In the convergence interval of the algorithm, when   n → ∞  ,   E [  v   l e    ( n + 1 ) ] = E [  v   l e    ( n ) ]  ; thus, Equation (38) can be simplified as


  μ  λ   l e    E [  v   l e    ( n ) ]   Γ ( 2 ) | E [  v   l e    ( n ) ] +  W 0   |  1 − v     Γ ( 2 − v )   = 0  



(39)







There are two solutions to Equation (39):   E [  v   l e    ( ∞ ) ] = 0   and   E [  v   l e    ( ∞ ) ] = −  W 0   . The former is that all values of the initial state are zero; the latter is the value of the optimal solution after the operation, proving that the algorithm can converge stably under the assumption that the iteration time tends to infinity.





3. Simulation


First, the convergence speed and convergence steady-state comparison experiments of the algorithm are conducted. The experimental objects include four algorithms FxLMS algorithm, N-LMS algorithm of the normalization algorithm variant, classical SVS-LMS algorithm, and MFO-FxLMS algorithm. These algorithms are compared after adjusting them to the best convergence state. The results of the simulation tests are shown in Figure 3.



In the initial convergence state, the convergence speed of the variable convergence step algorithm has a significant advantage over the fixed convergence step algorithm (Figure 3a). The convergence speed of the proposed MFO-FxLMS algorithm is the fastest with minor fluctuations, which indicates that the algorithm is very stable. In the steady-state stage, the steady-state errors of the four algorithms are divided into two levels, SVS-LMS and MFO-FxLMS are the first level with very low errors, while FxLMS and N-LMS are the second level with large errors (Figure 3b). The error of the first level is approximately one order of magnitude smaller than that of the second level, and the steady-state error of the MFO-FxLMS algorithm is extremely low and smooth without significant fluctuations.



Two nodes are set in the iterative process of the algorithm. Calculate the number of iterations for each algorithm when the mean square error (MSE) is less than or equal to 0.05 and less than or equal to 0.01 respectively. At the end of the algorithm, the ratio of the current MSE to the initial MSE is calculated and converted into the decay value (dB). The statistics are listed in Table 2.



From the three statistical data in Table 2, the performance of the four algorithms in descending order is MFO-FxLMS, SVS-LMS, N-LMS, and FxLMS. The performance of the MFO-FxLMS algorithm is greatly improved compared with other common algorithms, and the final steady-state error is reduced by an order of magnitude. The convergence speed is improved by 10–30%, and the steady-state error attenuation is improved by 11 dB, 9 dB and 5 dB respectively compared to FxLMS, N-LMS, and SVS-LMS algorithms, respectively.



A simulation using the proposed multi-channel fractional-order ANC algorithm and the classical FxLMS algorithm were performed with an about 3 × 3 m2 vehicle noise cancellation target area in MATLAB respectively. In the simulation, the noise sources were a mixture of sinusoidal signals and white noise, and approximately 40 dB of ambient noise was added. The initial convergence step size β in Equation (23) was set to 0.01, and the simulated secondary sound sources were evenly arranged in the area.



The noise cancellation effects of the FxLMS ANC and the fractional-order ANC algorithms (MFO-FxLMS is the fractional-order algorithm in Figure 4) were compared. The results before and after the control are shown in Figure 4a, and the frequency spectrum is shown in Figure 4b. It can be seen that both algorithms can quickly and effectively suppress noise below 1000 Hz, but the fractional-order ANC had a more effective noise reduction process and the noise reduction effect was better than that of the FxLMS ANC algorithm.



Under the same simulation conditions, the number of channels was expanded to multiple channels, and the number of secondary sound sources was the same as the number of channels, evenly distributed in the noise cancellation target area. Extended to multi-channel, the cloud diagrams of sound pressure level over the target area before and after the active noise control are shown in Figure 5a for the case of using the 4-channel fractional-order ANC algorithm.



According to the information of the color map in Figure 5a, the average noise in this target area was approximately 77 dB, and the highest noise peak was approximately 82 dB. After the noise control of the fractional-order ANC algorithm, the noise in the entire area was significantly reduced, and the average residual noise was approximately 50 dB. In contrast, by the noise control of the FxLMS ANC algorithm, the area of noise reduction was relatively small, the effect of noise reduction was slightly weaker, and the average residual noise was approximately 63 dB. Overall, the noise was reduced by approximately 27 dB through the fractional-order ANC algorithm and 14 dB through the FxLMS ANC algorithm.



In a similar way, fractional-order ANC systems and FxLMS ANC systems with 8, 16, and 24 channels were uniformly arranged in the same size target area space, and the simulation was performed. The results are shown in Figure 5b–d: With the 8-channel ANC system, the noise cancellation coverage was increased; with the 16-channel ANC system, the noise level after noise control was further reduced and became more stable. In the target area, the average noise cancellation after activating the multichannel fractional-order ANC algorithm ranged from 23 to 30 dB. By contrast, the average noise cancellation after activating the FxLMS ANC algorithm was only between 11 dB and 16 dB.



The simulation showed that the multi-channel fractional-order ANC algorithm had a good control effect on the large noise control area. In the same size target area, as the number of channels increased, the noise level in the area was better controlled and distribution was more balanced; as the number of channels decreased, the noise level after control was unevenly distributed, which is relatively stable at the control point, while the noise level changes greatly at the regional boundary.



3.1. Experiment


To further verify the effect of the multi-channel fractional-order ANC algorithm under the real scene, we built a vehicle ANC system to control the noise of different frequencies, and further successfully conducted a 4-channel vehicle engine noise cancellation experiment. The experiment was conducted in the anechoic chamber, the background noise inside the anechoic chamber was 20 dB, and the noise cut-off frequency was 50 Hz.




3.2. Measurement and Analysis of Vehicle Engine Noise


The experiment involved collecting and analyzing vehicle engine noise in an anechoic chamber. The noise signals were collected using the microphones (Named Mic 1–5 for convenience) and transmitted to the computer for processing. Microphones were arranged in front of, on either side of, and above the vehicle’s engine compartment and at the headrest of the vehicles seat (Figure 6). The vehicle was started and ran stably at different speeds, and the signal noise data were recorded in real time. The peak frequency of the vehicle engine noise fluctuated within 20–150 Hz (Figure 7).



The measured noise data showed that the noise contribution of the vehicle engine was mainly concentrated within 150 Hz. The noise changed significantly as the speed varied and was positively correlated, and the sound pressure level of the noise increased with the speed. Therefore, aiming at reducing the noise peaks under these working conditions, a multi-channel fractional-order ANC algorithm was used for vehicle engine noise cancellation.




3.3. The Vehicle ANC System for Experiment


The architecture of the implemented ANC system based on the floating-point MFO-FxLMS algorithm is shown in Figure 8. Here, National Instruments (NI) Compact-DAQ chassis(cDAQ-9189) was used as the controller and programmed on LABVIEW. The analog input and output modules were formed with NI-9215 and NI-9263 modules. In this controller, length L of the control filter was set to 50 taps, the initial step size was set to 0.01, the sampling rate was set to 1 kHz, the number of pulses for the secondary path identification was set to 500, and the step size was set to 0.008.



The experiment layout is shown in Figure 9a. There were four desired signal sensors and one reference signal sensor. The reference sensor was placed in the engine compartment of the vehicle, whereas the desired signal sensors were placed at the four seat headrests. The primary sound source was a high-power omnidirectional loudspeaker placed at approximately 10 cm from the front of the vehicle. A reference microphone was placed at 5 cm from the front of the spherical power amplifier to collect the sound source signal (Figure 9b). The error microphones were placed at four measurement points in the vehicle (M1–M4). To ensure that the distance between each control area and the noise source was consistent and the sound field was similar, an error microphone and secondary sound source speaker were placed 10 cm away from each other at the headrests of the driving and copilot seats (Figure 9c).




3.4. Noise Cancellation of External Spherical Sound Source of Vehicle


The secondary path was identified and the secondary sound source was achieved by playing white noise. The signals collected by error microphones M1, M2, M3, and M4 were used to identify the secondary path in the driving and copilot positions. The primary sound source was played with noise signals of different frequencies (The frequency is between 80–500 Hz), which were collected by the reference microphone. The error microphone collected the residual noise signals and then transmitted them to the controller for calculations based on the MFO-FxLMS algorithm. The output control signals were obtained and transmitted to the secondary sound source for playback. The signal acquisition instrument monitored the noise at the error microphone in the target area, displaying its sound pressure level and spectrum characteristics in real time through LabVIEW.



The interior space of the vehicle was approximately 2800 mm long and 1700 mm wide, a 4-channel fractional-order ANC algorithm was used for the experiment of the vehicle noise cancellation. According to the vehicle engine noise characteristics, representative noise frequencies were selected for the 4-channel noise test experiments of single- and mixed-frequency noises, respectively. The single frequency noise test was performed at 80, 100, 200, 300, and 400 Hz noise, evenly distributed between 80 and 450 Hz. The mixed-frequency noise test selected three noises at a time, and the three noises were distributed in the intervals of 20–200, 150–350, and 300–500 Hz. The noise data collected before and after the noise cancellation is shown in Table 3.



Comparing the noise level of the error microphone in the target area under the combined action of the primary and secondary sound sources, the noise source was at a single frequency of 200 Hz and at mixed frequencies of 150, 250, and 400 Hz. The sound pressure level changes are shown in Figure 10. The spectrum of sound pressure level achieved is shown in Figure 11.



The experimental results showed that the algorithm led to an average noise cancellation of nearly 22 dB for single-frequency noise below 400 Hz. The highest noise reduction reached 28 dB. The noise cancellation for the mixed frequency noise source was not as great as for the single frequency source because of the increase of the signal complexity, but the average noise cancellation reached 17 dB. After the ANC was turned on, the sound pressure level of the noise was immediately reduced, finally reaching a stable state at approximately 30 dB. The frequency spectrum in Figure 11 shows that the sound pressure level of the noise at the frequency where the noise was the main contribution was greatly reduced after the algorithm was turned on, whereas the sound pressure levels at other frequencies did not show large improvement.




3.5. Noise Cancellation of Vehicle Engine Noise


For further testing the proposed vehicle ANC system on the vehicle engine noise cancellation, the reference microphone was placed in the vehicle’s engine compartment (see Figure 12).



In terms of the measurement and analysis of the engine noise, along with the change in engine speed, the change range of noise in the engine compartment of the vehicle was mainly concentrated between approximately 50 and 150 Hz. Considering the normal driving speed of the vehicle and the frequency response range of the secondary sound source speakers, the noise at 2500, 3000, and 3500 r/min was actively controlled respectively. The vehicle was tested at different engine speeds and the multi-channel fractional-order ANC algorithm was applied. The results of the noise cancellation before and after ANC are shown in Table 4. The spectrogram before and after the 4-channel noise control is shown in Figure 13.



As shown in Figure 13, because the vehicle engine noise changed with the speed, corresponding to a certain frequency, after the multi-channel fractional-order ANC algorithm was turned on, the amplitude at the peak frequency of the engine noise was significantly reduced by more than 10 dB, and the total noise cancellation was reduced by approximately 4.7 dB on average (Table 4). Most of the noise below 50 Hz was generated by the resonance of the vehicle body structure and should be optimized from the perspective of vibration reduction. Overall, it was demonstrated that the multi-channel fractional-order ANC algorithm is capable of effectively reducing the engine noise in the target area and expanding the silent zone.





4. Conclusions


The multi-channel fractional-order ANC algorithm was proposed in this study with the use of fractional-order calculus, multiple input and output feedback, and variable time steps for convergence. The experimental results showed that the proposed algorithm is suitable for the cancellation of vehicle engine noise with a large control area. The following are the conclusions of this study:




	
The simulation of the fractional-order ANC algorithm proved that the fractional calculus, as a replacement to the integer gradient drop to update the filter weightings, improves the accuracy of the algorithm. The resulting residual noise obtained using the proposed algorithm is smaller than using the conventional FxLMS algorithm.



	
The proposed algorithm simulations show that when the number of speakers was enough to reflect all noise activities in the control area, the area noise was reduced to a relatively low and stable level. In the same size control area, as the number of channels increases, the noise level in the area is better controlled than the conventional FxLMS algorithm and the acoustical distribution is more balanced. With the number of channels decreased, the noise level after control is unevenly distributed, which is relatively stable near the control point, while the noise level changes greatly at the boundary of the region.



	
The experimental results in reducing the noise of the spherical sound source outside the vehicle show that for single-frequency external noise sources below 400 Hz, the proposed algorithm successfully reduced the noise by approximately 22 dB on average, whereas for mixed-frequency external noise, the average noise reduction reached 17 dB.



	
The proposed algorithm can effectively control the low-frequency noise of vehicle engines mainly in the frequency range of 50–150 Hz. At the peak frequency, the noise was reduced by approximately 10 dB, and the total noise cancellation was approximately 4.7 dB on average.
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Figure 1. Block diagram of ANC algorithm: (a) Transversal filter; (b) ANC system. 
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Figure 2. Block diagram of multi-channel fractional-order ANC algorithm. 
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Figure 3. Comparison of mean square error of the four algorithms: (a) Early stage of error dynamic convergence; (b) Error convergence steady state. 
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Figure 4. Comparison of noise cancellation performance of two algorithms: (a) Time domain diagram; (b) Frequency domain diagram. 
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Figure 5. Contrast simulation results of MFO-FxLMS and FxLMS algorithms: (a) 4-channel comparison; (b) 8-channel comparison; (c) 16-channel comparison; (d) 24-channel comparison. 
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Figure 6. Experimental arrangement of vehicle engine noise measurement: (a) Microphone arrangement; (b) Experimental apparatus arrangement. 
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Figure 7. Main noise frequency contribution analysis diagram of the vehicle engine. 
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Figure 8. Schematic diagram of the composition of the multi-channel fractional-order ANC system. 
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Figure 9. Vehicle multi-channel fractional-order ANC experimental system. (a) Laboratory equipment deploymen; (b) Arrangement of external sound source of noise in anechoic room; (c) Arrangement of internal sensors and speakers in anechoic room. 
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Figure 10. Variation curve of the sound pressure level of the noise: (a) 200 Hz single-frequency; (b) 150 Hz, 250 Hz, and 400 Hz mixed-frequency. 
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Figure 11. Noise spectrum of the target area before and after 4-channel fractional-order active noise control: (a) 200 Hz single-frequency; (b) 150 Hz, 250 Hz, and 400 Hz mixed-frequency. 
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Figure 12. Arrangement of the reference sensor. 
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Figure 13. Noise spectrum diagrams before and after noise control of vehicle engine noise at different speeds: (a) Spectrum before and after active noise control (ANC) at 2500 r/min; (b) Spectrum before and after ANC at 3000 r/min; (c) spectrum before and after ANC at 3500 r/min. 
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Table 1. Multi-channel fractional-order ANC (MFO-FxLMS) algorithm.
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	MFO-FxLMS Algorithm





	    y   l e    ( n ) =  W   l e   T  ( n )  X   l e    ( n )   



	    e   l e    ( n ) =  d   l e    ( n ) +   ∑ j   L e       ∑ l   L h      h   l e  j       ( l )  y j  ( n − l + 1 )   



	    W   l e    ( n + 1 ) =  W   l e    ( n ) − μ ( n )  e   l e    ( n )  R   l e    ( n )   Γ ( 2 )      W   l e    ( n )     1 − v     Γ ( 2 − v )   + λ    W   l e    ( n ) −  W   l e    ( n − 1 )     



	    R   l e    ( n ) =   ∑  l = 1    L h      h   l e   ′    ( l )  x   l e    ( n − l + 1 )   



	   μ ( n ) =   Γ ( 3 − v )   Γ ( 2 − v ) Γ ( 3 )    β  1 +  e    − α ∣ e ( n ) − e   ( n − 1 )  2          
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Table 2. Comparative results of the four algorithms.
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	Algorithm Name
	Number of Iterations MSE ≤ 0.05
	Number of Iterations MSE ≤ 0.01
	Error Attenuation M1 (dB)





	FxLMS
	665
	1527
	−33



	N-LMS
	473
	1221
	−35



	SVS-LMS
	408
	980
	−39



	MFO-FxLMS
	354
	922
	−44
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Table 3. 4-channel fractional-order ANC noise cancellation statistics.
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	Noise Source (Hz)
	Before Noise Control M1–M4 (dB)
	After Noise Control M1–M4 (dB)
	Noise Cancellation M1–M4 (dB)





	80
	53.42/55.20/54.09/52.13
	33.87/33.92/34.60/35.09
	19.54/21.28/19.48/17.04



	100
	53.75/54.82/52.65/48.03
	32.19/32.32/30.55/32.63
	21.56/22.50/22.11/15.40



	200
	59.62/57.29/56.76/57.68
	32.71/31.49/28.77/32.78
	26.91/25.80/27.99/24.90



	300
	54.02/49.60/45.23/57.15
	29.36/32.34/27.24/31.29
	24.65/17.25/17.99/25.86



	400
	58.40/48.26/43.69/56.35
	29.71/28.30/27.28/29.23
	28.68/19.95/16.41/27.13



	100 180 300 (mix)
	53.92/57.70/52.11/53.46
	40.03/41.92/41.42/37.61
	13.90/15.78/10.69/15.85



	150 250 400 (mix)
	53.89/49.58/7.52/50.95
	29.30/29.17/34.73/32.07
	24.59/20.41/12.79/18.88



	200 350 450 (mix)
	51.58/48.76/48.40/50.53
	31.73/28.18/26.24/35.00
	19.85/20.58/22.15/15.53
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Table 4. 4-channel fractional-order ANC algorithm vehicle engine noise control data statistics.






Table 4. 4-channel fractional-order ANC algorithm vehicle engine noise control data statistics.





	Rotation Speed (r/min)
	Before Noise Control M1–M4 (dB)
	After Noise Control M1–M4 (dB)
	Noise Cancellation M1–M4 (dB)





	2500
	52.99/52.35/52.23/52.19
	49.25/47.83/47.11/48.58
	3.74/4.52/5.12/3.61



	3000
	52.99/52.35/52.23/52.19
	49.33/48.17/45.32/47.11
	3.66/4.18/6.91/5.08



	3500
	53.18/51.01/50.06/51.86
	46.14/46.31/47.41/46.90
	7.04/4.70/2.65/4.96
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