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Abstract: The conventional feedforward hybrid active noise control （FFHANC） system combines the advantages of 
the feedforward narrowband active noise control （FFNANC） system and the feedforward broadband active noise 
control （FFBANC） system. To enhance its adaptive adjustment capability under frequency mismatch （FM） 
conditions， this paper introduces a narrowband frequency adaptive estimation module into the conventional FFHANC 
system. This module integrates an autoregressive （AR） model and a linear cascaded adaptive notch filter （LCANF）， 
enabling accurate reference signal frequency estimation even under significant FM. Furthermore， in order to improve 
the coherence between narrowband and broadband components in the system’s error signal and its corresponding 
control filter for the conventional FFHANC system， this paper proposes an algorithm based on autoregressive 
bandpass filter bank （AR-BPFB） for error separation. Simulation results demonstrate that the proposed FFHANC 
system maintains robust performance under high FM conditions and effectively suppresses hybrid-band noise. The 
AR-BPFB algorithm significantly elevates the convergence speed of the FFHANC system.
Key words：active noise control； feedforward hybrid active noise control （FFHANC） system； autoregressive （AR） 

model； linear cascaded adaptive notch filter （LCANF）； bandpass filter bank （BPFB）； error separation
CLC number： TN 911.7   Document code： A  Article ID：1005⁃1120（2025）05⁃0638⁃10

0 Introduction 

Since the 1970’s， the development of active 
noise control （ANC） has been attempted in force to 
reduce the low-frequency noise level（<1 kHz） and 
extensive system structures， and adaptive algo⁃
rithms have been developed［1-5］. The adaptive filter⁃
ing schemes are widely studied and used to generate 
the anti-noise wave.

Based on the linearity of their input-output 
mathematical models， ANC systems can be classi⁃
fied as either linear ANC system or nonlinear sys⁃
tem. Due to low computational cost， structural sim ⁃
plicity， and strong stability， most existing ANC sys⁃
tems are mainly linear ANC systems composed of fi⁃
nite impulse response （FIR） filters［1-3］ and adjusted 

by the filtered-x least mean square （FxLMS） algo⁃
rithm and its variants. In contrast， nonlinear ANC 
systems are only considered for complex nonlinear 
noise characterized by short duration， high ampli⁃
tude， or irregular frequency variations， such as im ⁃
pulse noise or nonlinear distortion etc［6-9］.

Based on noise control strategies， linear ANC 
systems are primarily classified into three catego⁃
ries， feedforward ANC （FFANC）［10-12］， feedback 
ANC （FBANC）［13-14］， and hybrid ANC （HANC）［15-16］ 
that combines FFANC and FBANC. FFANC［1］ 
systems can be divided into feedforward broadband 
ANC （FFBANC） system and feedforward narrow⁃
band ANC （FFNANC） system based on the way 
of obtaining reference signals. The FFBANC sys⁃
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tem is widely used thanks to its robust performance 
and simple architecture. However， its effectiveness 
diminishes in scenarios requiring fast convergence， 
particularly when handling mixed broadband-narrow⁃
band noise components， which has led to the pro⁃
posal of feedforward hybrid active noise control 
（FFHANC） system［17］.

Since the proposal of the FFHANC system， 
efforts have been made to improve its perfor⁃
mance［18-23］. A key focus is to address the frequency 
mismatch （FM） issue between the measured and ac⁃
tual reference signal frequencies. In FFNANC sys⁃
tems， the reference signal generator typically uses 
two types of reference signals［1］， pulse sequences 
and sine waves. The first technique is called wave⁃
form synthesis， triggered by synchronous pulses 
from non-acoustic sensors. The second technique 
typically uses adaptive notch filter （ANF） to sup⁃
press or extract harmonic signals of specific frequen⁃
cies［1］. Xiao et al.［18］ proposed a second-order autore⁃
gressive （AR） recursive algorithm for frequency 
tracking of sine reference signals and verified its ef⁃
fectiveness under low FM conditions （2%）. Based 
on the above research， a linear cascaded adaptive 
notch filter-AR （LCANF-AR） combination method 
was developed in Ref.［24］， which performed well 
in high FM （25%） scenarios without the need for 
initial frequency information. It is worth noting that 
the ANF strategy［23］ is rarely applied to FFHANC 
systems. Therefore， in this study， we applied the 
LCANF-AR algorithm from Ref.［24］ within the 
conventional FFHANC framework established in 
Ref.［17］， and evaluated its ability to improve the 
noise reduction performance of FFHANC systems 
under high FM conditions.

Furthermore， theoretical analysis indicates that 
in FFNANC systems， the residual error compo⁃
nents from other channels can reduce the conver⁃
gence speed of each adaptive filter［25］. Therefore， 
when studying FFHANC systems， attention must 
also be paid to the coupling of error signals between 
subsystems. Refs.［26—29］ have investigated and 
applied various error separation structures and algo⁃

rithms for FFHANC or HANC systems. The main⁃
stream approach involves extracting narrowband er⁃
ror components from the total error signal with 
broadband components left. Chang et al.［25］ pro⁃
posed a complete parallel error separation algorithm 
based on a set of second-order infinite impulse re⁃
sponse （IIR） zero-delay bandpass filter bank 
（BPFB） structure from Ref.［30］. Although this al⁃
gorithm has been verified to improve the conver⁃
gence speed of FFNANC systems， it requires the 
introduction of additional adaptive recursive process⁃
es. Xiao［31］ introduced another type of BPFB with 
constrained zeros and poles（CZP-BPFB［32］） to ob⁃
tain more accurate filtered-x signals for FFNANC 
systems. Subsequently， an AR model was incorpo⁃
rated into the system， and the transfer function of 
the BPFB was updated by replicating its frequency 
correlation coefficient. Similarly， Wang et al.［27］ 
used the BPFB structure from Ref.［32］ for error 
separation in their study of HANC systems， further 
enhancing the performance and robustness of the 
HANC system. But the computational load of the 
proposed system still needs to be reduced. Inspired 
by the above studies， this paper proposes an autore⁃
gressive bandpass filter bank algorithm（AR-BPFB） 
for error separation， which incorporates an AR-

model-parameter-based update mechanism for its 
time-varying transfer function［30］， along with its de⁃
rived computational procedure. This approach signif⁃
icantly reduces computational complexity while 
achieving faster convergence speeds.

In light of the improvements aforementioned， 
this paper proposes a novel FFHANC system with 
narrowband frequency adaptive estimation and error 
separation. The remainder of the paper is organized 
as follows： Section 1 provides a comprehensive 
overview of the conventional FFHANC system. 
Sections 2 presents the proposed FFHANC system. 
Complexity analysis is given in Section 3. Section 4 
presents the results of a simulation that assesses the 
comprehensive performance of the proposed FF⁃
HANC system. Section 5 provides a summary of 
the paper.
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1 Conventional FFHANC System 

The conventional FFHANC system［17］ in⁃
cludes following components. It contains the sinusoi⁃
dal noise canceller （SNC） subsystem， the FF⁃
BANC and FFNANC subsystem. The former 
adopts the least mean square （LMS） algorithm for 
its adaptive filter， and the latter two adopt the Fx⁃
LMS algorithm. The overall configuration is shown 
in Fig.1.

The primary path， secondary path and estimate 
models of secondary path are expressed as
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P ( )z = ∑
j = 1

M P

pj z- j

S ( )z = ∑
j = 1

M

sj z- j

Ŝ ( )z = ∑
j = 1

M̂

ŝ j z- j

（1）

where M P，M，M̂ are the FIR model orders and 
pj，sj，ŝ j the impulse responses of P ( z )，S ( z ) and 

Ŝ ( z )， respectively； P ( z ) indicates the primary-

path transfer function from the reference sensor to 
the error sensor， S ( z ) the secondary-path transfer 

function from the cancelling speaker to the error sen⁃

sors； and Ŝ ( z ) the estimate of S ( z ) which can be 

obtained by offline or online secondary-path model⁃
ing. The total reference signal is given as
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x ( )n = xN( )n + xB( )n =

∑
i = 1

q

[ ]A i x cos i( )n + Bi x sin i( )n + xB( )n

x cos i( )n = cos ( )wi n ,x sin i( )n = sin ( )wi n

（2）

where n denotes the discrete time index； and xN( n ) 
and xB( n ) represent the narrowband and the broad⁃
band components， respectively. xN( n ) comprises a 
set of cosine signals { x cos1 ( n )，x cos2 ( n )，⋯，x cos i

( n ) } 
( i = q ) and sinusoidal signals { x sin1 ( n )，x sin2 ( n )，⋯， 
x sin i

( n ) } ( i = q ) that are commonly derived from 
synchronization signals. { A 1，A 2，⋯，A i } ( i = q ) 
and { B 1，B 2，⋯，Bi } ( i = q ) represent the ampli⁃
tudes of the cosine signals and the sinusoidal sig⁃
nals， respectively. i represents the ith frequency 
while q the total number of frequencies； 
{ w 1，w 2，⋯，w i } ( i = q ) the angular frequency corre⁃
sponding to the ith frequency. Here， angular fre⁃
quency w i = 2πfi fs， where fi is the frequency of the 
ith component of xN( n ) and fs the sampling rate； 
and xB( n ) a zero-mean white or colored noise with 
variance σ 2

w. The primary noise is expressed as

p ( )n = vp( )n + ∑
j = 0

M P - 1

  pj( )j + 1 x ( )n - j （3）

where vp( n ) is the additive Gaussian white noise 
whose statistical characteristics are completely inde⁃
pendent of the reference signal x ( n ).

The secondary noise signal yp( n ) used to can⁃
cel the primary noise is generated by filtering the 
output y ( n ) through the secondary channel S ( z )

ì
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y ( )n = yB( )n + yN( )n

yp( )n = ∑
j = 0

M - 1

sj y ( )n - j
（4）

where yB( n ) /yN( n ) is the output signal （i.e. second⁃
ary source signal） of the FFNANC/FFBANC sub⁃
system， which will be given later. Thus， the total 
error signal can be represented as 

e ( n ) = p ( n ) - yp( n ) （5）

1. 1 FFNANC subsystem　

The narrowband components in the primary 
noise x ( n ) are compensated by a typical FFNANC 
subsystem［1］ which is a linear combiner with two 

Fig.1　Conventional FFHANC system
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control filter weights for each targeted frequency. Its 
output signal is given as

ì
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ïïïï

yN i( )n = w cos i( )n x cos i( )n + w sin i( )n x sin i( )n

yN( )n = ∑
i = 1

q

yN i ( )n
（6）

The FxLMS algorithm is used to update the 
control filter weights.

ì
í
îïï

w cos i( )n + 1 = w cos i( )n + μN e ( )n x̂ cos i( )n

w sin i( )n + 1 = w sin i( )n + μN e ( )n x̂ sin i( )n
（7）

where μN is the step size of the adaptive filter of FF⁃
NANC subsystem； and x̂ cos i( n )， x̂ sin i( n ) are the fil⁃

tered-x reference signals filtered by Ŝ ( z )
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x̂ cos i( )n = ∑
j = 0

M̂ - 1

  ŝ j x cos i( )n - j

x̂ sin i( )n = ∑
j = 0

M̂ - 1

  ŝ j x sin i( )n - j
(8)

1. 2 FFBANC subsystem　

The FFBANC system adopts the standard Fx⁃
LMS algorithm for filtering. However， the number 
of controller coefficients becomes very large and de⁃
pends on various parameters such as the frequency 
bandwidth of the disturbance signal［33］.

Its output signal yB ( n ) and update function of 
control filter weights H ( n ) are respectively given by
ì
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yB ( n )= H T ( n ) x̂B ( n )= ∑
j = 0

LB - 1

H j ( n ) x̂B ( n - j )

H ( n + 1 )= H ( n )+ μB x̂B ( n ) e ( n )
(9)

where LB is the length of the broadband adaptive fil⁃
ter coefficients vector H ( n )； H j ( n ) the jth coeffi⁃
cient of H ( n )； x̂B ( n ) the broadband component in 
x ( n ) filtered by Ŝ ( z )； and x̂B ( n ) the vector com ⁃
prised by x̂B ( n ) from the present and past LB - 1 
time points.

1. 3 SNC subsystem　

As is illustrated in Fig.1， the SNC includes a 
discrete Fourier analyzer which can effectively sepa⁃
rate narrowband signals out. Therefore， the refer⁃
ence signal of the FFBANC subsystem xB( n ) can 
be obtained by subtracting the sum of estimated ref⁃
erence signal of the FFNANC system x̂N i( n ) 
from x ( n )

ì
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xB( )n = x ( )n - x̂N( )n

x̂N( )n = ∑
i = 1

q

[ â i( )n x cos i
+ b̂ i( )n x sin i

]
（10）

Similarly， the FxLMS algorithm is used to up⁃
date the SNC controller weight coefficients â ( n ) 
and b̂ ( n ).

ì
í
î

ïï
ïï

â i( )n + 1 = â i( )n + μc ei( )n x cos i
( n )

b̂ i( )n + 1 = b̂ i( )n + μc ei( )n x sin i( )n
（11）

The variable step size parameter μc( )n  is calcu⁃
lated as

ì
í
îïï

μc( )n = αμc( )n - 1 + ( )1 - α μc,min

μc( )0 = μc,max
（12）

where α is a constant defined within （0，1］； μc，max 
the maximum or initial value of the step size which 
is set to a large value such that the SNC converges 
fast enough in the early stage of adaptation； μc，min 
the minimum or steady-state value which is set 
small to guarantee the steady-state performance of 
the SNC.

2 The Proposed FFHANC System 

The structure of the proposed FFHANC sys⁃
tem is shown in Fig.2. The system incorporates two 
key improvements on the basis of the conventional 
FFHANC framework.

（1） Adopt the frequency adaptive estimation 
module proposed in Ref.［24］ which integrates AR 
model and LCANF.

（2） Adopt the narrowband error signal separa⁃
tion module based on the BPFB structure proposed 
in Ref.［25］， and propose the AR-BPFB algorithm 
to adaptively update passband center frequencies of 
BPFB. Derive the calculation process.

Similarly， by subtracting the separated multi-
channel narrowband error signals from the total er⁃
ror signal， the broadband error signal is obtained， 
thereby achieving effective error signal decoupling.

In addition， the second-order AR model can 
generate synchronous reference signals for SNC sub⁃
system， thereby improving the accuracy and stabili⁃
ty of reference signal separation.
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The BPFB structure is constructed by a set of 
second-order IIR-type bandpass filters （BPFs） to 

extract the narrowband errors { eN i
( n ) } k

i = 1
 corre⁃

sponding to the respective narrowband frequency 
channels from the total error signal e ( n ).

A classical second-order IIR-type BPF time in⁃
variant transfer function［30］ is given by 

hi( z ) =
( )1 - p2

i ( )qi z
1 + p2

i

- 1

z2 - qi z + p2
i

（13）

where the value of pi ( 0 ≤ pi < 1 ) is related to the 
bandwidth of the filter. Parameter qi ( | qi |≤ 2pi ) af⁃
fects the value of passband center frequency fi

fi = fs

2π wi = fs

2π arccos ( qi

1 + p2
i ) （14）

In practical applications， fi is usually time-vary⁃
ing so the fixed parameter qi turns into a time-vary⁃
ing parameter qi ( n ). Therefore， Eqs.（13，14） can 
be updated as dynamic transfer function

fi ( n )= fs

2π ωi ( n )= fs

2π arccos ( )qi ( n )
1 + p2

i

(15)

hi ( z,n )=
( 1 - p2

i ) ( )qi ( n ) z
1 + p2

i

- 1

z2 - qi ( n ) z + p2
i

(16)

Then， the relationship between e ( n ) and 

{ eN i
( n ) } k

i = 1
 can be expressed as
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eN i( )n = e'( )n - e'N i( )n

e'( )n = 1 - p2
i

1 + p2
i

qi( )n e ( )n - 1 - ( )1 - p2
i e ( )n - 2

e'N i
= -qi( )n eN i( )n - 1 - p2

i eN i( )n - 2
（17）

Then， the relationship between two subsystem 
error signals eN( n )，eB ( n ) and the total system error 
signal e ( n ) are expressed as

ì

í

î

ïïïï

ïïïï

eN( )n = ∑
i = 0

k

eN i( )n

eB( )n = e ( )n - eN ( n )
（18）

In Ref.［24］， the conversion formula between 
AR model parameters and target tracking frequency 
is given by

w i ( n )= arccos ( )ci ( n )
-2 (19)

Eq.（15） and Eq.（19） have the same format， 
so the BPF parameter qi ( n ) can be transferred by 
the AR model parameter ci ( n ). The relationship be⁃
tween the two parameters is as

qi ( n )= 1 + p2
i

-2 ci ( n ) (20)

The principle of proposed method is shown in 
Fig.3.

Fig.2　Proposed FFHANC system
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After the adjustment， the BPFB structure can 
adaptively track the dominant noise frequency using 
the AR model without introducing additional adap⁃
tive recursive algorithms， significantly reducing 
computational complexity.

3 Complexity Analysis 

Computational complexity is essential to assess 
a newly proposed system. The complexity analysis 
in one iteration of the conventional FFHANC sys⁃
tem， the proposed FFHANC system， and the mod⁃
ules for frequency adaptively estimation and error 
separation are listed in Table 1. Here， for the conve⁃
nience of comparison， we assume that lengths of pri⁃
mary path， secondary path and estimated secondary 
path are all M. N anf is the estimated sample size used 
to control the participation of the LCANF and AR 
model［24］.

The proposed AR-BPFB algorithm significant⁃
ly reduces the computational cost of error separation 
by eliminating 5q/( q + 2 ) multiplications and 

4q/( 3q + 2 ) additions， compared to the convention⁃

al method in Refs.［25，27］. Furthermore， the pro⁃
posed FFHANC system demonstrates approximate⁃
ly 2LB lower computational costs in the frequency 
estimation stage （N ≤ N anf） than those in the denois⁃
ing stage （N > N anf）， while maintaining a relatively 
low overall computational burden. After completing 
the frequency estimation， the proposed system con⁃
sumes only 8q more multiplications and 5q more ad⁃

ditions （from introduced AR&AR-BPFB） in total 
than those of the conventional FFHANC system. 
These additional computational loads are tolerable 
and can be offset by the improved stability and noise 
reduction performance.

4 Computer Simulation 

In this section， we conduct extensive MAT⁃
LAB simulations to validate the superior noise sup⁃
pression performance of the proposed FFHANC 
system under high FM conditions， as well as that of 
the AR-BPFB algorithm for error signal separation. 
Simulation conditions are as follows. Sampling 
points N： 8 000. Sampling frequency fs： 4 kHz. Pri⁃
mary path P ( z )： Generated by function fir1 （M P= 
61， cutoff frequency w cf=0.6π）. Secondary path 
S ( z )： Generated by function fir1 （M=31， cutoff 
frequency w cf=0.6π）. Ŝ ( z )： The estimate of S ( z ) 
that is modeled through offline identification in ad⁃
vance by LMS algorithm （M̂=41）. Narrowband 
noise component： Sinusoids （q=3， { A 1，A 2，A 3 }=
{ 1，1，1 }， { w 1，w 2，w 3 }= { 0.05π，0.10π，0.15π }.  
Broadband noise component： Band-limited Gauss⁃
ian white noise in x ( n ) with variance σ 2

B = 1. Band⁃

Fig.3　BPFB parameter adjustment principle

Table 1　Computational complexity per‑iteration of FFHANC systems and modules

System
AR (N > N anf)

LCANF (N ≤ N anf)
BPFB[25] (N > N anf)
BPFB[32] (N > N anf)

Proposed AR⁃BPFB (N > N anf)
Conventional FFHANC[17]

Proposed FFHANC (N ≤ N anf)

Proposed FFHANC (N > N anf)

Multiplications
2q

8q

11q

7q + 2
6q

3LB + ( 2q + 3) M + 8q + 6

LB + ( 2q + 3) M + 12q

3LB + ( 2q + 3) M + 16q + 6

Additions
2q

6q

7q

6q + 2
3q

2LB + ( 2q + 3) M + 8q + 2

LB + ( 2q + 3) M + 10q + 1

2LB + ( 2q + 3) M + 13q + 2
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width ranges from 500 Hz to 1 000 Hz. AR model 
step size： { μ anf1，μ anf2，μ anf3 }= { 0.000 2，0.000 1， 
0.000 1 }. LCANF step size： { μ anf1，μ anf2，μ anf3 }=
{ 0.000 2， 0.002 5，0.003 }. ANF polar radius param ⁃
eter： ri = 0.98. FFANAC parameters： μN = 0.02. 
SNC parameters： μ snc = 0.05， α = 0.975， μc，min =
0.05， μc，max = 1 - μc，min. FFBANC parameters： 
LB = 32， μB = 0.01. BPFB constant： pi = 0.97.

In simulation experiments， it is necessary to 
quantitatively evaluate the performance of adaptive 
algorithms. This study adopts the mean squared er⁃
ror （MSE） of the system at time n as the measure⁃
ment standard， which is defined as

MSE ( n ) = E ( e2( n ) ) （21）

To ensure statistical reliability， according to 
MonteCarlo method， the simulation results are aver⁃
aged over T independent computer simulation runs 
（taken as 1 500）

MSE ( T,n ) = 10 lg ( 1
T ∑

t = 0

T

e2
t ( )n ) （22）

where et( n ) is the error siganl at iteration n for the 
tth simulation run.

To begin with， Figs.4—5 present the MSE 
curves of the conventional FFHANC and the pro⁃
posed FFHANC system under varying FM condi⁃
tions （2%， 10%， 25%）.

The experimental results demonstrate that the 
conventional FFHANC system achieves satisfacto⁃
ry noise cancellation performance under 2% FM 
conditions， primarily due to the frequency tracking 

capability of the AR model. However， as the FM 
level increases to 10% and 25%， both the noise re⁃
duction effect and convergence speed of the conven⁃
tional FFHANC system degrade significantly. Nev⁃
ertheless， since the FFBANC subsystem possesses 
the ability to suppress narrowband components to 
some extent， the system does not diverge.

In contrast， the proposed FFHANC system in⁃
corporating the LCANF maintains robust noise can⁃
cellation performance and fast convergence across 
all tested FM conditions. These experimental find⁃
ings confirm that the integration of LCANF with 
conventional FFHANC architecture effectively 
strengthens system robustness against frequency 
mismatch variations.

Next， Fig.6 presents a comparative analysis of 
error separation methods for enhancing the conver⁃
gence speed of FFHANC systems. Specifically， we 
compare the conventional BPFB method［25， 27］ with 
the proposed AR-BPFB algorithm. Parameter set⁃
tings have been provided at the start of this section. 
Fig.5 shows that FM only impacts the system’s 
convergence speed， not its trend. Hence， FM is set 
to 0% here to eliminate interference.

The results demonstrate that the conventional 
BPFB method provides a moderate improvement in 
convergence speed， with the approach in Ref.［27］ 
outperforming that in Ref.［25］. The proposed meth⁃
od delivers a significantly greater enhancement for 
FFHANC system， which is more important.

Fig.4　MSE curves obtained by FFHANC system with on⁃
ly AR[18] under different FM conditions

Fig.5　MSE curves obtained by proposed FFHANC system 
with LCANF and AR in Ref.[24] under different FM 
conditions
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5 Conclusions 

To further enhance the noise reduction perfor⁃
mance and robustness of conventional FFHANC 
system， this study introduces two key improve⁃
ments： The narrowband frequency adaptive estima⁃
tion module from Ref.［24］， and the narrowband er⁃
ror signal separation module based on the BPFB 
structure proposed in Ref.［25］. Then this study pro⁃
poses the AR-BPFB algorithm to adaptively update 
passband center frequencies of BPFB. These en⁃
hancements are systematically incorporated into the 
conventional FFHANC framework and proposes a 
novel FFHANC system with narrowband frequency 
adaptive estimation and error separation. Simulation 
results demonstrate that the proposed FFHANC 
system exhibits faster convergence speed and stron⁃
ger resistance to FM compared to conventional FF⁃
HANC systems.
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一种具有窄带频率自适应估计和误差分离的

前馈混合有源噪声控制系统

庞明睿， 刘亦菲， 刘 剑
（南京航空航天大学自动化学院，南京  211106，中国）

摘要：传统的前馈混合主动噪声控制（Feedforward hybrid active noise control， FFHANC）系统结合了前馈窄带主

动噪声控制（Feedforward narrowband active noise control， FFNANC）系统与前馈宽带主动噪声控制（Feedfor⁃
ward broadband active noise control， FFBANC）系统的优势。为提升其在频率失配（Frequency mismatch， FM）

条件下的自适应调节能力，本文在传统 FFHANC 系统中引入了一种窄带频率自适应估计模块。该模块结合了

自回归（Autoregressive， AR）模型与线性级联自适应陷波滤波器（Linear cascaded adaptive notch filter， LCA⁃
NF），能够在显著 FM 条件下实现精确的参考信号频率估计。此外，针对传统 FFHANC 系统中误差信号的窄带

与宽带分量与其对应控制滤波器间相干性不足的问题，提出了一种基于自回归带通滤波器组（Autoregressive 
bandpass filter bank， AR⁃BPFB）的误差分离算法。仿真结果表明，所提出的 FFHANC 系统在高 FM 条件下仍能

保持稳健性能，并有效抑制混合频带噪声；所提出的 AR⁃BPFB 算法显著提升了 FFHANC 系统的收敛速度。

关键词：主动噪声控制；前馈混合主动噪声控制系统；自回归模型；线性级联自适应陷波滤波器；带通滤波器组；

误差分离
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