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Orthogonal adaptation for active noise control

Jing Yuan®
Department of Mechanical Engineering, The Hong Kong Polytechnic University, Hunghom, Kowloon, Hong
Kong

(Received 12 January 2006; revised 7 April 2006; accepted 17 April 2006)

Many active noise control (ANC) systems apply the filtered-x least mean squares (FXLMS)
algorithm for controller adaptation. The accuracy of path models is an important issue in these
systems. Since parameter drifting in a noise field may cause model error between the secondary path
and its prestored model in an ANC system, some ANC systems employ two adaptive processes for
path modeling and controller adaptation respectively. In this paper, a new ANC system is proposed
with adaptive path modeling and nonadaptive controller design. The proposed ANC system is
noninvasive without persistent excitations. It avoids the slow convergence and inevitable estimation
errors in controller adaptation. A rigorous analysis is presented to prove that the new ANC system
will converge to an optimal one in the minimum H, norm sense. Experimental results are presented

to verify the performance of the proposed ANC system.
© 2006 Acoustical Society of America. [DOI: 10.1121/1.2202908]

PACS number(s): 43.50.Ki, 43.50.Gf [KA]

I. INTRODUCTION

An important principle of active noise control (ANC) is
to create quiet zones by generating destructive interference at
sensed locations. Since magnitude distributions of sound
fields are related to the wavelengths of sound signals, the
range of destructive interference is proportional to the wave-
lengths of sound signals. This makes ANC attractive for con-
trolling low-frequency noise.

The filtered-x least mean squares (FXLMS) algorithm is
a popular tool for controller adaptation.l’2 The algorithm is
stable®™ if the phase error in the secondary path model is
less than 90°. In many applications, environmental or bound-
ary conditions of noise fields are not necessarily constant.
There may be parameter drifting in noise fields. Online mod-
eling of the secondary path is adopted in many ANC systems
to keep the model as close to the real path as possible.

In most ANC systems, path models are finite impulse
response (FIR) filters with many parameters. Accurate esti-
mation of model parameters requires ‘“‘persistent
excitations”®—the invasive injection of probing signals into
the ANC system.7 Since the probing signals cannot be can-
celled by the controller, some researchers investigate how to
regulate the magnitudes of probing signals according to ANC
performance,&9 others focus on noninvasive identification of
secondary paths.lo_lz. An ANC system may perturb control-
ler parameters to estimate the secondary path accurately. The
FXLMS is used by existing noninvasive ANC systems for
controller adaptation.

In this paper, a new ANC system is proposed with a
single adaptation process for noninvasive path modeling. A
major difference between the proposed and existing nonin-
vasive ANC systems is the controller that is designed by the
orthogonal principle in the new system. The new method
only requires the estimated models to share a normal vector
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with the true paths. Path modeling is easier without persis-
tent excitations. Stability and convergence of the new ANC
system is proven via the Lyapunov approach.

With the controller designed by the orthogonal principle,
the new ANC system avoids the slow convergence and esti-
mation errors in controller adaptation. It will converge to an
optimal ANC system in the minimum H, norm sense. The
new ANC system uses the least squares (LS) algorithm that
tends to converge faster than LMS counterparts.13 Experi-
mental results are presented to demonstrate the performance
of the new ANC system.

Il. PROBLEM STATEMENT

A typical ANC system may be described by a block
diagram in Fig. 1(a), where P(z), S(z), F(z), and R(z) are the
primary, secondary, feedback, and reference paths, respec-
tively. Path models and signals in Fig. 1 are in the
Z-transform domain. Many researchers assume that path
models can be approximated by FIR filters with negligible
errors (assumption Al). This study is also based on such an
assumption. If the primary source n(z) is not available to the
controller, a signal x(z) is measured in the noise field to
recover the reference r(z). The controller must cancel feed-
back signals in x(z) to ensure a stable closed-loop, which

requires an estimated model F(z) to approximate F(z).

A. Controller structure and objective
It is shown in Fig. 1(a) that x(z)=R(z)n(z)+F(z)a(z).
The reference is recovered in Fig. 1(b) as r(z)=x(z)

—F(z)a(z); here a(z) is the actuation signal. Eliminating a(z)
from the above three equations, one obtains

R(z) _ &
r(z) = 1+AF(Z)G(Z)n(Z) =R(2)n(z), (1)

where AF(z)=F(z)-F(z) is the model error of the feedback
path. The closed-loop is stable if ||AF(z)G(2)|.. <1, which is

© 2006 Acoustical Society of America
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FIG. 1. (a) Block diagram of a typical ANC system with acoustic feedback.
(b) Block diagram of ANC controller C(z).

satisfied in most ANC systems. Many researchers assume
AF(z)=0 (assumption A2) and use R(z)=R(z) in the analy-
sis. The present study also adopts such an assumption since
the presence of AF(z) #0 only causes unnecessary distrac-
tions without affecting the analytical results, as to be verified
by experimental results.

In Fig. 1(b), the actuation signal is a(z)=G(z)R(z)n(z)
after substitution of r(z)=R(z)n(z) by assumption A2. As a
result, the error signal in Fig. 1(a) can be expressed as

e(z) = P(2)n(z) + S(z)a(z) = [P(z) + S(z) G(2)R(2) ]n(2).
(2)

The ANC objective is e(z)=0 for broadband noise control.
The above equation has an ideal solution

—P(z)
S(2)R(z)’

Practically, the ideal controller may not be stable due to pos-
sible nonminimum phase (NMP) roots in S(z) or R(z).

For distributed-parameter systems to which the modal
theory is applicable, only path transfer functions between
collocated sources and sensors are surely minimum phase
(MP). It means a MP R(z) if the reference sensor is substan-
tially collocated with the primary source. To avoid the near-
field effects, however, the error sensor is usually placed far
away from the secondary source and S(z) is NMP without a
stable inverse. A practically achievable objective of the ANC
system is the minimization of

IP(2) + S()G()R()Il, 4)

in the H, norm sense. The proposed ANC system is intended
to achieve this objective.

G(z) = (3)

B. Online path modeling

When the ANC system recovers the reference signal
r(z)=R(z)n(z) to synthesize the actuation signal a(z)
=G(z)r(z) and estimate the path models, Eq. (2) may be re-
written as

J. Acoust. Soc. Am., Vol. 120, No. 1, July 2006

e(z) = H(2)r(z) + S(z)a(z) =[H(z) + S(2)G(2) ]r(z),  (5)

where an equivalent primary path H(z)=P(z)/R(z) is intro-
duced as if the noise field was caused by r(z). If the refer-
ence sensor is substantially collocated with the primary
source, R(z) is MP with a stable inverse. It is assumed that
the equivalent primary path H(z) can be approximated by a
FIR filter with negligible errors (assumption A3). The ANC
objective is modified from the minimization Eq. (4) to the
minimization of

|H(z) + S(2)G(2)|,. (6)

This is a practical approach due to the unavailability of n(z).
The proposed ANC system is able to minimize Eq. (4) if n(z)
is available.

The ANC system estimates the equivalent primary path
H(z) and the secondary path S(z) simultaneously by mini-
mizing estimation error

eI, = [le(z) - H(2)r(z) = S()a(z)|l,
=[AH(2)r(z) + AS(z)a(2)],. (7)

where H(z) and S(z) are online models of H(z) and S(z),
respectively. The model errors are AH(z)=H(z)-H(z) and
AS(z2)=S(z)-8(z). Let h=[h,---h,], h=[h;---h,]), 3
=[$,...5,] and s=[s,---s,] denote coefficient vectors of

H(z), H(z), S(z), and S(z), respectively. The time domain
version of Eq. (7) would be

m m 2
E (9;2 = E (61— 2 hyry = E §kar—k)
k=1 k=1

m m 2
= (2 Ahyr o+ X Askat—k) , (8)

k=1 k=1

where {Ah,=h,—h,} and {As;=s,~§,}. The summation of er-
ror squares is carried out in a sliding time window. Equation
(8) may be written as

m m 2
E 8t2 = E (fft - E ﬁk‘ﬁk(’) - E §k<Pk(f)>
k=1 k=1

m m 2
= (E A () + 2 AstDk(I)) )
k=1 k=1

by introducing ,(t)=r,_; and @ (t)=a,_;.

To aid the stability analysis, one may express model
errors AH(z) and AS(z) in terms of coefficient vectors A]
=[Ah,,...,Ah,], Af:[Asl, ...,As,,] and Ag:[AT,AST].
Similarly, the signal samples are represented by regression
vectors () =[ (1), ..., (0], @ ()=[@1(2), ..., @,(1)],
and ¢7(1)=[47 (1), ©"(¢)]. As a result, Eq. (9) may be seen as
the square sum of a linear projection &,=¢’(t)A,. The con-
vergence of &,—0 does not necessarily mean A, —0 or A;
— 0. For this reason, some researchers propose to perturb the
ANC controller and hence perturb a(z) and ¢(r). The projec-
tion of Ay on a time-varying vector ¢(z) becomes the projec-
tion on linearly independent vectors if ¢(¢) is perturbed prop-
erly. This is exactly the idea of persistent excitation.’

Jing Yuan: Orthogonal adaptation for active noise control 205
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FIG. 2. Illustration of the orthogonal adaptation algorithm.

Identification accuracy depends analytically on the level of
persistent excitation to the regression vector'™!"> whose ele-
ments are samples of a(z) in an ANC system. Since control-
ler perturbation is equivalent to persistent excitation of a(z),
it is still an invasive method. Only the persistent excitation is
generated by a different method.

A significant difference between the proposed and exist-
ing noninvasive ANC systems is the absence of persistent
excitations in the new system. Optimal ANC is possible if
Eq. (9) is minimized. The remaining part of the paper is
intended to explain how this is possible.

C. Orthogonal adaptation

A visual illustration of the proposed method is presented
in Fig. 2, before a rigorous analysis in the next section. The
vertical and horizontal axes of Fig. 2 represent, respectively,
the i space and s space. These are vector spaces of the co-
efficients of H(z) and S(z), respectively.

By assumption Al, the true path transfer functions H(z)
and S(z) are represented by coefficient vector #7=[h”,s"] in
Fig. 2. Similarly, path models H(z) and S(z) are represented
by coefficient vector 67(r)=[h7,57]. It is reasonable to as-

sume a constant 6 since the drift of acoustical parameters is
significantly slower than the adaptation rate. The purpose of
Fig. 2 is to show that (i) 6(t+1) will be closer to 6 than 6(z)
and (if) optimal ANC is possible without persistent excita-
tions.

An important feature of the proposed ANC system is to

design a controller G(z) that forces ¢(¢) as orthogonal to é(t)
as possible in every step of the adaptation. To keep a better
focus, detailed design of G(z) will be delayed to Sec. IV. The
effect of this principle is illustrated here. Since perfectly or-
thogonal between ¢(¢) and o(7) may not be possible, ¢(z) is

not perfectly orthogonal to é(¢) in Fig. 2. The estimation
error is rewritten as

m m

1= 2 A1) + 2 Aspi(r) = T(DA,,. (10)
k=1 k

=1

Online path modeling is updated by

206  J. Acoust. Soc. Am., Vol. 120, No. 1, July 2006

0t + 1) = 6(1) + xe, (1), (11)

where k>0 is a positive constant. Since 6(r+1) is updated

by adding a fraction of ¢(r) to 6(7), it will bias to a new point
in Fig. 2, depending on the sign of &,= ¢'()A,.

In the present form of Fig. 2, ¢'()A,>0 and 6(t+1)
will bias in the same direction of ¢ to be closer to 6. If the
direction of ¢ flips by 180°, then ¢'(r)A,<0 and 9(t+l)
will bias in the opposite direction of ¢ to be closer to 6. In
the next section, a rigorous stability analysis will prove the
monotonous reduction of ||A||, until &, converges to zero.
For the new ANC system, g,—0 is good enough to ensure
stable ANC performance. The key measure is to force
(1) 6(1)=0 for all ¢. This condition and &”(r)A,=0 mean
ST (1) 0=2] yr i+ 20 sia,=0. As a result, the proposed
ANC system converges to an optimal ANC controller such
that |[H(z)r(z)+S(z)a(z)|,=0. A rigorous proof is presented
in the next section.

lll. STABILITY ANALYSIS

Since the proposed ANC system involves a single adap-
tation process, there are no coupling effects between adapta-

tion processes. When the orthogonal condition ¢7(¢)6(r)~0
is enforced by the nonadaptive method of Sec. IV, the present
section will focus on the adaptation process when analyzing
the stability of the overall system.

A. Convergence of estimation error

All recursive identification algorithms depend on the re-
gression vector ¢(¢) to update the parameter vector. The dif-
ference between algorithms is the multiplier to ¢(z). Here a
simple LS algorithm is adopted with a scalar multiplier «
=1/||¢(0)|*. As a result, Eq. (11) becomes

Ot +1)=0(t) + (1). (12)

6P’

The convergence of Eq. (12) may be analyzed with the help
of a positive definite function V(t)=Ag(t)Ag(t). It can be
verified that

V(e +1) = V(1) = [Ag(t +1) = Ay [Ay(r + 1) + Ay(0)].
(13)
Using Eq. (12) and A,=6—6, one can write
Ayt +1) = Ayt = 02) = O + 1) = = £,(0)/] H(0)

2
P

(14)
and
At +1)+Ay(r)=260-6(r) — Bt + 1)
=28(1) - £,/ S| (15)
Combining Egs. (13)—(15), one obtains

Jing Yuan: Orthogonal adaptation for active noise control
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-& €
1)- V() = =T (1)| 284(1) - —— .
R T RN
(16)
The above equation becomes
2
& _
V(ie+1)=V(t)=- R <0 (17)

by substitution of &,=¢"(r)A,. Therefore V(t)=A§(t)A o2)
decreases monotonously until ,— 0.

B. Divide and conquer

The performance of the ANC system is judged by the
error signal e(z). The time domain expression of this signal is
given by

o= 2 Iyri+ 2 spa = ()0 (18)
k=1 k=1
If one subtracts
& () 0(1) = 2 Iur,i+ 2 $idi (19)
k=1 k=1
from Eq. (18) and then adds it back, the result would be
e =&+ 2 flkrt—k + E Sia =&+ d’T(t) é(t) . (20)
k=1 k=1

The error signal is now divided into two parts to be con-
quered by two respective methods.

The first part of ¢, is g,. It is conquered by online path
modeling. In the previous subsection, a simple LS algorithm
is proven able to drive the convergence of &,— 0. There are
many other LS or LMS algorithms suitable for this purpose.
The difference is the convergence rate and computational
load.®

The second part of ¢, is ¢ () 6(7). Several methods will

be discussed to force |7 (£)6(r)| =0 in every step of the ad-
aptation. The convolution of Eq. (19) implies the equivalence

between |’ () é(t)| ~( and ||I:I (z)+3‘(z)G(z)||2z0 with coef-
ficients of I:I(z) and S‘(z) taken from é(t).

C. Co-plane requirement versus persistent excitation
Since £,= A, is an inner product, its convergence to
zero does not necessarily mean A,—0. However, if
|47 (1) 6()| =0 for all t, &,=¢"A,—0 implies the co-plane
relation of 6 and 6. This is the combined result of two meth-

ods employed by the proposed ANC system to conquer the
two parts of Eq. (20). In Fig. 2, one can see that forcing
|7 (1) 6(t)| =0 and driving &,= ¢"A,— 0 is very cooperative.
It is therefore possible to achieve optimal ANC performance
without persistent excitations.

IV. OPTIMAL H, NORM CONTROLLER

The key feature of the proposed system is how to design
a controller such that ¢(7) is as orthogonal to 6 as possible.

J. Acoust. Soc. Am., Vol. 120, No. 1, July 2006

This is not a problem if S(z) is MP in every step of the
adaptation process. The controller has a simple form G(z)

=—H(z)/8(z), and 6 is perfectly orthogonal to ¢(f), because
#'(1)6=0 is equivalent to
X . . . H(z
Fi(2)r(2) + $alo) = [H@ - 5012

S(z)

]r(z) =0. (21)

In practice, the error sensor is not collocated with the sec-
ondary source to avoid the near-field effects. S(z) and S(z)
are very likely to be NMP. Design methods must be studied
to find G(z) such that 6 is as orthogonal to ¢(¢) as possible,
which is the focus of the present section. This is equivalent

to minimizing ||H(Z)+§(Z)G(Z)”2 by an optimal controller
G(2).

A. lIR solution

When 3‘(z) is NMP, it is possible to achieve optimal
performance in the minimum H, norm sense using an infinite
impulse response (IIR) filter. The first step is the factoriza-
tion of 3(z)=S,,,(z)S,,(z) where S,,(z) and S,(z) are the MP
and NMP parts of S(z), respectively. If S, (z) :Efzos,,,»z‘i , then
§n(z)=2f:0sn(d_,»)z‘i can be obtained by using coefficients of
S,(z) in the reversed order. Since roots of S,(z) are {|r
>1}, 5;1(z) is stable because roots of S, (z) are {irr|< 1}3.16
One may write

5 = 5,(5m(2) = 295 ()5,,(2). (22)

S,(2)

where [S,(e/*)|=|e~4S,(e7*)|=|S,(e/*)| for all '® and
S.(2)/8,(z) is a stable all-pass filter.

Equation (22) implies the factorization of S(z)
=F,(z)F,(z) into the product of an all-pass filter F,(z)
=5,(2)/S,(z) and a MP filter F,,(z)=S,(2)S,,(z). The objec-
tive is to minimize |[H(z) +8(z)G(z)]r(z)
lent to the minimization of

», Which is equiva-

| +SG|, = |F ) L|F, A + F,Gl, = |F,'H + F,.G

25
(23)

where ||F,(z)|l,=1 since it is an all-pass filter. One may apply
the long-division to obtain

S.HGE) _H,)
S, S,

where H,(z) and H,(z) are, respectively, the quotient and
remainder polynomials. The two parts on the right-hand side
of Eq. (24) are orthogonal to each other in the H, norm
sense.

Since H,(z)/S,(z) is the unstable part of Eq. (24), it can-
not be cancelled by any stable feedforward controller. Opti-
mal control, in the minimum H, norm sense, is the cancella-

tion of the stable part of F;l(z)I:I(z) by a controller in the
form of

FU(2)H(z) = +H,(2), (24)

Jing Yuan: Orthogonal adaptation for active noise control 207
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G(0) == F) ()H, (2) = — — &) (25)

$,(2)S(2)
Substituting Egs. (24) and (25) into Eq. (23), one minimizes
|H+S8G],=||H,/S,), in the H, norm sense. Any other feed-
forward controller only increases |H+SG]||, if it replaces
G(z). This method requires online root-finding and heavy
computations. It is desired to design a suboptimal controller

in a less expensive way, which will be discussed in the next
subsection.

B. FIR solution

With some sacrifice of performance, it is possible to find
a FIR filter controller G(z) and minimize ||H(z)+5(z)G(2)],
=[|Q(z)|l,- When G(z) is a FIR filter, Q(z) is also a FIR filter
with coefficients given by

p= — - ) - §l
q1 hy A
S2 81
q.2 h2 §2 gl
: . PO R 8>
q= = +|5, T I
hm §m *SA;Z S
92m-1 A
L L1 S |
=h+Mg, (26)
where ¢"=[q,,...,q_1] and g"=[g,, ... ,g,,] are coefficient

vectors of Q(z) and G(z), respectively.

According to Parserval’s theorem, minimization of
|A(z)+8(z)G(2)|l,=]0()||, is equivalent to minimization of
lgl>. The focus is now directed to

q'q= (fl + Msg)T(ﬁ +Mg)= hTh + iAzTMSg + gTMSTi;
+g'Rg. (27)

where R,=M STM s 1s the autocorrelation matrix of the impulse
response of S(z). Introducing p=MZﬁ, one may substitute
¢™M"h=g"R.R'p into Eq. (27) to write

q"q=h"h=p"R;'p+ (Rg +p)'R;' (Rg +p), (28)

where parameter vector g only affects (R g+ p)TRgl(ng +p).
The minimization of ¢”¢, subject to the constraint of a FIR
G(z), has a unique solution R,g=—p.

The structure of R, depends on the structure of M. Let
m; denote the ith column of M. An examination of Eq. (26)
will enable one to see that m; and m; are related to each other
by |i—j| vertical shifts. Let r,(i,j) denote the (i,j)th element

of R,. Then
m—|i=j|
ry(i.j) =mim;=mim;= > S (29)
k=1
It turns out that R, is a Toeplitz matrix. There are many
fast algorithms for the solution of R,g=—p by taking advan-

tages of the Toeplitz structure of Rs.l7 Most of them are
available commercially in the Digital Signal Processing

208  J. Acoust. Soc. Am., Vol. 120, No. 1, July 2006

(DSP) block sets of MATLAB. The FIR controller is subop-
timal if compared with its IIR counterpart, but it is less com-
putationally expensive.

C. lterative FIR solution

In many ANC applications, H(z) and S(z) must be ap-
proximated by FIR filters with sufficiently large numbers of
coefficients. The degree m may be very large so that direct
solution of R,g=—p is still expensive even using the avail-
able efficient algorithms. In that case, it is possible to con-
sider iterative minimization of ¢’q.

Consider a positive definite function J=0.5¢T¢ and an
iterative algorithm that keeps modifying g to minimize J.
The time derivative of J is given by

T=q¢"Mg (30)

where Eq. (26) has been used to link g to g. The above
equation suggests a very simple way to modify g. It is given
by

g=—puMlq. (31)

where w is a small positive constant. When coded in a high-
level computer language, such as MATLAB, this is equiva-
lent to an instruction “g=g—uM’qdt.” Combining Egs. (30)
and (31), one can see that J=—ug”M M ,g<0, which means
J=0.5¢gTq will be minimized by the simple modification
rule of Eq. (31).

The only advantage of iterative solution is the reduced
computations. It comes with a further sacrifice that J
=0.5¢gTq is not minimized instantly. If adaptation speed is
not a critical issue, this method may be used to reduce the
cost of the ANC system.

V. EXPERIMENTAL VERIFICATION

An experiment was conducted to verify the analytical
results. A feedforward ANC was implemented in a duct with
a cross-sectional area of 11X 14.5 cm?. The primary source
was generated by a 4-in. loudspeaker placed at the upstream
end of the duct. It was excited by the pseudo-random noise
n(z) that was not available to the ANC system. The second-
ary source was a 4-in. loudspeaker placed at the midpoint of
the 2-m duct. A microphone sensor was placed in front of the
primary source to measure the reference signal. The error
sensor was another microphone placed 0.2 m downstream
from the secondary source to avoid the near field effects of
the secondary source. The sampling frequency of the system
was 2.5 kHz, and all signals were low-pass filtered with a
cutoff frequency 950 Hz.

The block diagram of the experimental system is the
same as a typical ANC system in Fig. 1. Since the duct is a
resonant system, the downstream reflection joins the second-
ary signal to contaminate the measured signal x(z)
=R(z)n(z) +F(z)a(z). Although the reference sensor was
placed in front of the primary source, R(z) # 1 due to the
resonant effects. The collocation of the reference sensor and
the primary source causes a MP R(z). Since the error signal
was not collocated with the secondary source, the secondary
path S(z) was NMP. In the experiment, both F(z) and S(z)

Jing Yuan: Orthogonal adaptation for active noise control
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FIG. 3. Power spectral density plots of uncontrolled (gray) and controlled
(black) noise.

were not available to the ANC system. A FIR controller with
m=400 coefficients was implemented using the method of
Sec. IV B. The optimal IIR controller, discussed in Sec.
IV A, was not implemented due to its heavy computations
for online root-finding.

The experimental results are plotted in Fig. 3 as two
curves. The gray curve represents the normalized power
spectral density (PSD) |e(z)/r(z)| of the uncontrolled noise.
It was obtained when the active controller was turned off.
The black curve plots the normalized PSD |e(z)/r(z)| of the
controlled noise. It demonstrates significant noise suppres-
sion effects in most frequencies except a small region around
780 Hz. The ANC enhanced noise near 780 Hz instead of
suppressing it. In the experiment, broadband noise was heard
when the ANC system started. As the controller converged,
audible noise became weaker and eventually reduced to a
weak single tone noise.

The poor performance near 780 Hz was due to the NMP
zero of S(z). In Fig. 4, the magnitude responses of the pri-
mary and secondary paths are shown. The secondary path
has zeros (dips) in a number of frequencies. When the error
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FIG. 4. Magnitude responses of primary (gray) and secondary (black) paths.
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sensor was not too far away from the secondary source, most
zeros of S(z) were MP except one near 780 Hz. A NMP S(z)
is the problem of all ANC systems. Even if both H(z) and
S(z) were available without errors, perfect cancellation of
broadband noise would still be impossible for a single-source
feedforward ANC system, since —S~'(z)H(z) is not stable. It
is possible to design an IIR controller to match the stable part
of —S7X(z)H(z) for optimal ANC performance. In simula-
tions, the IIR controller neither enhances nor suppresses
noise at the NMP zeros. Its FIR counterpart reduces online
computations significantly with inevitable sacrifice in ANC
performance that is most visible near the NMP zeros of S(z).
Since heavy online computations prevented the testing of the
IIR controller at 2.5-kHz sampling rate, a FIR solution was
tested to approximate —S~'(z)H(z). The experimental perfor-
mance of the FIR controller is very similar to its simulation
performance.

In Eq. (20), the ANC control error is divided into e,

=g,+¢'(1) 6(r). All LS or LMS algorithms are able to drive
the convergence of &,— 0 regardless the zeros of S(z). The

NMP zeros of S(z) only hinder the minimization of
|¢"(1)6(r)|. The FIR controller is not able to minimize
|¢7(1)6(1)| as well as an IIR controller, but it is stable and

achieved the smallest |¢”(r)6(r)| achievable by a FIR control-
ler in the H, norm sense.

The NMP problem is solvable by adding an extra sec-
ondary source. If the secondary paths are co-prime, it is pos-
sible to achieve perfect cancellation performance.l&19 A fur-
ther study is conducted to integrate the proposed method
with the extra-speaker method. The main obstacle is online
computations. If a controller involves the online inverse of
an m X m matrix, then two controllers involve the online in-
verse of a 2m X 2m matrix. This means substantial reduction
of sampling rate and controller bandwidth. Faster methods

are sought for online minimization of |$"(¢) é(z)|.

VI. CONCLUSION

An orthogonal adaptation algorithm is proposed for non-
invasive adaptive noise control. All available noninvasive
adaptive algorithms consist of two adaptation processes: one
for online path modeling and the other for controller tuning.
The proposed method solves controller parameters to speed
up system convergence. This is the first feature of the pro-
posed method. Some of the noninvasive algorithms perturb
controllers to avoid the probing signals. Those methods are
not truly noninvasive since controller perturbation is an in-
vasive measure. The second feature of the proposed method
is the replacement of persistent excitation with the co-plane
requirement. It leads to a truly noninvasive adaptive ANC
system without controller perturbation or probing signals. All
available noninvasive algorithms involve two adaptation pro-
cesses; it is very difficult to analyze the coupling effects of
the adaptation processes and derive rigorous stability proofs.
For the proposed method a rigorous stability analysis is pre-
sented using the orthogonal projection method plus the
Lyapunov approach. It is proven that the proposed controller
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will converge to an optimal one in the minimum H, norm
sense. Experimental results are presented to demonstrate the
performance of the proposed method.
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