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ACTIVE NOISE CONTROL WITH SAMPLED-DATA FILTERED-x
ADAPTIVE ALGORITHM

MASAAKI NAGAHARA, KEN-ICHI HAMAGUCHI, AND YUTAKA YAMAMOTO

ABSTRACT. Analysis and design of filterexladaptive algorithms are conventionally done
by assuming that the transfer function in the secondary athdiscrete-time system.
However, in real systems such as active noise control, ttensiary path is a continuous-
time system. Therefore, such a system should be analyzedeasighed as a hybrid system
including discrete- and continuous- time systems and ADf@e®ices. In this article, we
propose a hybrid design taking account of continuous-tieteabior of the secondary path
via lifting (continuous-time polyphase decompositionjheique in sampled-data control
theory.

1. INTRODUCTION

Recent development of digital technology enables us to rdajital signal processing
(DSP) systems much more robust, flexible, and cheaper thalogeystems. Owing to
the recent digital technology, advanced adaptive algmsttvith fast DSP devices are used
in active noise contro{ANC) systems[[2, 18]; air conditioning ducts| [5], noise calireg
headphones [6], and automotive applications [12], to nafesva

Fig.[ shows a standard active noise control system. In tstes, x(t) represents
continuous-time noise which we want to eliminate duringaeg through the duct. Pre-
cisely, we aim at diminishing the noise at the pdinfor this purpose, we set a loudspeaker
near the poin€ which emits anti-phase sound signals to cancel the noisee3$he noise
is unknown in many cases, it is almost impossible to detezraimti-phase signaks pri-
ori. Hence, we set a microphone at the paitib measure the continuous-time noise, and
adopt a digital filtel (z) with AD (analog-to-digital) and DA (digital-to-analog) dees.
Namely, the continuous-time signa{t) is discretized to produce a discrete-time signal
X4, Which is processed by the digital filt&(z) to produce another discrete-time siggal
Then a DA converter and a loudspeaker at the pgiate used to emit anti-phase signals
to cancel the noise in the duct.

In active noise control, it is important to compensate thstaition by the transfer char-
acteristic of the secondary path (fr@to C). To compensate this, a standard adaptive algo-
rithm uses a filtered signal of the noigeand is callediltered-x algorithm[9]. This filter
is usually chosen by a discrete-time model of the secondatty[§,[2]. Consequently, the
adaptive filterk (z) optimizes the norm (or the variance in the stochastic setfifile dis-
cretized signaé(nh), n=0,1,2,... whereh is the sampling period of AD and DA device.
This is proper if the secondary path is also a discrete-tiystesn. However, in reality, the
path is acontinuous-timesystem, and hence the optimization should be executedgtakin
account of the behavior of the continuous-time error sig(tal Such an optimization may
seem to be difficult because the systemliyhrid system containing both continuous- and
discrete-time signals.
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FIGURE 1. Active noise control system

Recently, several articles have been devoted to the desitgidering a continuous-time
behavior. In[[13], a hybrid controller containing an andiiitgr and a digital adaptive filter
has been proposed. Owing to the analog filter, a robust pesdioce is attained against the
variance of the secondary path. However, an analog filteftésm anwelcome because of
its poor reliability or maintenance cost. Another approhak been proposed inl[8]. In
this paper, they assume that the noiég is a linear combination of a finite number of
sinusoidal waves. Then the adaptive algorithm is executdioe frequency domain based
on the frequency response of the continuous-time secormighy This method is very
effective if wea priori know the frequencies of the noise. However, unknown sigritéal w
other frequencies cannot be eliminated. If we prepare adgfiters considering many
frequencies to avoid such a situation, the complexity otcibrgroller will be very high.

The same situation has been considered in control systemogthThe modersampled-
data control theory1] has been developed in 90’s |15], which gives an exactuiéanalysis
method for hybrid systems containing continuous-time{gland discrete-time controllers.
The key idea idifting. Lifting is a transformation of continuous-time signalstoinfinite-
dimensional (i.e., function-valued) discrete-time signahe operation can be interpreted
as acontinuous-time polyphase decompositismmultirate signal processing, the (discrete-
time) polyphase decomposition enables the designer t@meréll computations at the
lowest rate[[14]. In the same way, by lifting, continuousi signals or systems can be
represented in the discrete-time domain with no errors.

The lifting approach is recently applied to digital signabgessing[[4l 10, 16], and
proved to provide an effective method for digital filter dgsi Motivated these works, this
article focuses on a new scheme of filteseaidaptive algorithm which takes account of the
continuous-time behavior. More precisely, we define thédlem of active noise control as
design of the digital filter which minimizes a continuousw cost function. By using the
lifting technique, we derive the Wiener solution for thioplem, and a steepest descent
algorithm based on the Wiener solution. Then we propose a8 I(lgast mean square)
type algorithm to obtain a causal system. The LMS algorittwolives an integral compu-
tation on a finite interval, and we adopt an approximatioredam lifting representation.
The approximated algorithm can be easily executed by aafliiene-invariant, and finite
dimensional) digital filter.

The paper is organized as follows: Sectidn 2 formulates tbblpm of active noise
control. SectiohI3 gives the Wiener solution, the steepesteht algorithm, and the LMS-
type algorithm with convergence theorems. Sedtion 4 prepas approximation method
for computing an integral of signals for the LMS-type alglom. Sectiof b shows simula-
tion results to illustrate the effectiveness of the propasethod. Sectionl 6 concludes the

paper.
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FIGURE 2. Block diagram of active noise control system

Notation.

R, R, : : the sets of real numbers and non-negative real numbepzaiely.

Z,7Z.: : the sets of integers and non-negative integers, respégctiv

R", R™M: : the sets oh-dimensional vectors analx m matrices oveiR, respec-
tively.

L2, L2[0,h): : the sets of all square integrable functionslbn and[0,h), respec-
tively.

MT: : transpose of a matridd.

a. : the complex conjugate of a complex numher

s : the symbol for Laplace transform

z : the symbol forZ transform

2. PROBLEM FORMULATION

In this section, we formulate the design problem of activie@control. Let us consider
the block diagram shown in Fig] 2 which is a model of the actieése control system
shown in Fig[1. In this diagran®(s) is the transfer function of the primary path fram
to C in Fig.[d. The transfer function of the secondary path f®to C is represented by
F(s). Note thatP(s) andF(s) are continuous-time systems. We model the AD device by
the ideal sampler, with a sampling periodh defined by

()N :=x(nh), neZ,.

That is, the ideal sample#4, converts continuous-time signals to discrete-time sgnal
Then, the DA device is modeled by the zero-order hiffdwith the same periol defined

by
(%y)(t) = ;(Q)(t - nh)y[n]v te [O’ oo)’

whereg(t) is the zero-order hold function or the box function defined by

%m:{Ltepm

0, otherwise

That is, the zero-order holé#, converts discrete-time signals to continuous-time signal
With the setup, we formulate the design problem as follows:

Problem 1. Find the optimal FIR (finite impulse response) filter
N-1

K(z) = z akZ~
K=0
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which minimizes the continuous-time cost function
I= / e(t) 2. L)
Jo

Instead of the conventional adaptive filter design [3], fhizblem deals with the continuous-
time behavior of the error signalt). To solve such a hybrid problem (i.e., a problem for
a mixed continuous- and discrete-time system), we intredloe lifting approach based on
the sampled-data control theory [1].

In what follows, we assume the following:

Assumption 2. The following properties hold:

(1) The noisexis unknown but causal, that ig(t) = 0 if t < 0, and belongs tb?.
(2) The primary patliP(s) is unknown, but proper and stable.
(3) The secondary pafh(s) is known, proper and stable.

3. SAMPLED-DATA FILTERED-X ALGORITHM

In this section, we discretize the continuous-time costcfiom (1) without any ap-
proximation, and derive optimal filters. We also give cogesrce theorems for the pro-
posed adaptive filters. The key idea to derive the resultsinsection is thdifting tech-
nique [15/1].

3.1. Wiener Solution. In this subsection, we derive the optimal filter coefficieagsay, ..., an_1
which minimize the cost functiodin (D).
First, we split the time domaii®, ) into the union of sampling intervalsh, (n+ 1)h),
neZz.,as
[0,00) = [0,h)U[h,2h)U[2h,3n)U---.
By this, the cost functiorf{1) is transformed into the sumhef1t?[0, h)-norm ofe(t) on

the intervals:
oo © h © h
J:/ e(t) %t = /enh+92de= / 6)2de, 2
) =5 [lelnn+6) 0= 5 |len(6) @

whereen(6) = e(nh+0), 6 € [0,h),n€ Z. The sequencge,} of functionses, ey,... on
[0,h) is called thelifted signal[15,[1] of the continuous-time signalk L?, and we denote
thelifting operatorby %, thatis,{en} = Ze. In what follows, we use the notion of lifting
to derive the optimal coefficients.

Next, we assume that a state space realization is giveh(B)ras

o [ =AZ0)+By).
Sl w(t) =Cq(t), teR,

whereZ (0) =0,Ac RV*V, Be RV, andC € R¥™*V. By Fig.[2, the continuous-time signal
w is given by

w=Fy=FJhyq
whereyy is a discrete-time signaly = {ya[n]} which is produced by the filteK(z). Let
Wn(0) :=w(nh+8), 8 € [0,h), ne Z4 (i.e., {wh} ;= ZW). Then, the sequence of func-
tions{wy} is obtained as

{wn} = ZF Y.
Let. %, .= .2ZF 4. Then the systen# is a discrete-time system as shown in the following
lemmall, Sec. 10.2]:
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Lemma 3. %, is a linear time-invariant discrete-time (infinite-dimémsal) system with
the following state-space representation:

[ &[n+1] = An&[n] + Bryaln],
‘%'{ W= Gl + Aalil. neZs. ©
where
h
A= et e RVY, Bh::/ 0Bdg ¢ RV<1,
0 (4)

%R 5 & s CEE € L2[0,h), .@h:Rade/ CeBdT -yg € L2[0,h)
0

The LTI property of%}, in Lemmd3 gives
{wn} = Zn{yaln]}

=S ({2 %in)}) ®

where{un} := Zn{xq[n]}. Note that{un} is the lifted signal of the continuous-time signal
u= FJ%xq, thatis,

{un} = Z(Fotixg) = 2.
The relation[(b) gives the continuous-time relation as

N-1

w(t) = ké ogu(t —kh), teR,.

By using this relation, we obtain the following theorem foe toptimal filter.
Theorem 4 (Wiener solution) Let u:= (F.74,)xg. Define a matrix® and a vecto3 as

¢ = [Pulkio1..n-1 € RVN Bi=[Bdk01. n-1€RN,

where forkl =0,1,...,N—1,
By = /Omu(t—kh)u(t—lh)dt, Bei= /Omd(t)u(t—kh)dt.
Assume the matrist is nonsingular. Then the gradient of J definedis given by
Oed=2(®a—B), a:=][ap,a1,...,0an-1] (6)

and the optimal FIR parameter®® = [ad™, a®,..., a™,]T which minimizes J is given
by
a%®'=o 1B (7
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Proof: Let {dn} := Zd. By the equation$ {2)/.15), are = d,, — Wy, we have

0 ‘h N—1 o h
J= / dn(6)2d6—2 Y ay / dn(6)un_(6)d6
nZO 0 " kZO n;'o " "
N—-1N-1 o

+ k;) I;) oo n; /o'h Un(6)Un1(8)d6. (8)

Computing the gradienil,J and applying the inverse lifting, we obtald (6). Then, if the

matrix @ is nonsingular, the optimal parametEl (7) is given by sguime Wiener-Hopf

equationda — 3 =0. O
We call the optimal parameter®® the Wiener solution

3.2. Stegpest Descent Algorithm. In this subsection, we derive ttsteepest descent al-
gorithm(SD algorithm)[[3] for the Wiener solution obtained in Themi4. This algorithm
is a base for adaptation of the ANC system discussed in thiesnbgection.

According to the identity({6) in Theorel 4 for the gradientlpthe steepest descent
algorithm is described by

aln+1)=an — %DG[H]J
=an+u(B—®aln]), neZy,
wherep > 0 is thestep-size parameter
We then analyze the stability of the above recursive algorit Before deriving the

stability condition, we give an upper bound of the eigengalaf the matrixp.

(9)

Lemma 5. LetAq,...,Ay be the eigenvalues of the matdx Let G denote the Fourier
transform of u= F J#xq, and define
2

Sjw) = % z a (jw+ ZnTn])
nf=w
Then we have
0<Ai < IS = sup{S(jw) | we (—f.F)} (10)
fori=1,2,...,N.
Proof: SedA. O

By this lemma, we derive a sufficient condition on the step gifor convergence.

Theorem 6 (Stability of SD algorithm) Suppose tha® > 0 and the step sizg satisfies
0<u <29t (11)

Then the sequendax[n]} produced by the iteratio@) converges to the Wiener solution
a®Ptfor any initial vectora[0] € RN.

Proof: The iteration[(P) is rewritten as

aln+1] = (I —uP)an+ up.

Supposed > 0. Let Amax denote the maximum eigenvalue @f ThenAmax > 0 since
® > 0. The condition[{Tl1) and the inequalify {10) in Lemima 5 give < 2A;2,, which
is equivalent to1— uAj| < 1,i=12... N. It follows that the eigenvalues of the ma-
trix | — u® lie in the open unit disk in the complex plane, and hence #miion [9) is
asymptotically stable. The final value

O = lim a[n]
n—oo
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Algorithm

FIGURE 3. Sampled-data filteredladaptive algorithm

of the iteration is clearly given by the solution of the edgomat®a., = 3. Thus, since
® > 0, we haven, = @1 = a°t, O

3.3. LM StypeAlgorithm. The steepest descent algorithm assumes that the rixanid
the vectoiB are knowra priori. Thatis, the noisgx(t) }icr, and the primary patR(s) are
assumed to be known. However, in practice, the ndige) }icr, cannot be fixed before
we run the ANC system. In other words, the ANC system shoulidpeausafor running
the steepest descent algorithm. Moreover, we cannot pecalipitrarily noise{x(t) }tcr,
(this is whyx is nois@, we cannot identify the primary paf(s). Hence, the assumption
is difficult to be satisfied.

In the sequel, we can only use data up to the present time fzatity and we cannot
use the model oP(s). Under this limitation, we propose to use an LMS-type adapti
algorithm using the filtered noise= F 74 x4 and the erroe up to the present time.

First, by the equatiori[5) and the relatiea- d — w, we have

a‘] N-1 00
—=—2<Bk— %CDHm):—Z/ e(t)u(t—kh)dt, k=01,... N—1
e Jo

dag
Based on this, we propose the following adaptive algorithm:
ain+1]=a[n]+ud[n, neZ,, (12)

whered[n] = [5o[n],51[n],...,6N,1[n]]T with
8] i= /Onhe(t)u(t _Kkh)dt, k=0,1,...,N—1.

The update direction vectdin| can be recursively computed by

(n+1)h
o[n+1]=9d[n + \ e(t)u(t)dt, neZ,, (13)

where
-

u(t) := [u(t),u(t —h),...,u(t—(N=1)h)

This means that to obtain the vec&®n] one needs to measure the ereand the signal
u = FJ#%xq on the interval(n— 1)h,nh) and compute the integral il (13). We call this
scheme thesampled-data filtered-x adaptive algorithrhe term “sampled-data” comes
from the use of sampled-datgof the continuous-time signal The sampled-data filtered-
x adaptive algorithm is illustrated in Figl 3. As shown in tfigure, in order to run the
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adaptive algorithm, we should use the sigmalhich is “filtered”xy by F.#,, and also use
the error signaé.

To analyze the convergence of the iteration, we considefdh@wving autonomous
system:

an+1] = (I —u®[n)aln, nez,, (14)

where®[n] = [®y [n]]k,I:O,l,...,Nfl with

O[] == /Onhu(t—kh)u(t—lh)dt.

Then we have the following lemma:

Lemma 7. Suppose the following conditions:
(1) The sequencg®|[n]} is uniformly bounded, that is, there exists- 0 such that
@]l <y, VneZ,.

(2) The step-size parametgrsatisfies

-1
oO<pu< 2(r@gi<Amax(¢[n])> :

whereAmax(®[n]) is the maximum eigenvalue @fn].
(3) The sequencéu®|n|} is slowly-varying, that is, there exists a sufficiently dmal
€ > 0such that

|u(®n—®n-1])|<e, VneZ,.
Then the autonomous systébd) is uniformly exponentially stalfle

Proof: SedB. O
By LemmdT, we have the following theorem:

Theorem 8 (Stability of LMS algorithm) Suppose the conditions 1-3 in Lendmha 7. Then
the sequencéa[n]} converges to the Wiener solutior??",

Proof: Let B[n] := [Bn]], o1 N1 € RN with

nh
Buln] ::/0 d(t)u(t — khyc.

Putc[n] := a[n] — a®°Pandg[n] := B[n] — ®[n]a®P. Then,®[n] — & andB[n] — B as
n — oo, and hence

g[n] — e as n— oo. (15)

By LemmdY, the autonomous systdml(14) is uniformly expaakystable and fron((115)
it follows thatc[n] — 0 asn — o. Thus, we have[n] — a®Ptasn — . O

1The system[(T4) is said to hmiformly exponentially stablfL1] if there exist a finite positive constaat
and a constant & r < 1 such that for anyig andao = a[0] € RN, the corresponding solution satisfigs[n]|| <
cr""||al| for all n > ng.
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4. APPROXIMATION METHOD

To run the algorithm{112) witH (13), we have to calculate titegral in [IB). It is usual
that the error signad is given as sampled data, and hence the exact value of thgrait
is difficult to obtain in practice. Therefore, we introdugeapproximation method for this
computation.

First, we split the intervgl0, h) into L short intervals as

[0,h) = [0,h/L)U[h/L,2h/L)U---U[h— h/L,h).

Assume that the errais constant on each short interval. Then we have,

/(n+l)h e(t)u(t — khyc %/Hl h/L+nh Ju(t — Kh)dt = [n]TU[l’l—kL

h Ih/L+nh
where
e(nh) VL u(6+nhyde
e(h/L+nh) th/L u(6 +nh)de
en| = : , U[n:= _
&(h—h/L+nh) iy u(® -+

Then the integral itJ [n] can be computed via the state-space representatigiy giiven
in 3). In fact,U [n] can be computed by the following digital filter:

nin+1] = Ayn[n] + Brxa[n],
U[n] =Cxn[n]+Dnxa[n], neZ,

whereAy, andB;, are given in[(#)Cy, andDy, are matrices defined by

Jokcerodo L jo CeMdrde
/L0 g P cergran
Gy = fh/l_ . . Dpi= fh/l_ fo
h ' h 9
Jil-pn CEdO Ji-on fo Cef'drde

Note that the integrals iBy,, C,, andDy, can be effectively computed by using matrix
exponentialsi7,[1].

Let us summarize the proposed adaptive algorithm. The montis-time erroe(t) is
sampled with the fast sampling peribdL and blocked to become the discrete-time signal
e[n], and the signak(t) is sampled with the sampling peribdo becomexy[n]. Then the
sampled signaky is filtered byF,(z) and the signal [n] is obtained. By using|n] and
{U[n},U[n—1],...,U[n— N+1]}, we update the filter coefficiert[n] by (12) and[(IB)
with

eln"u[n|
/(n+1)h gn"uUn-1
n

enu [n'— N+ 1]

We show the proposed adaptive scheme in[Big. 4.
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FIGURE 4. filteredx adaptive scheme

Bode gain plot
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FIGURE 5. Fregnecy response Bfs) (dash) andP(s) (solid). The ver-
tical line indicates the Nyquist frequeney(rad/sec).

5. SMULATION

In this section, we show simulation results of active noisetml. The analog systems
F(s) andP(s) are given by

F(s)= 1 128 k2
s+1.1 20252+25ks+k2’
12x1.3 (1.2k)?

P8 = G312+ 19 20 Z 120 (1.2K)5+ (L2K)2

The Bode gain plots of these systems are shown inFig. 5. Tindlggw)| has peaks at
w=1,2 3 4 (rad/sec) anfP(jw)| has peaks ab = 1.2,2.4,3.6,4.8 (rad/sec). We set the
sampling periodh = 1 (sec) and the fast-sampling ratie= 8. Note that the systents(s)
andP(s) are stable and have peaks beyond the Nyquist frequeneyrt (rad/sec).

Then we run a simulation of active noise control by the preplasethod with the input
signalx(t) shown in Fig[6. Note that the inpuft) belongd.? and satisfies our assumption.
To compare with the proposed method, we also run a simulétjoa standard discrete-
time LMS algorithm [2], which is obtained by setting the fasimpling parametdr to
be 1. The step-size parameteiin the coefficient update i (1L2) is set to be 0.1. Eig. 7
shows the absolute values of error sigegl) (see Fig[lL or Figl]l2). The errors by the
conventional design is much larger than that by the proposattiod. In fact, th&2 norm
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FIGURE 6. Input signak(t) with 0 <t < 100 (sec).

Absolute Error |e(t)|
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FIGURE 7. Absolute values of error signalt): conventional (dash)
proposed (solid).

of the error signat(t), 0<t <100 (sec) is 2.805 for the conventional method and 1.392 for
the proposed one, which is improved by about 49.6%. Thetrskolvs the effectiveness
of our method.

Fig.[8 shows the? norm of the erroe(t), 0 <t < 100 (sec) with some values of the
step-size parameter. Fig.[8 shows that the error by the proposed method is equal to
or smaller than that by the conventional method for almdsvalles ofu. Moreover,
the error by the proposed method can be small for much widendal than that by the
conventional method. In fact, th& norm of the errof|e||, < 10 if 4 € (0,0.7257) by the
proposed method, whilge||> < 10 if u € (0,0.4051) by the conventional method. That is,
the interval by the proposed method is about 1.8 times wither that by the conventional
method.
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L2 norm of error

-e- Conventional
gl Proposed : 1

FIGURE 8. L? norm of the erroe(t): conventional (dash) and proposed (solid).

In summary, the simulation results show that the proposetiodegives better perfor-
mance for wider interval of the step-size parametesn which the adaptive system is
stable than the conventional method.

6. CONCLUSION

In this article, we have proposed a hybrid design of filtexeattaptive algorithm via
lifting method in sampled-data control theory. The propmbesigorithm can take account of
the continuous-time behavior of the error signal. We hase ptoposed an approximation
of the algorithm, which can be easily implemented in DSP.u#ion results have shown
the effectiveness of the proposed method.
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APPENDIXA. PROOF OFLEMMA [B]
First, we prove\; > 0fori=1,2,... N. Let
U(t) = [u(t),utt—h),...,ut —Nh+h)] ".
Then, for non-zero vectore RN, we have
.00 "00 2
vchv_vT</ U(t)U(t)Tdt)v_ / Vuw[a=o.
JO JO
Thus® > 0 and henca; > 0fori =1,2,...,N. Next, sincau(t) = 0 fort < 0, we have

by — ./: u(t — khyu(t — Ih)dt = /:u(t ~ (k—Dhu(t)ct.
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By Parseval’s identity,

D = 2/ 0 w)0(jw)e®*Ndgy

h/m L w(k-1)h
27Tn_zm/ i (Jw+—h )‘ g@k=Dhggy
h h/m

=/ S(Jw)e"*’k DNdeo.

Then, letv = [vo,vl,...,vN,l]T be a nonzero vector iiRN. Let V denote the discrete
Fourier transform of, that is,

V(jw): Ni we 19N e (—m/h, /h).

Perseval’s identity again gives

~11/h
viv= L/
21 —m/h

<
<

(jw)V(jw)dw.

Then we have

N—-1N-1
VT(DVZ Z %VKVHDH
k=0 1

N—1N-1 h h/m "
= — i (k—1)h
> > viv 2n/7h/nS(Jw)e' dw

k=0 1=0

h ,mh (i co)d
= 3]y SIOT@(0)d
< ISV

It follows that

max A =max{v ®v|ve RN, viv=1}
1<i<N

<|[Seo-

APPENDIXB. PROOF OFLEMMA [1]
LetW[n]:=1 — pu®d[n], n€ Z,.. By the assumption 1, we have
| winl | = 1 s} <N+ g0l <N+ py.
Thus, the sequendéV[n|} is uniformly bounded. By the assumption 2, we have
| Amax(W[n])| <1, VneZ,.
Also, by the assumption 3, we have
W —Wh-1]|| <€,

that is, the sequendé¥[n]} is slowly varying. With these inequalities, the uniform exp
nential stability of the systerf (L4) follows from Theorem&#h [11].
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