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Abstract

An active noise control (ANC) problem, especially for
active control of road noise inside automobiles is pre-
sented. First, a model for an acoustic field, which
includes loudspeaker and microphone characteristics,
1s coustructed using the system identification theory.
Second, the control law of a 2DOF-ANC (two-degree-
of-freedom ANC) system is designed based on the
identified model. Lastly, the control performance of
the 2DOF-ANC' system 1s examined through com-
puter simulations using actual vehicle data measured
in the experiment which simulates road noise within
the cabin.

1. Introduction

With respects to the vibration control system, active
control strategies have attracted much attention in
comparison with passive control strategies. In par-
ticular, ANC (active noise control)[1] is a challenging
area for both acoustic and control engineers. In the
automobile industry, vehicle weight reduction has be-
come inecreasingly important from the fuel consump-
tion point of view, however. this Increases nolses in
the antomobile. Therefore, ANC' is considered to be
a promising means of noise reduction[2].

Two problems, modeling of the acoustic field by the
system 1dentification theory[3] and the control sys-
tems design for ANC based on the identified model

are discussed.

First, a model for an acoustic field which includes
loudspeaker and microphone characteristics is con-
structed using system identification theory. In partic-
wlar, ASID (subspace-based state-space system iden-
tification) method 1s adopted in order to build an
IR (infinite impulse response) model for the acoustic
ficld. The LR model is used as a nominal model for
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designing a feedback controller and it can reduce the
number of arithmetic operations in feedforward con-
trol. The 45ID method can determine the order of the
IT1R model based on singular values of the Hankel ma-
trix. The 4SID method has a few drawbacks, for ex-
ample, it operates in a off-line manner and it requires
a great deal of computations. However, modeling of
the acoustic field for ANC is usually conducted before
ANC is implemented, so the computational burden is
minimal.

Then, the control law of a 2DOF-ANC (two-degree-
of-freedom ANC) system[4]~[6] is designed based on
the identified model. The FF (feedforward) part
of the 2DOF-ANC is a conventional filtered-x LMS
adaptive control and the FB (feedback) part is based
on an internal model control (IMC){7] which is known
as a robust control design method especially for dead-
time systems.

Finally, effectiveness of the proposed control systern
design procedure 1s examined through identification
and control experiments. First, a system identifica-
tion experiment by random excitation is conducted
to model the acoustic field. It will be shown that
the identified IIR model is of low order and has a
considerably similar gain characteristic to that of the
conventional FIR (finite impulse response) modeling
by LMS (least mean square) algorithm. Then, the
control performance of the 2DOF-ANC system, that
1s designed based on the identified model, is exam-
ined through computer simulations using actual vehi-
cle data measured in the experiment which simulates
cabin road noise.

2. Active noise control problem

[n this paper. the single-input. single-output. single-
error (SISOSE) systerm shown in Fig.1 is considered.
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where /{ and P are the transfer functions from the
noise source to the error sensor (microphone), and
from the secondary source (loudspeaker) to the crror
sensor. respectively. (7 represents the {ransfer func-
tion of the controller, which calculates the control
signal based on the reference and error signals.

T'wo problems. the system identification and the con-
trol system design problems, are discussed 1 this pa-
per. The former involves how to identify the plant
P based on « priori information and the measured
mput-output data, and the latter concerns how to

design the controller, .
3. Modeling of acoustic field

In this section, modeling of the plant P, i.¢., the
acoustic field, is discussed. As a model of the acoustic
field, the FIR model has been widely used, because
the FIR model can be easily identified from measured
input-output data and is always stable. However, the
FIR model has two problems as a result of it requiring
many parameters. One is the increase in the number
of arithmetic operations when it is desired to con-
struct the conventional FF-ANC system based on the
adaptive filtering theory, such as the filtered-x LMS
algorithm[8]. The other is the difficulty of designing
the FB-ANC system based on the modern or so-called
post-modern control theory such as the robust control
theory. Therefore, there is an urgency to establish a
new modeling method, utilizing an IR niodel, for the
acoustic field in order to construct an accurate and
practical ANC systein.

IMirst. the nominal model, £, . is calculated by the
ASID method. Next. a detail model, Py rqir. is 1denti-
fiecd by the conventional LMS algorithm. It must be
noted that the nominal model and the detail model
arc described by the IR model and FIR model, re-
spectively, Finally, an additive model uncertainty is
evalnated based on the nominal and detail models.
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Nominal model

The IIR nodel is adopted as a nominal model for
designing the FB controller based on IMC. As an
[IR. modehing method, the SHARF (simplified hy-
perstable adaptive recursive filter) method was pro-
posed[9].

however,

[t ensures the stability of the TR model,
the order of the IIR model is determined
heuristically. To clear this point, it 1s proposed that

the 451D method 1s applied to identify the 1R model
n this paper.

The 4SID miethod has attracted much attention in
the past decade because it has a great number of ad-
For example, 1t can easily extend to the
MIMO (multi-input multi-output) system identifica-
tion problem and has no nonlinear optimization pro-
cecure[10]. Morcover, the 4SID method allows us to
quantitatively determine the order of the IIR model
based on singular values of the Hankel matrix[L1].
The 45ID method has a few disadvantages. ¢.g., it re-
quires a heavy computational burden and it can not

vantages.

operate in an on-line manner. However, the modeling
of the acoustic field needs not be conducted on-line,
the computational complexity of the 4SID method is
not significant.

Although many algorithms for the 451D method have
been proposed, the Multivariable Qutput-Error State
Space (MOESP) algorithm{[12] proposed by Verhae-
gen, et alis utihzed in order to identify P, m.

Detail model
A detail model, Py.iqi1. which is described by a higher
order FIR model, is identified by the LMS algorithm.

Model uncertainty
It 1s assumed that the true plant P can be described
by an additive perturbation,

“a - {P : |P(JW) - Pnom‘(.jw)l S I/Va(jw)} (l)

where W, (jw) is a frequency weighting function. Be-
cause the true plant P is not available, W, (jw) is
evaluated based on the nominal and the detail mod-
els, as follows,

|H'let<z1'l(jw) - Pnom(jw)l S [/Va(.}.w)< (2)

System identification experiment

System identification experiment was conducted us-
ing the apparatus shown in Fig.2. The experiment
was intended for the rear passenger ANC. The loud-
speaker and microphone were located in the rear
tray and rear seat headrest, respectively. 'T'he dis-
tance of the acoustic field from the loudspeaker to
the microphone was 0.2 (m). The identification in-
put was a pseudo-random signal, the power spectral
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Figure 3: ldentified gain characteristics of the acous-
tic field

density of which was flat below | (kHz). The input-
output data for system identification was measured
at a sampling rate of 1,280 (Hz). A nominal model
which is the 6th-order ITR model was identified by
the 4SID method and the identified gain character-
istic 1s shown i Fig.3(a). A detail model which is
the H8th-order IR model was obtained by the LMS
algorithun, shown in Fig.3(b). It is clear that the gain
characteristies of the IR model is considerably simi-
far to that of the FIR model.

Based on the identified P,,,, and Py.yq, the weight-
g function of the additive uncertainty, W, (jw), 1s
determined as follows.

~0.79(s + 3.85) 57 + 185.65 + 3207
o s+ 30 s2 4 4205 + 3502

Wa(s) (3)

The gain characteristic of W, (s) is shown n Fig.4.

4. 2DOF-ANC system based on
adaptive and robust control

The ANC system 1s designed based on the identified
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Figure 4: Frequency weighting function (solid line :
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Figure 5: 2DOF-ANC system

model.

Configuration of 2DOF-ANC system

The 2DOF-ANC system[4}~[6] shown in Fig.5 was
briefly reviewed, where P(s), ﬁ(s) Qaq(s) and Q,(s)
are the plant transfer function of acousitic field from
the secondary source to the error sensor, a model of
P(s), the FB controller, and FF controller, respec-
tively. It is noted that the FB and FF controllers can
be designed independently.

The 2DOF-ANC system adopts an adaptive control
strategy based on the well-known filtered-x LMS al-
gorithm for the FF part, and a robust control strategy
based on IMC for the FB part. Because the transfer
function from the suspension signal to the error mi-
crophone depends on the velocity of the vehicle and
the road surface, it is necessary for the FF part to
be based on adaptive control. On the other hand, for
the FB control, the plant P changes only with the
number of passengers and deterioration of the loud-
speaker and microphone. It 1s necessary for the FB
controller to be designed such that it does not cause
howling (instability). Thus, the key point is the de-
sign of the FB controller.

FB controller based on IMC
FB-ANC is designed by Morari’s IMC' design proce-
dure[7] as follows.
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Step 1. Nominal performance
First. the nominal case, P(s) = P(s), is considered.
Evaluating the error ¢ in ‘H» norm,

l

9

nun le|ls = - (4)
Qals ¢

15 obtained when the noise is a step function, i.e.

d(s) = 1/s. where ¢ is the speed of the sound and

[ 1s the distance from the loudspeaker to the micro-
phone[d]. Fq.(1) indicates that FB-ANC' is efficient
only 1f the distance from the loudspeaker to the mi-
crophone is short.

Step 2
[t 1s assumed that

Robust stability

the plant family 1I, can be de-
scribed m terms of an additive uncertainty given by
eq.(1). Then the IMC filter is selected as

|

Fe) = 1o

and A is adjusted so that the robust stability condi-
tion is satisfied.

Active noise control experiment

In order to examine the effectiveness of the identi-
fied nominal ITR model in the previous session 3, the
residual sound pressure level of the FF-ANC system,
based on the identified IIR and FIR models, were cal-
eulated using actual vehicle data. A basic diagram of
the experiments is shown in Fig.6. The results by the
H8th-order FIR model and the 6th-order TR model
are shown in Fig.7. These figures show that the [IR
model gives the same reduction in sound pressure as
the FIR model.
in the TIR model 1s about

However, the number of parameters
/5 of that for the FIR

model.

Next. the 'B-ANC system was designed based on the
identified nominal HR model. The controller was de-

signed i a continuous-time system, and transformed
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a discrete-time system using a bilinear transforma-
tion. In this case. the distance between the loud-
speaker and the microphone was 0.2 (m). The weight-
mg function given by eq.(3) was used. The IMC filter
was designed such that

1

Fls)= ——
() = T3 7 1

(6)
Fig.8 shows the sensitivity function which is the
transfer function from the noise to the error. From
this figure. it can be seen that between 50 and 150
(Hz) attenuation occurs, and other frequency ranges
amplification occurs. The existence of the amplifica-
tion ranges can be explained by the fact that the plant
considered here has unstable zeros, which inevitably
cause the water-bed effect[13]. Tt is important that
the attenuation band is predicted in advance using
the sensitivity function without carrying out experi-
ments. The sound pressure level of the FB-ANC is
shown in Fig.9(a). The figure shows that 1t is difficult
to reduce road noise using only the FB controller.

Finally, the 2DOF-ANC system was constructed
based on the FF and FB controllers. The sound pres-
sure level was shown in Fig.9(b). The figure shows
that the 2DOF-ANC

system attenuates the sound
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pressure over wider frequency range more than either
the FF-ANC! or FB-ANC system used independently.

5. Conclusion

In this paper. the 2DOF-ANC system has been de-
sigued based on the identified model of the acoustic
field. The model consists of a nominal part and a
detadl part. The former is an IIR model which is
identified by the 451D method, and the latter 1s an
FIR. model which is identified by the LMS method.
The effectiveness of the proposed design procedure
was demonstrated through computer simulations us-
ng actual vehicle data.
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