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Abstract
This paper presents a method for enhancing speech disturbed by
car noise. The proposed method cancels the powerful harmonic
components of engine noise by adaptive filtering which utilizes
the known rpm signal available on the CAN bus in modern cars.
The procedure can be used as a preprocessing method for clas-
sical broad-band noise reduction as it is able to cancel the en-
gine noise – and thus a large amount of low-frequent car noise
– without provoking speech distortion. The main part of the pa-
per is dedicated to the step-size control of the utilized LMS al-
gorithm necessary for a complete cancellation of the harmonics
without speech distortion. Therefore, first a theoretically opti-
mal step-size is determined and then a procedure is described
which allows its determination in real applications. The paper
concludes with a presentation of results obtained with this ap-
proach.

1. Introduction

The quality of hands-free telephones sets for cars is – besides
the echo suppression – mainly influenced by the method utilized
for the reduction of background noise which superimposes the
speech of the user of the hands-free set.

The common approaches for noise reduction are methods based
on the Wiener filter and its derivations. These methods de-
compose the noisy speech signal into its spectral components.
The components are then weighed according to their individ-
ual signal-to-noise ratio (SNR). The problem of this approach
is that usually speech components are also attenuated in spectral
sections with low SNR which provokes audible speech distor-
tions. The aim of the procedure proposed in this paper is to de-
velop a preprocessing method for noise reduction which utilized
a-priori knowledge of car noise, especially engine noise. This
preprocessing suppresses explicitly engine noise without influ-
encing or distorting speech components. The proposed proce-
dure exploits the property of engine noise which exhibits mainly
components at certain frequencies as shown in the following
Section 2.

In Section 3 the so-called compensation approach based on an
adaptive filter is presented which allows on principle to sup-
press engine noise components without disturbing speech com-
ponents. Following, it is shown that this approach requires a
step-size control for the adaptive filter. The optimal step-size is
derived and a method for the practical determination of this the-
oretically optimal step-size is demonstrated. In Section 4 results
obtained with this method are shown and Section 5 concludes
this paper.
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2. Engine noise analysis

oise is decomposed of many different components. The
components are wind, tyre and engine noise. Wind and
oise are broad-band noise components, i.e. they stimu-
e complete spectral band where speech is present. En-
oise, however, is characterized by harmonic components

tain frequencies, which are the multiples of half of the rpm
l of the engine. These harmonic components are caused
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e 1: Spectrogram of a 6-cylinder engine noise at change-
pm signal.

s and mass forces of the engine, produced by the explosion
gas-air mixture in the cylinders and the engine forces and
nt.

emonstrating the harmonic characteristic of the engine
, the spectrogram of a 6-cylinder engine noise at varying
ignal and the power spectral density (PSD) of a 4-cylinder
e noise at fixed rpm signal are depicted in the two Figs. 1
, respectively. One remarks on the one hand the marked
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e 2: Power spectral density of a 4-cylinder engine noise at
rpm signal.



harmonic structure of the engine noise and on the other hand
that certain harmonic components show an explicit high power.
These harmonics, mostly the first and second engine harmonic,
exhibit especially high power as they are mainly affected by
engine forces and moments.
For most cars the rpm signal is already available on the CAN
bus, i.e. the frequency localization is known. Thus, a procedure
can by developed exploiting this known localization. Such a
procedure is proposed in the following section.

3. Compensation of engine harmonics

3.1. Approach

The idea of the compensation approach is to model the har-
monic engine noise components at the known frequencies and
then to subtract them from the noisy speech signal [1]. This
procedure can be expressed as follows:

v(l) = x(l) −
�

i

ĉi(l) exp(j φi(l)), (1)

where x(l) and v(l) denote the signals before and after the
compensation procedure, respectively. The coefficient ĉi(l) de-
notes the unknown coefficients of the harmonics and φi(l) de-
scribes the phase of the engine noise components in depen-
dence of the time-varying engine rpm: ΩM (l). The index i
is element of [−N, N ], where N is the number of the engine
noise components which are to be suppressed. In general, the
phase can be described by the following relation: φi(l + 1) =
φi(l) + i ΩM (l). Fig. 3 depicts the engine noise compensation
approach.
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Figure 3: Presentation of the engine noise compensation ap-
proach.

For determining the unknown coefficients ĉi(l), an adaptive fil-
ter should be utilized. Here, the computational efficient and ro-
bust least-mean-square (LMS) algorithm showed good results.
The adaptation rule for the calculation of ĉi(l) can thus be de-
noted as follows

ĉi(l + 1) = ĉi(l) + µ v(l) exp(−j φi(l)), (2)

where µ denotes the step-size which can be chosen between
µ = 0 and µ = 2 [2]. For µ = 1 one obtains the fastest
speed of convergence – provided that the excitation signal of
the adaptive filter is not disturbed. Disturbances for the adapta-
tion are e.g. speech components exhibiting signal components
exactly at the frequencies of the harmonic engine components.
In case that the speech components superimpose to the engine
noise components, a step-size µ = 1 may lead to the unwanted
case of not only cancelling the engine noise components but
also speech components. To avoid this, the adaptation must be
controlled by a time-varying step-size. In the following, the
derivation of this optimal step-size is shown.

3.2.
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Derivation of the optimal step-size

eech and engine noise changes their spectral character-
very quickly, speech superimposes the different engine
nics depending on time. Therefore, it is sensible to con-
e adaptation by separate step-size values for every engine
harmonic. Then, the adaptation rule with individual step-
alues can be written in matrix-vector notation:

�̂(l + 1) = �̂(l) + �(l) v(l)�(l), (3)

(l) = [exp(−j φ−N(l)), . . . , exp(−j φN(l))]T , �̂(l) =
(l), . . . , ĉN (l)]T and �(l) = diag{µ−N (l), . . . , µN (l)}.

rst step for the derivation of the optimal step-size is now
ume the true coefficients ci to be time-independent and to
ine them in the vector � = [c−N , . . . , cN ]T . Thus, the
r of the coefficient error can be denoted as follows:

�(l) = �− �̂(l). (4)

ecursive equation to determine this vector can then be de-
as

�(l + 1) = �(l) − �(l)v(l)�(l). (5)

oal of the derivation of the optimal step-size is to deter-
the value for the step-size which allows to decrease the
squared error vector E{||�H(l)||2} maximally with ev-
aptation step.

e mean squared error vector one obtains:

(l + 1)�(l + 1)} = E{�H(l)�(l)

[v∗(l)�H(l)�(l)�(l)] + |v(l)|2�H(l)�(l)�(l)}, (6)

�[. . .] denotes the real-valued component.

ing this mean squared error vector with respect to the in-
al step-size values, one obtains the following optimal val-
ith ei(l) = exp(−j φi(l)):

µi,opt(l) =
E{�[v∗(l) exp(−j φi(l))wi(l)]}

E{|v(l)|2} (7)

rther simplification the error signal should be noted as the
f different components:

v(l) = u(l) + [wi(l) + pi(l)] exp(j φi(l)), (8)

u(l) denotes all signal components except for the i-th
e harmonic. The signals wi(l) as well as pi(l) describe
sidual engine noise component and the speech power at
th harmonic, respectively.

ssumption that the residual engine noise component wi(l)
e speech component pi(l) are orthogonal is reasonable as
i(l) and all the other signal components u(l). With these
ns the optimal step-size can be written as follows:

µi(l) =
E{|wi(l)|2}
E{|v(l)|2} , (9)

s the quotient of the mean residual error power and the
power of the signal at the output of the compensation fil-



3.3. Calculation of the optimal step-size in practice

The main problem when determining the optimal step-size ac-
cording to Eqn. 9 in a real application is that the residual error
power E{|wi(l)|2} cannot be determined straight forward be-
cause the error signal wi(l) is not available. This complicates
the calculation of the step-size.

In this section, steps are shown which allow an approximate
determination of the optimal step-size.

Numerator of the step-size formula
First, the signal v(l) is available. Thus, its mean power can be
determined very efficiently by a recursive smoothing:

|v(l)|2 = α |v(l − 1)|2 + (1 − α) |v(l)|2, (10)

E{|v(l)|2} ≈ |v(l)|2. (11)

Denominator of the step-size formula
As mentioned, the estimation of E{|wi(l)|2} is more complex,
as the signal wi(l) is not available, but only v(l). For the esti-
mation, the signal components u(l), as well as the speech com-
ponents pi(l) at the engine harmonics, are annoying.

The goal of further processing steps is now to suppress the im-
pact of these disturbing components as much as possible when
estimating E{|wi(l)|2} based on v(l). According to the two dif-
ferent disturbing signal components, this is done in two steps.

3.3.1. Suppression of the signal components u(l)

The suppression of the components u(l) can be efficiently
reached by low-pass filtering of the signal v(l) after a frequency
shift of the harmonic frequency. Thus, the low-pass filtering is
applied to the signal

ṽi(l) = v(l) exp(−j φi(l)). (12)

For the low-pass, a narrow-band filter should be utilized char-
acterized by a high stop-band attenuation and a small pass-band
region. Type II, fifth-order Tchebycheff filters with a stop-band
attenuation of 60 dB showed good results.

With this low-pass filtering, indicated by the impulse response
hLP (l), one obtains an estimation of the sum of the speech and
the residual noise components:

ṽ
(LP )
i (l) = hLP (l) ∗ ṽi(l) ≈ wi(l) + pi(l). (13)

Applying this low-pass filtered signal to the estimation of
the residual harmonic engine noise power, speech components
would still wrongly increase the step-size. This could provoke
the undesired compensation of speech harmonics, i.e. speech
distortion. This is avoided by the following second step of the
estimation procedure.

3.3.2. Suppression of disturbing speech components at the fre-
quencies of the engine harmonics

To avoid an impact of the speech components to the estimation
of the residual harmonic engine noise power, the following two
approaches were investigated:

• Stop of the estimation of E{|wi(l)|2} during speech ac-
tivity.

• Estimation of E{|wi(l)|2} with a ”conditional recursive
smoothing”.
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rst approach avoids speech distortions – assuming an opti-
peech activity detector – however, a complete cancellation
ine noise components cannot be achieved as their power
es during longer speech sections. In total, a simple stop
estimation is too less selective as it does not exploit the

rty that speech components do only superimpose to indi-
l engine components.

econd method reduces this problem. It allows to stop the
ation of the power of the engine harmonics only briefly
necessary. This is possible due to the so called ”condi-
recursive smoothing”. This estimation method performs

is easily possible for the human observer: The distinction
werful, fast rising components – which obviously corre-

to speech – and noise components which should be con-
d for the estimation.

ormal notation of the estimation procedure is as follows:

)
(l)|2c =

α|ṽ(LP )
i (l − 1)|2c + (1 − α) |ṽ(LP )

i (l)|2 : cond1

|ṽ(LP )
i (l − 1)|2c : else

(14)

the condition cond1 can be noted as:

|ṽ(LP )
i (l)|2 < β |ṽ(LP )

i (l − 1)|2c. (15)

the estimation is stopped whenever the input power ex-
the mean noise power by at least the factor β. As the
components exhibit a Gaussian distribution, it is assured
ith β = 2 the condition of Egn. 15 is almost fulfilled

l noise components. Speech, however, exhibit much larger
ics compared to noise. Thus, the recursive smoothing is

ed mostly for all (powerful) speech components.

fore, |ṽ(LP )
i (l)|2 may be utilized as an estimate for

i(l)|2}.

luding, the following steps are necessary for determining
ean residual power of the engine harmonics:

ṽi(l) = v(l) exp(−j φi(l))

ṽ
(LP )
i (l) = hLP (l) � ṽi(l)

|ṽ(LP )
i (l)|2c =

�
α|ṽ(LP )

i (l − 1)|2c + (1 − α) |ṽ(LP )
i (l)|2 : cond1

|ṽ(LP )
i (l − 1)|2c : else

E{|wi(l)|2} ≈ |ṽ(LP )
i (l)|2

again Eqn. 15 is utilized for the condition cond1.

g Eqns. 11 and 14, an estimation for the optimal step-size
e calculated:

µ̂i(l) =
|ṽ(LP )

i (l)|2
|v(l)|2

. (16)

luding, in this section, a practical solution was presented
to determine the theoretically optimal step-size for the
ensation of the engine harmonics. In the following sec-
esults are presented which can be obtained when utilizing
esented step-size control.



4. Results

For the evaluation of the results, it is mainly necessary to in-
vestigate the performance of the compensation approach for car
noise superimposed by speech, because only in this case the
step-size control can be evaluated.

First, the performance of the conditional recursive smoothing
according to Eqn.14 is investigated. It is stated that this method
gives good results and shows advantages compared to the com-
plete stop of the estimation during speech activity.

For the performance evaluation, a noise signal section of 18 sec
duration was utilized registered in a car when accelerating. The
noise signal was then superimposed by a speech signal to obtain
the required noisy speech signal. The PSD of the utilized noisy
speech signal is depicted in Fig. 4 for a frequency range up to
750 Hz.
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Figure 4: Spectrogram of the noisy input signal.

In Fig. 5, the estimation of the residual power of the harmonic
engine component is depicted which is specially highlighted in
Fig. 4. One observes that the estimation according to Eqn. 14
follows well the true values. Overestimation due to speech com-
ponents is rather slight. Especially, the advantage of this estima-
tion method compared to the estimation stopped during speech
activity can be observed which shows the risk to be unable to
follow raising noise power.
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Figure 5: Different estimates of the residual power compared to
the true value.

Based on the appropriate estimate of E{|wi(l)|2} it is now pos-
sible to determine a step-size which allows a sophisticated adap-
tation control. In Fig. 6 the estimated coefficient ĉi(l) of the
chosen engine harmonic is compared with the true value and
the estimate obtained to the method which stops the estimation
of E{|wi(l)|2} during speech activity. One observes that the

estim
lows w
speec
step-s

Figur
to the
One r
picted
to Fig
One o
where
to the

Figur

In thi
tering
step-s
was d
real-w
with
are ch
comp
ing sp

[1]

[2]
ate ĉi(l) obtained with the utilized estimation method fol-
ell the true value, whereas the estimate obtained with the

h activity detection method is delayed due to a too small
ize.
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e 6: Different estimates of the coefficient ĉi(l) compared
true value.
esult obtained with the proposed step-size control is de-
in Fig. 7. Here, the spectrogram is shown corresponding

. 4, in this case after the engine harmonic compensation.
bserves that only slight residuals of the harmonics remain,
as the speech components are still well present. Listening
results, no speech distortion can be observed.

Time [s]

F
re

qu
en

cy
 [H

z]

0 5 10 15

100

200

300

400

500

600

700

e 7: Spectrogram of the noisy speech after compensation.

5. Conclusions

s paper, a procedure was described for an adaptive fil-
of harmonic engine noise components. The necessary

ize control was theoretically motivated and a procedure
escribed how the optimal step-size may be estimated in a
orld application. The good results that may be obtained

this method were shown at the end of this paper. They
aracterized by the property that harmonic engine noise

onents are nearly completely cancelled without generat-
eech distortions.
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