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Abstract

In this paper, as a key technology for improvement
of speech recognition system in car environments,
we propose an acoustic echo canceller for selecting
an optimum cancellation result based on the echo
estimation with maximum likelihood using transfer
characteristics measured prospectively.

The results of experiments conducted to speech
superimposed on music show that the proposed can-
celler can improve S/N ratio and speech recognition
rate, compared to the canceller based on the algo-
rithm of NLMS.

1 Introduction

The current major system of HMI for in-car de-
vices is a touch panel system. But, controlling the
touch panel leads a driver to inattentive driving.
Looking away in driving can cause traffic accidents.
In order to reduce the cause of traffic accidents, it
is required to have audio HMI using speech recogni-
tion system, which enables a driver to operate in-car
devices without looking away from the forward.

The environment in a car is full of much noise,
disturbing speech recognition with decreasing S/N
ratio of signal observed at a microphone. Under
the environment with relatively steady noise such
as road noise, the speech recognition is improving
in denoising. But under the environment with not-
steady noise such as music from loudspeakers, the
speech recognition is not improving with difficulty
in denoising.

In particular, in order to obtain the high recog-
nition rate, S/N ratio is to be improved by using
acoustic echo canceller. The acoustic echoes in a
car are output from multi-loudspeakers and mea-
sured by a single microphone. The reference signals
that are necessary to simulate acoustic echoes are
generally composed in two channels or more.

The conventional algorithm of acoustic echo can-
celler is realized with the adaptive filter function-
ing error learning such as Normalized Least Mean
Square (NLMS) [1]. In order to cancel acoustic
echoes using acoustic echo canceller in a car envi-
ronment, error signals, adaptive filter and reference
signals have to be in one channel, because the speech
recognition uses one channel microphone only. Since
the sounds in a car are reflected complicatedly by
the interior composed of seats, window glasses and

others, the acoustic echo estimation by reference sig-
nals put into one channel cannot have enough im-
provement of speech recognition, due to the cancel-
lation result not converged properly.

In this paper, under the environment in a car us-
ing multi-loudspeakers, taking the method by se-
lection with compiling a database not by estimat-
ing echoes, we consider an echo canceller using two
channel reference signals respectively and show the
improvement effect in speech recognition rate with
the proposed method.

2 Echo canceller model in a car

A model of the acoustic echo canceller for output
from multi-loudspeakers and measured by a single
microphone is shown in Fig. 1.

Fig. 1 Configuration of acoustic echo canceller in
a car

The observed signal at the microphone y(i) is ex-
pressed as follows:

y(i) = s + N (i)

where N (i) is an acoustic echo and expressed as fol-
lows:
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where 2 channel reference signals are xL, xR, trans-
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Therefore, the clean speech signal of the driver
ŝ(i) is obtained as follows:

ŝ(i) = y(i) − N ′(i) (1)

In ŝ(i), the estimated acoustic echo N ′(i) is re-
quested to be optimized in order to minimize the
estimated error as the target speech s remains.

However, with the adaptive filter such as NLMS
as a conventional method, it is impossible to es-
timate acoustic echoes from multi-loudspeakers re-
spectively. Since the model in Fig. 1 has only one
estimated error, when applying error learning with
an adaptive filter, the whole environment in a car
shall be regarded as one system. Since the refer-
ence signals are in two channels, they need to be
put into one channel. But the estimation by deem-
ing multiple acoustic echoes as one influences the
optimization of N ′(i) negatively.

Therefore we proposed an acoustic echo canceler
for selecting transfer characteristics h

(i)
FL, h

(i)
RL, h

(i)
FR,

and h
(i)
RR to optimize an estimated acoustic echo

N ′(i).

3 Acoustic echo canceller based on
echo estimation with maximum
likelihood

Instead of the echo estimation by error learning,
we consider the idea to select the optimum transfer
characteristics to be estimated from the database,
which are measured in an actual environment. Here
are the procedures:

Step.1 We try to create acoustic echoes for all as-
sumed transfer characteristics in a car environ-
ment to reduce them from observed signals.

Step.2 We have sought to select the optimum es-
timated environment by maximum likelihood
estimation calculating likelihood using acoustic
models after cancellation.

After Step.1, if the transfer characteristics of real
environment are identical to those of the estimated
environment, only clean speech is supposed to ex-
ist after cancellation of acoustic echo. However, if
the transfer characteristics of real environment and
those of the estimated environment have mismatch,
the clean speech and echo error signal exist in the
signal after cancellation.

The above Step.2 is to be done for selecting clean
speech.

3.1 Database of transfer characteristics

The transfer characteristics are calculated by
means of impulse response measurement in a car [2].
As we can suppose various situations by allocation
of passengers and articles in a car, we should estab-
lish various situations and calculate each transfer
characteristic.

In this paper, we establish 12 different situations
in the passenger locations as shown in Fig. 2. We
assume that the passenger capacity is five.

Fig. 2 12-way transfer characteristics

The part with a length T within the trans-
fer characteristics measured and calculated
under the environment (i) is prescribed as
h′

FL
(i), h′

FR
(i), h′

RL
(i), h′

RR
(i) (i = 1, 2, . . . , 12).

In this paper, we do not consider the situations of
a driver being absence and 2 passengers in the rear
seat at the one side because these make no sense as
speech-activated situations in a car.

3.2 Calculation of speech likelihood

GMM (Gaussian Mixture Model) is prepared in
advance as an acoustic model to be referred when
calculating speech likelihood after cancellation.

Then MFCC feature (Mel Frequency Cepstrum
Coefficient) is calculated using prepared several
speakers’ speech data (for learning).

MFCC is the technique to calculate the speech
feature using discrete cosine transformation of the
logarithmic value of power component through FFT.

We then calculate GMM (Gaussian Mixture
Model) from the obtained acoustic feature (MFCC)
of each speaker. Here speaker’s MFCC is o, the
speech likelihood P (o) is expressed as the sum of
weighted normal distributions as Eq. (2). Here the
number of distribution is W . The mean vector of
element wth in the normal distributions W is µw

and the variation is σw. λw is a weighting coeffi-
cient expressed as

∑W
1 λw = 1. Those parameters

are estimated by EM algorithm [3].

P (o) =
W∑

w=1

λwN(o; µw, σw) (2)

We calculate MFCC S of the cancellation result
s and then calculate the speech likelihood using the
GMM.



3.3 Acoustic echo canceller based on echo
estimation with maximum likelihood

Fig. 3 shows a configuration of an acoustic can-
celler using maximum likelihood in a car environ-
ment.

In Fig. 3, an observed signal y(i) in a car environ-
ment (i) is expressed as follows:
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The acoustic echo N ′(1), N ′(2), . . ., N ′(12) are pre-
pared from twelve combinations of transfer char-
acteristics by using y(i) as estimating every envi-
ronment. Then the signals subtracted the acoustic
echoes from the observed signal are calculated ac-
cording to Eq. (1):

ŝ(1), ŝ(2), . . ., ŝ(12)

Next, the MFCC Ŝ
(1)
M , Ŝ

(2)
M , . . ., Ŝ

(12)
M are calcu-

lated. The selection of the acoustic echo is handled
in a maximum-likelihood frame-work.

When a set of the GMM is represented by ψ =
{λ, µ, σ}, î is calculated as follows:

î = arg max
i

P (Ŝ(i)
M |ψ) (4)

This cancellation result ŝ(̂i) shows the maximum
speech likelihood, in other words, it shows that the
acoustic echoes are cancelled to the highest level.

4 Experiment

In [4], conducting echo cancellation by this pro-
posal method to simulated speech signals super-
imposed on music, we showed that the proposal
method has a prospect to improve S/N ratio better
than NLMS. In this paper, conducting echo cancel-
lation by this proposal method to the speech signal
superimposed on music recorded under an actual en-
vironment, we are going to show that the proposal
method can improve S/N ratio and speech recogni-
tion rate better than NLMS.

We conducted experiment using speech signals su-
perimposed on music: y(i)(i = 1, 2, . . . , 12), mea-
sured under the actual environment with 12 differ-
ent situations in the passenger locations shown in
Fig. 2.

The speech signals superimposed on music: y(o),
measured under the environment with passenger lo-
cations (o) should be cancelled by using transfer
characteristics h′(o) measured with the same passen-
ger locations (o), and the results ŝ(o) based on echo
estimation with maximum likelihood should be se-
lected. We define the rate ŝ(o) to be selected to y(o)

as a selection rate of proper transfer characteristics.
Fig. 4，Fig. 5，and Fig. 6 respectively show the

selection rate of proper transfer characteristics, S/N
ratio and recognition rate, when using cancellers by
NLMS and by the proposal method: echo estimation

with maximum likelihood. For references, the fol-
lowing four values are also added: S/N ratio average
and recognition rate of the original measured signal
y(i), and ideal values (when the output ŝ(o) is ob-
tained to all y(o)(o = 1, 2, . . . , 12); the selection rate
of proper transfer characteristics is 100%) of the pro-
posal method. NLMS applies the one-channel refer-
ence signals that used to be in two channels, as input
values for an adaptive filter. Table. 1 shows the con-
ditions for evaluation data and Table. 2 shows the
conditions for algorithms.

As shown in Fig.4, the selection rate (output
ŝ(o) to input y(o)) of proper transfer characteristics
based on echo estimation with maximum likelihood
is 79.8 (%) in speakers’ average, and thus, the re-
sult shows that the selected transfer characteristics
are not proper in 100% for all speakers. However,
as shown in Fig.5 and Fig.6, the cancellation effects
by acoustic echo canceller based on echo estimation
with maximum likelihood are improved in S/N ra-
tio by 9.5(dB) and in speech recognition rate by
21.4(%), compared to NLMS.

Since the selection rate of proper transfer charac-
teristics does not reach 100%, S/N ratio is short by
0.1(dB) and the recognition rate is short by 4.5(%)
compared to the ideal result.

Table 1 Conditions for evaluation data
Number of speakers 5
Number of sentences 100 sentences
Sampling frequency 16kHz
Car model used for measur-
ing impulse

will CYPHA

Table 2 Conditions for algorithms
Tap length of filter T 1200
Number of sentences in
GMM training

1200 sentences

Number of mixture in GMM 32
Dimensions of MFCC 16
Frame width for MFCC char-
acteristics selection

32ms

Sift width for MFCC charac-
teristics selection

8ms



Fig. 3 Configuration of an acoustic canceller using maximum likelihood in a car environment

Fig. 4 Selection rate of proper transfer character-
istics

Fig. 5 S/N ratio

Fig. 6 Speech recognition rate

5 Conclusion

In this paper, we have proposed an acoustic echo
canceller selecting cancellation effect by the maxi-
mum likelihood for estimating acoustic echo. More-
over we have confirmed SN improvement in observed
signals and improvement of speech recognition rate
compared to NLMS through the experiments.
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