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ABSTRACT

In this paper, we propose a DOA(Direction of Arrival) es-
timation of speech signal under reverberant influence. We
previously proposed a method of estimating DOA for speech
by exploiting the harmonic structure existing in voiced sound
[1]. However this method is not always robust to reverber-
ations that usually exist in practical indoor environments.
Our new proposal aims to suppress the reverberation effects
by applying an idea of the spatial smoothing technique to
our conventional method. To prove the efficiency of the
method, we show some results of the experiments in two
conference rooms.

1. INTRODUCTION

As a core technology in speech human-machine interfaces,
speech recognition system requires to receive speech sig-
nal as enhanced as possible. Improving the quality of re-
ceived speech signal using a microphone array, DOA of
target speech is indispensable information. Among several
methods for the speech DOA estimation subject[2][3], MU-
SIC (MUltiple SIgnal Classification)[4] with Coherent Sig-
nal Subspace (CSS)[2] is known as an effective method with
high spatial resolution. However, it requires rough DOA
estimation a priori, and this pre-estimation accuracy usu-
ally affects the final estimation result significantly. From
a practical point of view, the array scale is another subject
to be considered. Generally, the performance of an array
processing for estimating DOA, as well as for rejecting in-
terferences, is improved by increasing both the number of
sensors and the array aperture size. However, they are often
restricted due to the limited physical size of the apparatus
on which the array is equipped.

For these subjects mentioned above, we previously pro-
posed a DOA estimation method for speech using only two
microphones without a pre-estimation process[1]. The es-
timation accuracy of the method degrades in a real acous-
tic environment due to reverberation. The spatial smooth-
ing [5] is a well-known measure to reduce the influence of
the reverberation at the DOA estimation. It usually requires

many numbers of sensors to form the subarrays. In this pa-
per, we adopt not only spatial but also spectral smoothing
process, based on the spatial smoothing technique, to the
frequency array data introduced in our previous method[1].

This paper is organized as follows. In the Sec.2, we set-
tle our problem and the proposed method is described. Ex-
perimental results are shown in Sec.3 and some concluding
remarks are stated in Sec.4.

2. PROPOSED METHOD

2.1. Frequency array data in a reverberant condition

Fig.1 shows the flow diagram of the proposed method. At
first, we derive the frequency array data[1] of the received
signal. Usually, the impulse response in a room consists of
the following three components, direct sound, early reflec-
tion and reverberation. The early reflection mainly origi-
nates from the first order reflection, has directionality and is
highly correlated with the direct signal. In contrast, the re-
verberation is the compound of higher order reflections that
are sufficiently attenuated and distorted; therefore, it can be
conceived as spatially white noise. As illustrated in Fig.2,
we use one speaker and one early reflection model. Thus,
the �-th and ���-th input signals in the Fourier domain are
given by
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where � and � � are the time delay differences of two sen-
sors relating to the direction 	 and 	 � respectively, defined
as � �	� � � ��� �

�
, �� 
 � � are the attenuation rate and ar-

rival delay of early reflection to the direct sound, and �����
is Fourier Transform of the spatially white noise at �-th sen-
sor including the reverberation and sensor noise. The phase
reference is taken at the �st sensor. The frequency array data
is derived by extracting the harmonic elements of the cross
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Fig. 1. Proposed Method

spectrum �����.
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�� is the harmonic frequency estimated as shown in [1], and
� is the set of selected �� harmonics’ orders.

As compared to the ideal anechoic case treated in [1],
the frequency array data in Eq.(4) contains both the auto and
cross correlation terms of the reflecting sound. To suppress
these terms, we introduce the spatial and spectral smoothing
process.

2.2. Spatial smoothing process

The spatial smoothing method[5] brings suppressing effect
to the cross-correlation terms by taking the average of the
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Fig. 2. Modeling of input signal (One direct sound and early
reflection)

subarray covariance matrices. Because the first lower diag-
onal elements are equivalent to �����, we take the average
of frequency array data to reduce the cross-correlation term
as given by Eq.(5).
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where �SP��� indicates the suppression rate at frequency �
determined by the weight Æ SP

� .

2.3. Spectral smoothing process

Although the spatial smoothing process reduces the effect
of reflection and reverberation, the reduction is still insuf-
ficient because we desire to use only a few microphones.
The high cross correlation of these components degrades
the estimation accuracy as well in the following calculation
process of covariance matrix ��SP. Thus to suppress these
cross correlation terms, we introduce the spectral smooth-
ing to the covariance calculation.

As we can find in Fig.3(a), the power spectrum of voiced
sound is locally distributed around the harmonic frequencies
��� �� � �� 	� � � ��. Because the DFT analyzes a signal
with equal frequency resolution ��, each DFT bin is con-
ceived as one of a number of equally spaced sensors for
the frequency array data. Following this idea, we propose a
spectral smoothing process that takes the mean covariance

matrices ��� generated from the frequency subarray as illus-
trated in Fig.3(b).
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of voiced sound (b)Frequency subarray

where,

�����
SP ��� �

	


�
����

�	� ÆSP
� ���� � ��������

�	� ÆSP
� ����� � ����

...


���

�FR �
�
������� � ����� � ��SP���

� � ��� �

����SP��
�
�
� � �����

�
�

Now we find that the reflection and reverberation terms are
highly suppressed in Eq.(7).

2.4. DOA estimation based on MUSIC

Finally, for the DOA estimation, the MUSIC method[4] is
applied to the normalized covariance matrix ��NOR because
the power levels of harmonics are different in the frequency
array data. The procedure is summarized as follows.
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3. EXPERIMENTAL VERIFICATION

3.1. Experiment Condition

We performed experiments in two conference rooms, whose
geometrical parameters are shown in Fig.4. For the com-
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Table 1. Parameters for experiment
Sampling Frequency ��[kHz]
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paring conventional methods, we also applied our previous
method[1], beamforming method[4] and the MUSIC with
CSS on the harmonics to the same data. We used the voiced
sounds (/a/,/e/,/i/,/o/,/u/) of �� testees (� each for male and
female) as a source signal and we made � trials for each set
of data. In Tab.1, we denote the parameters in the proposed
method except for the values that follow the same condition
appeared in [1].

3.2. Experiment Results

3.2.1. Adoption Example

As an example of the estimation, we compare the results of
the previous[1] and the proposed methods for a vowel /o/
spoken by a female from the direction of 	 � ��Æ. Fig.5(a)
and (b) show the phase of the frequency array data ������

and ��FR���� defined by Eq.(11), respectively.
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The dotted line shows the phase theoretically derived by the
DOA information. This result shows that the spatial and
spectral smoothers improve the estimation accuracy of the
phase value.
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Fig. 5. Phase of the frequency array data (a)Previous
(b)Proposed

3.2.2. Quantitative Evaluation

As a qualitative evaluation, we introduce the following cri-
terion called “Deviation from Median(DM) �,” defined by
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Med� means the median for �, 
	��� is the estimation result
of a data � at �-th trial, and � and � are the number of trials
and data sets, respectively.

In the Fig.6, we show the estimation results for two dif-
ferent rooms. We can find that the proposed method gives
best performance. With respect to the room size, the result
at the larger room is better than that of at the small room.
This is because the attenuation rate � of the early reflection
signal increases to � in the small room. Thus, the result
shows that the proposed method is still obstructed by the
early reflection.

4. CONCLUDING REMARKS

In this paper, we propose a method to improve our previous
DOA estimation method in real acoustical environments. To
reduce the influence of reverberating sound, we proposed a
procedure based on spatial smoothing. From some exper-
imental results, we can confirm the improvement brought
about by this method. In future consideration, further im-
provement should be considered at the condition where a
strong early reflection exists, such as in a small room or at
wall-side.
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