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Abstract

In this contribution, we propose a DOA (Direction Of Arrival)
estimation method of speech signal whose angular resolution is
almost uniform with respect to DOA. Our previous DOA esti-
mation method[1] achieves high precision with only two micro-
phones, however its resolution degrades as the propagating di-
rection apart from the array broadside. In the proposed method,
the equilateral-triangular microphone array is adopted, and the
subspace analysis is applied. The efficiency of the proposed
method is shown both from the simulation and experimental re-
sults.

1. Introduction

As a core technology in speech human-machine interfaces,
speech recognition requires the received speech signal to
be of sufficiently high quality. To improve the quality
of received speech signal using microphone array, DOA of
target speech is indispensable information. Among sev-
eral methods for the speech DOA estimation subject[2]-[4],
MUSIC(MUltiple Slgnal Classification)[5] with Coherent Sig-
nal Subspace(CSS)[3] is known as an effective method with
high spatial resolution. However, it requires rough DOA esti-
mation a priori. Usually this pre-estimation accuracy highly ef-
fects the final estimation result. Additionally, array scale is an-
other subject to be considered from the practical point of view.
Generally, the performance of an array processing for estimat-
ing DOA, as well as rejecting interferences, is improved by in-
creasing both the number of sensors and the array aperture size.
However, it is often restricted in practical use 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 mi-
crophones without pre-estimation process[1]. In the method,
however, the estimation resolution degrades as the propagat-
ing direction apart from the array broadside. This is an inher-
ent problem in the linear array. Obviously, linear array is the
only arrangement that a two-sensor microphone array can take.
In this study, we settle our research purpose at preventing this
degradation and realizing spatial uniform resolution.

Our main proposals in this research are summarized as the
following two ideas.

e Adoption of the equilateral-triangular microphone array
configuration

e Utilize the subspace structure alteration of the integrated
array data

The former idea aims to make uniform resolution with re-
spect to DOA. In an equilateral-triangular sensor arrangement,
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we can extract three microphone pairs and each of them con-
structs a linear 2-sensors microphone array to which our previ-
ous method[1] is applied. Because the broadside of each micro-
phone pair faces to different angle individually, we can expect
the resolution improvement by integrating the array data at these
three pairs. The second idea is introduced to achieve the inte-
grated use of the three array data without pre-estimation. For
such array data integration of non-linear array arrangements,
a method analogous to the CSS called Array Interpolation[6]
is well known, however, this method requires the DOA pre-
estimation as well. At the estimation stage in our proposed
method, we do not require any a priori DOA knowledge by
utilizing the subspace analysis of the integrated array data.

This paper is organized as follows. In the following Sec.2,
we briefly review our previous method to explain our problem
settings, and the details of the proposed method are described in
Sec.3. Simulation and experimental results are shown in Sec.4,
and some concluding remarks are stated in Sec.5.

2. Virtually generated multichannel data

First, let us consider the two channel signals obtained by two
microphones represented by

zi(n) = s(n)+mni(n) (1
z2(n) = s(n—71)+n2(n) 2)

where s(n) is a source signal, 7 is the time delay between two
microphones, and n1(n) and n2(n) are mutually uncorrelated
noise signals. Thus, the Fourier transform of z1 (n) and z2(n),
and their cross spectrum, are represented by

Xi(w) = S(w)+ Ni(w) 3)
Xa(w) = S(w)e™?¥ + No(w) 4)

and
Gia(w) = X1 (w)" Xa(w) = P(w)e™ " )

respectively, where P(w) is the power spectral density of s(n).
When we set w = wm,, where w, is the m-th higher harmonics
of the fundamental frequency wo,

Wm = Mwo (6)

the phase term in G'12(wy, ) is replaced by e 79*°™", This phase
term is interpreted as a time delay, which is m times 7, of a
narrow-band signal whose central frequency is wo. This inter-
pretation leads us to the idea that the G12(wm) might be ob-
tained from the virtual multichannel signals, which are narrow-
band signals acquired by an equally spaced linear array. For the



determination of frequency wo and its harmonics, we use the
harmonic structure of voiced sound. That is, we set wg as the
fundamental frequency of voiced sound in speech, therefore, its
harmonics are used for generating multichannel signals. We de-
fine the following frequency array data G (wo) for the received
signal.

G(wo) = [Gm(awo)Gm(bwo)...]T )
(a7b’...€m)

Because the power spectrum distribution depends on speaker
and phoneme, here we select the harmonics that contains the
speech components in high SNR. In Eq.(7), m is the set of the
M harmonics order selected by the magnitude-squared coher-
ence function[1][7], and the fundamental frequency wy is esti-
mated by logarithmic harmonic product spectrum[8]. Then, the
MUSIC algorithm is applied to G (wg ) for DOA estimation. Be-
cause the power of a voiced sound is localized in its harmonic
frequencies, the SNR of the extracted data is rather high, and as
a result, it contributes to improving the estimation accuracy of
the MUSIC. Here we note that the magnitude of each compo-
nents of G(wo) are normalized at the harmonics selection.

3. Proposed method

In the proposed method, there are two main ideas as stated
in Sec.1. The first idea is to receive the target signal by an
equilateral-triangular microphone array. Because each micro-
phone pair faces to different angle in this configuration, the fre-
quency array data of each pair has its high spatial resolution at
each facing direction. So we estimate the DOA by integrated
use of these three array data for improving spatial resolution
globally. Furthermore, this integration has another advantage
that it can suppress the influence of noises including room re-
verberation. The second idea is to use the subspace structure
of the integrated frequency array data. We explain its detail in
Sec.3.3.

3.1. Model of input signal

Fig.1 shows the array input signal model received by the
equilateral-triangular microphone array. Here we assume for
the input signal as follows.

e Only one speech signal is received
e The elevation of the DOA is settled on the array plane

The Fourier transforms of each microphone input signals
x(n),y(n) and z(n) are given by

X(w) = S(w)eij_'“’” + N (w)
Y(w) = S(w)e™?“™ + Ny(w) (8)
Z(w) = S(w)e 7% + N, (w)

where 7 denotes the signal arrival delay at microphone x with
respect to the reference point located at the array origin. Here
we can define the cross spectra of three microphone combina-
tional pairs as shown in Eq.(9).
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Figure 1: Model of input signal

The delay variables in Eq.(9) are the function of DOA 6 given
by

Toy(0) = V3BRsin(+ 2m)/v (10)
7:(0) = VBRsin(6)/v (11
7..(0) = V3Rsin(f — 2m) /v (12)

where v denotes the sound velocity. From Eq.(9)-Eq.(12), we
form the frequency array data Gay(wo, ), Gy.(wo, ) and
G....(wo, ) respectively, by extracting the M harmonic com-
ponents and normalize the magnitude of each element. For sim-

plicity, we omit the wy in the following part of this paper.

3.2. Integration of frequency array data

Now let us consider the difference of delay term (which deter-
mines the phase value) between two frequency array data for a
signal propagating from direction ¢.
Te2y(0) = 7y=(8) — Ty (¢) = 3Rsin(¢ — §)/v  (13)
To2y (@) = Tyz(@) — T2z (p) = 3Rsin(¢ + %)/U (14)
For the interpolation of these delay differences, we define the
following M x M matrices called rotation matrices that con-
sist of the phase rotating components relating to the signal from
direction ¢.
G oy () = diag [e*jawm’mzy(@ e—ibwoTzay (@) ] as)
G .2, (¢) = diag [e*jauJo‘rzzy(@ e~ ibwoTz2y(9) ] Qe
Multiplying each frequency array data by these rotation matri-
ces, and summing up the rotated array data together as shown
in Eq.(17).
{Gﬂy((b)ny (0) + Gy (9) + Giay (¢)sz (9)}/3 amn

When the variable ¢ equals to 6, the phases of each terms in the
right side of Eq.(17) are equal.

3.3. Subspace analysis

Here let us note the delay term of each rotated frequency array
data in Eq.(17).

Go2y(9)Guy(0) —  Tauzy() + sz(e)ez Tuy(9,0)

Gy (9) = Ty (0) = Ty2(0,0) (18)
G2y (9)Geu(0) = Tozy (@) + T2 (0) = Tou (4, 0)



The sign ” — ” denotes to extract the delay term of a frequency
array data. Now for any direction ¢p € [—m, 7], the following
lemma is satisfied. Its proof is described in the appendix A.
[Lemma]

Delay terms of all the three rotated frequency array data in
Eq.(17) are equal if and only if ¢ is equal to 6.

¢:0C>7\izy :'}J_yz =T (19)

From this lemma, we can replace our DOA estimation problem
by searching a rotation matrix, which equalizes the delay terms
of all three frequency array data. To solve this subject, we in-
troduce the theorem below.(see appendix B for its proof)
[Theorem]

The integrated frequency array data G, (¢,6) is equal to a
steering vector s(¢) defined by

S(¢) — [ e—jawo'ryz(¢) e—jbonyz(¢) L. ]T (20)
if and only if the all interpolated delay terms are equal. That is,
Tay = Tyz = Tz <= Gm(4,0) = s(¢) 2D

This theorem leads the DOA problem to search the param-
eter ¢ satisfying the equality G, (¢, 0) = s(¢). In order to
determine ¢ that satisfies this condition, we use the subspace
structure of covariance matrix R.,, (¢) derived as

Rn(¢) = E [Gmeg] 22)

Because R, (¢) is an Hermitian matrix, each eigenvector v; of
R.»(¢) is mutually orthogonal.

VI'HV]' = (5»;]' (23)

We also have,

M
Rn(¢) = > Avivi' (24)
i=1

From the well-known theorem of the array covariance
matrix[5], the eigenvector relating to the largest eigenvalue Aq
is equal to the vector G, in case of rank-1 model. We can
estimate DOA 0 by the following null search strategy.

1
P(¢) = - (25)
SN, st (g)vivis(e)
6 = argmax|P(¢)] (26)

Fig.2 shows the flow diagram of the proposed method.

4. Simulation and experiment results

This section shows some results of both computer simulation
and experiments in real acoustic environment to evaluate the
proposed method.

4.1. Evaluation with computer simulation

For the computer simulation, we use the real 5 phoneme data
(/al fel fil /ol /ul) uttered by 10 subjects(5 each for male and fe-
male) as the source signal and had 5 trials for every data. The
microphone array input signal is virtually generated by delay-
ing the signal with an appropriate samples for each sensor ac-
cording to # and sum up with additive white noise as the sen-
sor noise. As the conventional methods for comparison, we
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Figure 2: Flow diagram of the proposed method

Table 1: Parameters for simulation

Input SNR 20dB
Sampling Frequency | 16000Hz
Array Aperture R 2 m
Threshold 7" [1] 15dB

Window Hamming
Frame Length 600
Frame Overlap 300

Data Length 625ms

adopt our previous method with linearly located 2, 3 and 4 mi-
crophones to perform impartial comparison at the number of
sensors and frequency array data respectively. Furthermore,
we also compare with common DOA estimation method that
is MUSIC with CSS. The pre-estimation is covered with the
beamforming method, and we add estimation error factor fol-
lowing Gaussian distribution due to reflect the effect of its low
spatial resolution. All the same parameters shown in Tab.1 are
adopted to every method, and for the conventional methods, we
use only the same harmonics selected in the proposed method.

Fig.3 shows the P(¢) (called “spectrum”) of the proposed
method. The spectrum given by the proposed method shows
sharpness at the estimated angle as high as that of the conven-
tional methods. Now for the evaluation of spatial resolution,
Fig.4 shows the deviation of estimation error. From this result,
we can distinctly recognize that the proposed method keeps its
high spatial resolution to every direction, and its accuracy is
almost same level as that of the MUSIC-CSS with the correct
pre-estimated DOA.

4.2. Experiments at real acoustic environment

To verify that the proposed method is effective even at real
acoustic environment, we performed some experiments at a
large conference room (W x D x H : 18 x 15 x 4[m]). The
speech data and parameters are same as in the computer simu-
lation except for the SNR lying around 9dB and the threshold T°
is settled at 10dB, and here we also made 5 trials for each data.
Fig.5 shows the results of the experiment. Due to the source
and microphone position error, the true direction 6 is not possi-
bly given in the experiment. So we regard the median value of
the estimation results as the true direction and evaluate the error
deviation from this value. This result shows that the proposed
method provides the best resolution for the DOA estimation,
and furthermore, the result of the proposed method is even bet-
ter than that of MUSIC-CSS which is crucially degraded by the
pre-estimation error.
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5. Conclusions

In this contribution, we proposed a DOA estimation of a speech
signal with high spatial resolution. The proposed method uses
an equilateral-triangular microphone array to improve the es-
timation resolution, and subspace analysis of integrated fre-
quency array data to avoid the pre-estimation stage. Through
both computer simulation and experiment in a real acoustic en-
vironment, we have confirmed the enhancement by the pro-
posed method. For future subject, the estimation error and pos-
sibility for the elevation direction estimation should be consid-
ered. Another future subject is to estimate directions of more
than one speaker automatically.
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Appendix A

® Fuy(0,0) = %2(4,0) > ¢ =fandp= — 27 — 6

Fao(=2m = 0,0) # Foy (=27 — 0,0) = %, (— 27 — 0,0)
e 7y (h,0) = Fou(4,0) = ¢p=0and ¢ = %7179
Foy (21— 0,0) # %, (27— 6,0) = Fou (27 — 6,6)
e Fon(h,0) = Fay(h,0) = dp=0and ¢ = —0
Tyz(—0,0) # T22(—0,0) = T2y (—0,0)

Appendix B

The magnitude of k-th element in G, is less than 1 not as far
as all the interpolated delay terms are equal.

(Gl ]
— ‘ejkwo"v'my _|_ 8Jvk‘-B’O'?yz + ejkWU%zr|/3
< {|ejkwohy| + ‘ejkwo'?yz‘ + |ejku’o¥zz‘}/3 -1

The equality is satisfied only if the three complex values are
equal.



