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ABSTRACT

In this paper, a new cost function for estimating the direction-
of-arrival (DOA) using two microphones is proposed. The
proposed cost function is cross-correlation of two microphone
signals after canceling a sound source at each microphone by
steering the null. The signal cancellation mechanism resem-
bles null bemaforming except a scaling factor. It is shown
that the null beamformer effectively cancels early reflections
as well as the direct part of a signal. Due to this property,
the estimation is shifted from the true direction in a reverber-
ant environment. Cancellation of signals provides robustness
of estimation in multi-source environments. Theoretical in-
vestigation shows that local/global minima of the cost func-
tion correspond to directions of sound sources. Simulation re-
sults using real world recordings in a highly reverberant room
demonstrates the effectiveness of the proposed cost function
for multiple sound sources.

Index Terms— direction-of-arrival, Jeffress model, null
beamforming, early reflections

1. INTRODUCTION

Direction-of-Arrival (DOA) estimation of multiple sound
sources using two microphones in a reverberant environment
is a challenging task. Two classical models of binaural hear-
ing are Jeffress and Equalization-Cancelation (EC) models
[1, 2, 3]. The dual-delay line structure of the Jeffress model
is considered as a key concept in binaural hearing of humans.
Signal cancellation by null steering in the EC model provides
robustness in multi-source environments.

The time domain method by Bodden applies the Jeffress
model to 24 critical bands and performs the running integra-
tion to estimate DOAs [4]. It has been reported that it success-
fully estimates DOAs of up to two sources in an anechoic en-
vironment. Its performance in the reverberant environments
or for more than two sources is unknown. Another interesting
method is to detect coincidence in a dual-delay line with the
modified EC model in each frequency bin [5]. It uses time and
frequency domain integrations and estimates DOAs of up to

four sources even in the reverberant environments. It exploits
sparseness of speech signals and detects only one dominant
signal in each frequency bin.

In this paper, the EC model is further extended to improve
the performance of DOA estimation in multi-source rever-
berant environments. Signal cancellation in the new model
is analyzed in the presence of early reflections. The pro-
posed model is then analyzed for multiple sound sources in
the anechoic environment. Finally, simulation results using
real world recordings are presented to confirm the analytical
expectations.

2. ANEW MODEL FOR DOA ESTIMATION

2.1. Binaural Cross-Correlation Models for DOA Estima-
tion

A basic binaural DOA estimation model is the Jeffress model
which consists of a dual-delay line and a correlator at each
delay time. The Jeffress model is represented by the equation
(1, 3]

T
RJeffress(T) = / -rL(t)J?R(t - T)dt (D)
0

Here, R(7) is maximum when 7 is the delay time corresponds
to the source direction. The Jeffress model, however, be-
comes inaccurate as the number of sources increases. To ac-
commodate the multiple sources, the Jeffress model has been
extended by Colburn to the EC (Equalization-Cancellation)
model described by [2]

Rpc(o,7) = E{xp(t) — azp(t —7)}* 2)

where « plays a role to equalize the intensity difference be-
tween two sensors. In a free space, the source direction is
dominantly governed by the interaural time difference (ITD)
7 and we may omit the interaural intensity difference (IID)
a. In (2), a signal is canceled by placing a null to each di-
rection and the DOA is defined by the delay time that gives
the maximum cancellation. The EC model is closely related



to the Jeffress model. That is, minimization of Rgc(7) corre-
sponds to maximization of Rjefiress(7). In general, however,
the EC model provides more robustness against multi-source
environment than the Jeffress model.

In the DOA estimation method proposed in [5], location
that minimizes absolute difference between two microphone
signals |z (fn,t) — xr(fn,t — 7)| is detected at each fre-
quency bin. The locations are then accumulated over time
frames and frequency bins. One advantage of this method is
the usage of the delta function that replaces the signal level
by a location. The cost function does not depend on the en-
ergy of sound sources and weaker signals are not masked by
higher energy signals if they occupy different frequency bins.
However, we may have difficulty if they occupy the same fre-
quency bins.

In this paper, we propose a new cost function for multi-
source DOA estimation as follows:

Rxs(7/,7") = E{|zp(t) — zr(t — ')
er(t) -t —7")[}

Unlike the above mentioned models, the new model (3) com-
putes 7/ and 7" that minimize cross-correlation of absolute
differences of dual-delay line outputs. The dual-delay line in
(3) is symmetric in the sense that the difference is taking in
each channel. Except the scaling factor, the dual-delay line
in (3) resembles the two-channel null beamformer (NBF) that
places the spatial null in the direction of an unwanted signal
in each channel.

Taking absolute values in (3) is similar to the half-wave
rectification process in human ears [3]. The rectification pro-
cess makes the cost function nonnegative and reduces sensi-
tivity of cross-correlation to phase ambiguity so that spurious
local minima are suppressed. Although the two-dimensional
cost function Rngs (7, 7"") is computationally heavier than (2),
we may expect the improved performance in the presence of
multiple sound sources and reverberations.
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2.2. The NBF output in the presence of reflections

Figure 1 shows a two-channel NBF in the presence of reflec-
tions. We consider only the direct part to express the NBF
output and the result will be generalized for the case with de-
lays and attenuations. The NBF filter at frequency w is given

by
wq eJwT
W = [w2 } = [ e—dor %)
where the 7 is zero at the phase center. The received signals
at two microphones can be expressed as

e—jwn e—ju.m’g S1
X = |: ejwn ejwrg :| |: S :| (5)
The NBF output is then given by, ignoring a constant scale
factor,

u(1) = sysin(w(r — 11)) + sesin(w(r — 12)).  (6)

Fig. 1. Two channel NBF in the presence of an echo.

That is, s; is removed if we set 7 = 7.

We can generalize (6) for N > 2 sources. Assume that
Sp,m = 1,--- N, have N, reflection paths (early reflec-
tions) which are characterized by N,, time delays 7, + A7,
and attenuation factors a,,; fori = 1,--- , N,,. Then we may
express the NBF output as

N
U(T) = Z Sn\/msin(W(T — Tn — ’Yn) (7)
n=1

where A,,, B, and -y, are defined for 0 < w-y,, < 27 as

N,

A, = 1+ Z Qi COS(WAT;)
=1
Np
B, = Z Qi SIN(WAT,;)
=1
Ap . By,
COS(W'}/n) = m, Sln(w’yn) = m

Therefore, the direct part and early reflections of a signal are
regarded as one direct signal coming from a shifted direction
0,4+ A0, corresponding to time delay 7, +A7,,. Thus we may
eliminate both the direct part and early reflections of s,, by
setting the NBF to the shifted direction. This result is closely
related to the simulations observed in the beamformer steered
by eigenvectors [6].

2.3. Cross-correlation of NBF outputs

For simplicity, we slightly modify the model in (3) into

(7', 7") = E{[u(r")[[u(r")[} (8)



where u(7) = a1, (t) — zg(t — 7) is the NBF output. Cross-
correlation g(7/,7"") of the NBF outputs is lowered when 7/
and 7" are matched to the delays correspond to source di-
rections 6, and 65, respectively. In the sequel, we show that
delays correspond to source directions are global or local min-
ima of the cost function g(7/,7") in (8).

Case of a single source
For the case of single source, the cost function g =
g(7',7"") is given by, from (6) and (8),

g = E{|sysin(w(7’ — m))||s1sin(w(7”" =7 )]} )

We see that g > 0 with equality holds when w(r’ — 71) =
km,k = 0,£1,4+2,---. The true DOA of the signal corre-
spond to the case of £ = 0 and non-integer £’s correspond to
aliased cases. The contribution from the aliased part increases
as the microphone spacing increases for a fixed sampling fre-
quency. Therefore, closer microphone spacing is desirable
for this model since it reduces spatial aliasing and fulfils the
requirement of the far-field assumption better.

Case of two sources

Assume that two sources s; and s, are at 6, and 65 cor-
responding to 7 and 7y, respectively, as in Fig.1. The cost
function is then given by

g9 =E{|sisin(w(r’ — 71)) + sz sin(w(7’ — 72))]
|s1sin(w(7” — 7)) + sesin(w(” — )|} (10)

Using the assumption that s; and s, are independent with zero
mean or E{s1s2} = 0, (10) can be rewritten as

g = B{|s?sin(w(r’ — 7)) sin(w(r” — 7))
+s2sin(w(t’ — 7)) sin(w(t” — ™))[}. (11)

Notice that g = 0 identically at (7, 7"") = {(71, 72), (72, 71) }.
Thus these points are two global minima since the cost func-
tion ¢ is symmetric about the straight line DOA2 = DOAL.
However, (7/,7") = {(m1,71), (72, 72)} may or may not be
local minima in general.

Fig.2 shows the cost function for two speech sources of
Isec long at (—50°,30°) in an anechoic environment. Time
delay is replaced by the corresponding angle in the plot for
clarity. Microphone spacing is 15cm and the sources are
located 1m apart from the microphones. Sampling rate of
16kHz has been used. It is clear that two global minima and
two local minima correspond to source locations as expected.
This enables us to estimate DOAs of weak signals masked by
a strong dominant signal.

For the general case (/N > 2), g in (11) is generalized as

N
g= Z E{|s?sin(w(r’ — 7)) sin(w(r” — 7))[}.  (12)

It is not clear whether (7', 7") = (7, 7;) fori,j=1,--- |N
1 # j, correspond to global/local minima or not. However, at
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Fig. 2.  Plot of g(v',7") for two speech sources at
(—50°,30°) in an anechoic room.
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Fig. 3.  Plot of g(v',7") for three speech sources at
(—50°,—5°,30°) in an anechoic room.

(7/,7") = (7i,7j),i # j, two signals s7 and s? are canceled
simultaneously and g is lowered. Therefore, these are good
candidates for global/local minima. As an example, Fig. 3 for
three sources at (—50°, —5°,30°) reveals that any combina-
tion of two DOAs out of three corresponds to global or local
minimum.

Reverberation of a room hinders DOA estimation proce-
dures and deteriorates accuracies. To see the effect of the re-
verberation, we computed the cost function in a real environ-
ment with reverberation time of 500msec for the same sources
used in Fig. 2. Comparing Fig. 2 and 4, we observe that global
minimum is shifted to (28°, —46°) from (30°, —50°) as ex-
pected in (7). In addition, the cost function for the echoic case
is much noisier than that of the anechoic case, which implies
the existence of spurious local minima. Fortunately, however,
g at source directions are much smaller than those of spurious
minima and we may devise a good estimation procedure.

3. EXPERIMENTS

We investigated the performance of the proposed cost func-
tion in an office with reverberation time of 500msec. Four
sources were placed at 1m apart from two microphones in the
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Fig. 4. Plot of g(v',7") for two speech sources at
(—50°, 30°) in a real room with reverberant time of 500msec.

Table 1. Performance of the proposed cost function in a real
reverberant environment.

no.src | Setup DOA | MUSIC(each) Proposed
| -5 -5 -5
60 54 55
) (-5,30) (-5,28) (-5,28)
(-50,30) (-46,28) (-46,28)
3 (-50,-5,30) (-46,-5,28) (-45,-5,28)
4 (-50,-5,30,60) | (-46,-5,28,54) | (-44,-5,28,55)

directions of —50°, —5°, 30° and 60°. Microphone spacing
is set to 15cm. Room impulse responses were measured and
convolved with speech signals of 2sec long taken from the
TIMIT data sampled at 16kHz. Each signal was set to have
the same power.

We used the MUSIC algorithm as a reference [7]. Since
the MUSIC requires more microphones than the the number
of sources, we computed each DOA one by one. To obtain
the DOA estimates using the proposed cost function, we com-
puted accumulated the cost function (8) at each frame of 512
samples with 50% overlap with a forgetting factor. Then a
histogram on DOA candidates is used to find the final DOA
estimates at each frame.

Table. 1 shows the results for various number of sources.
Each result is the average of eight different combinations of
speech signals. It is observed that the estimates with the pro-
posed method are equal or very close to those with the MU-
SIC algorithm for all cases.

To test the performance of the proposed method for weak
signals, we considered two signals at 30° and —5° in the same
environment as in Table 1 but with different signal power. We
set the signal at 30° larger than that of the signal at —5° by
5dB. As shown in Fig. 5, the proposed method accurately
estimate the DOA of the weak signal in the presence of the
strong signal. It is also observed that the proposed method
provides accurate estimates even if a signal duration is very
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Fig. 5. DOA estimation by the proposed method when the en-
ergy of the source at 30° is 5dB larger than that of the source
at —5°.

short.

4. CONCLUSION

We proposed a new cost function for DOA estimation using
two microphones in reverberant multi-source environments.
The cost function is a cross-correlation of the outputs of
a dual-delay line that resembles a two-channel null beam-
former. It is shown that the two-channel null beamformer
can capture early reflection as well as the direct part of a
signal with a shifted steering vector. Signal cancellation in
the cost function provides robustness of estimation in the
presence of multiple sound sources. Simulation results using
real recordings confirmed that proposed method can estimate
DOAs of up to four sources very accurately even in a highly
reverberant environment. It also works well for weak signals.
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