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Abstract
Abstract— Speaker localization in reverberant environments is currently an important challenge in audio signal
processing, and several methods have recently been proposed to address it. One such family of methods is
based on the direct-path dominance (DPD) test that was developed specifically for spherical arrays and recently
extended to arbitrary arrays. In this paper, an extension of the DPD test for a binaural array is examined. This
extension uses a focusing technique to remove the frequency dependence of the steering matrix within frequency
bands. This facilitates frequency smoothing, which is necessary for decorrelating coherent reflections. Unlike
other focusing approaches, the proposed focusing approach does not rely on the initial estimation of source
directions, facilitating its application in reverberant environments. However, in the binaural case, there is no
guarantee of focusing performance. This paper presents an analysis of this focusing process for the binaural case
and shows that good focusing performance can be obtained in the binaural case. A simulation study examines
the effect of the focusing and smoothing and demonstrates the proposed method’s capabilities in overcoming
adverse reverberation conditions.

1 Introduction
Binaural direction-of-arrival (DOA) estimation of sound from speakers in a room is important for speech en-
hancement and source separation in applications such as hearing aids and robot audition. DOA estimation
methods for sources, in general, include maximum likelihood estimation [16], beamforming techniques [16]
and subspace methods, such as MUSIC [16]. Because speakers in a room generate coherent signals due to
room reflection, DOA estimation methods that are designed for coherent signals are more suitable in this case.
One such method is the coherent signal subspace method (CSSM) [17], which employs focusing and frequency
smoothing to decorrelate the sources, enabling the DOA estimation of coherent signals using subspace methods.
Coherent processing of the CSSM has recently been applied in a DOA estimation method for speech signals,
called the direct-path dominance (DPD) test [10]. This method tackles the issue of reverberation by using only
the direct-path bins in the short-time Fourier transform (STFT) domain for the estimation task. The need of
focusing matrices has been circumvented by employing spherical arrays, for which the frequency dependence of
the steering matrix is removed by the plane-wave decomposition operation [11]. Although the DPD test method
has shown robustness to diverse reverberation and noise conditions [12], its application is limited to spherical
arrays.
An extension of the DPD test for arbitrary arrays was recently proposed [3]. This extension incorporates a
focusing process that does not require an initial DOA estimation facilitating its application in reverberant en-
vironments. Unlike the bin selection method proposed in [15], which is also available for arbitrary arrays, the
DPD test employs coherent processing. The coherent processing increases the accuracy of the spatial spec-
trum [6], and this, in turn, leads to an accurate estimation when using a subspace localization method such
as MUSIC. Unlike the binaural localization method proposed in [9], the DPD test does not require a training
phase. Furthermore, in contrast to the speaker localization method proposed in [8], the DPD test does not
require speech-free signal segments for estimating the noise statistics and can operate on short time segments.
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Although the proposed extension of the DPD test is useful, it has limitations. In particular, poor focusing
performance may result in DOA estimation errors. For binaural arrays, the focusing matrices are obtained
as the least squares solution to an over-determined system, thus incorporating a fitting error. Moreover, the
development of the focusing matrices assumes knowledge of the spherical harmonics coefficients matrix. For
binaural arrays, this matrix is obtained via the discrete spherical Fourier transform (DSFT) of the head related
transfer function (HRTF) and its accuracy depends on the sampling of the HRTF. In this paper, the performance
of the focusing for binaural arrays is investigated, and guidelines for sampling the HRTF are suggested. A
simulation study examines the effect of focusing and smoothing and demonstrates binaural DOA estimation
with the DPD test under adverse reverberation conditions.

2 System model
Consider an acoustic scene of a single speaker in a reverberant environment. Also, consider a sound field
composed of L far field sources, where a source can represent a direct-sound or, for example, a reflection
due to room boundaries. Employing the multiplicative transfer function (MTF) approximation [2], according to
which if the length of the time windows are sufficiently large with respect to the length of the HRTF (in time),
the binaural signal can be expressed in the STFT domain as

p(τ,ν) = H (ν ,ψ)s(τ,ν)+n(τ,ν) , (1)

where τ and ν are the time frame and the frequency indices, respectively. p(τ,ν) = [pl (τ,ν) , pr (τ,ν)]
T , with

pl (τ,ν) and pr (τ,ν) denoting the signal at the left and the right binaural microphones, respectively. s(τ,ν) =
[s1 (τ,ν) , ...,sL (τ,ν)]

T is the source signal vector, where sl (τ,ν) is the complex amplitude of the l’th source
at the origin. H (ν ,ψ) = [h(ν ,ψ1) , ...,h(ν ,ψL)]

T is a 2× L HRTF matrix, where h(ν ,ψl) is the HRTF that
corresponds to the l’th source with DOA ψl = (θl ,φl), where θl and φl are the elevation and the azimuth
angles, respectively. n(τ,ν) = [nl (τ,ν) ,nr (τ,ν)]

T is the additive sensor noise, which is assumed to be spatially
white and uncorrelated with s(τ,ν).

3 The DPD test for binaural arrays
The first stage of the DPD test method is to construct the smoothed spectrum at each time frequency (TF) bin.
To construct the smoothed spectrum in bin (τ0,ν0), focusing is applied to a rectangular window of Jτ time
frames and Jν frequencies around (τ0,ν0), followed by an averaging of the spectrum over the window. The
averaging over time frames approximates the expectation operation, and the averaging over frequencies imple-
ments frequency smoothing. Focusing is applied to remove the frequency dependence of the HRTF matrices
within the averaging window to preserve the spatial information in the smoothed HRTF matrix. Focusing is
performed by aligning the HRTF matrices within the averaging window to the HRTF matrix from the central
frequency using a focusing matrices T (ν ,ν0) that satisfies

T (ν ,ν0)H (ν ,ψ) = H (ν0,ψ) . (2)

The focusing is applied by multiplying the binaural signal p(τ,ν) with the corresponding focusing matrix
T (ν ,ν0), such that the transformed binaural signal p̃(τ,ν) can be expressed as

p̃(τ,ν) = T (ν ,ν0) p(τ,ν) = H (ν0,ψ) · s(τ,ν)+ ñ(τ,ν) , (3)

where ñ(τ,ν) = T (ν ,ν0)n(τ,ν). The smoothed spectrum is then constructed by averaging the spectrum within
the averaging window. Assuming s(τ,ν) and n(τ,ν) are uncorrelated, the smoothed spectrum can be expressed
as

S p̃ (τ0,ν0) = H (ν0,ψ)Ss (τ0,ν0)HH (ν0,ψ)+Sñ (τ0,ν0) , (4)
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where Ss (τ0,ν0) and Sñ (τ0,ν0) are the smoothed covariance matrices of the source and noise signals, respec-
tively. The frequency smoothing is employed to decorrelate coherent sources, such that after smoothing the
matrix Ss (τ0,ν0) is assumed to be of full-rank with a low condition number. This facilitates the application of
subspace localization methods such as MUSIC.
The DPD test selects TF bins with one dominant source and assumes that these bins contain a significant
contribution from the direct-sound and insignificant contributions from room reflections. Thus, the DOA of the
actual source can be correctly estimated using these bins. The group of bins selected by the DPD test is

ADPD =

{
(τ0,ν0) :

σ1 (τ0,ν0)

σ2 (τ0,ν0)
> THDPD

}
,

where σ1 (τ0,ν0) and σ2 (τ0,ν0) are the singular values of Sp̃ (τ0,ν0) and THDPD is a chosen threshold. Several
approaches for estimating the speaker DOA from the selected bins have been proposed, including MUSIC with
coherent and incoherent integration of the signal sub-spaces from the different bins [10], and bin-wise DOA
estimation followed by a statistical analysis to fuse the estimates [14].
The formulation of the focusing matrices proposed in [3] assumes an order-limited HRTF, i.e. the HRTF can
be fully represented using spherical harmonics up to order N. As an order-limited function, the decomposition
of the HRTF matrix using spherical harmonics is given by

H (ν ,ψ) = Hnm (ν)Y (ψ) , (5)

where

Y (ψ) =


Y 0

0 (ψ1) Y 0
0 (ψ2) · · · Y 0

0 (ψL)

Y−1
1 (ψ1) Y−1

1 (ψ2) · · · Y−1
1 (ψL)

...
...

. . .
...

Y N
N (ψ1) Y N

N (ψ2) · · · Y N
N (ψL)


is an (N +1)2×L matrix of the spherical harmonics functions Y m

n (ψ) of order n and degree m [11] and

Hnm (ν) =

[
hl

0,0 (ν) hl
1,−1 (ν) · · · hl

N,N (ν)

hr
0,0 (ν) hr

1,−1 (ν) · · · hr
N,N (ν)

]
is a 2×(N +1)2 matrix of the spherical harmonics coefficients hl

n,m (ν), hr
n,m (ν) of order n and degree m of the

HRTF of the left (l) and right (r) binaural microphones, respectively. Substituting (5) into (2) it follows that a
focusing matrix that aligns H (ν ,ψ) to H (ν0,ψ) for any set of sources should satisfy

T (ν ,ν0)Hnm (ν) = Hnm (ν0) . (6)

The general solution to this system is given by

T (ν ,ν0) = Hnm (ν0)Hnm
† (ν) , (7)

where (·)† denotes the pseudo-inverse operation.

4 Focusing formulation for binaural arrays
The development of the focusing matrices presented in the previous section assumes an order-limited HRTF
and knowledge of the spherical harmonics matrix Hnm (ν). Conditions for which these assumptions hold are
formulated in this section.
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The resemblance of the human head to a rigid sphere suggests that, like a rigid sphere, the HRTF is nearly
order-limited with order N = kr, where k = 2π f

c is the wave number with c denoting the speed of sound, and
r is the sphere radius. Thus, the assumption according to which the HRTF can be represented with spherical
harmonics coefficients up to order N is approximately maintained for kr < N.
While for some arrays, such as spherical arrays with a rigid-sphere, the spherical harmonics coefficients ma-
trix follows an analytical expression, in the binaural case, this matrix is computed using the discrete spherical
Fourier transform (DSFT) of the HRTF matrix. The DSFT is given by [11]

Hnm (ν) = H (ν ,ψ)Y † (ψ) , (8)

where ψ = [ψ1, ...,ψL]
T is a set of sampling points of the HRTF over a sphere of directions. Such samples

can be obtained with a numerical simulation or using measurements. Accurate computation of Hnm (ν), requires
more samples than coefficients, i.e. L≥ (N +1)2, and a matrix Y (ψ) of full-rank [11]. Table 1 details the nec-
essary number of required samples L for several sampling schemes in order that these conditions are satisfied.

Table 1. Number of samples for accurate computation of Hnm (ν) for several sampling schemes

Sampling scheme equal angle Gaussian uniform
Number of samples 4(N +1)2 2(N +1)2 (N +1)2

Even if the assumptions discussed above approximately hold, there is no guarantee for ideal focusing in the
binaural case. This is because the system in (6) is over-determined for all N (excluding N = 0 for which the
HRTF contains no directional information); hence, the solution in (7) is obtained in the least squares sense, thus
incorporating a fitting error. The next section examines the focusing performance for a binaural array.

5 Focusing performance analysis
To evaluate the performance of focusing for simple binaural arrays, an array of two microphones mounted on
a rigid sphere was employed. The array steering function from a set of L = 338 points in a Gaussian sampling
scheme was obtained according to [11] up to order N = 12, with a sampling frequency of Fs = 16kHz and with
a frequency resolution of 512 points. The mean (over directions) of the normalized focusing error is defined
as [7]

ε f (ν0) =
1
L

L

∑
l=1

‖T (ν ,ν0)h(ν ,ψl)−h(ν0,ψl)‖2

‖h(ν0,ψl)‖2 , (9)

where (·) denotes averaging over the frequency within the focusing window.
The focusing matrices were computed according to (7) with several spherical harmonics orders N for a focusing
windows of 15 frequencies. Figure 1 shows ε f (ν0) as a function of the central frequency ν0. To examine the
effect of the order-limited assumption, the values of kr are depicted at the top of figure 1. The dashed line
denotes the values of ε f (ν0) when the focusing matrices were chosen to be an identity matrix, i.e. no focusing
was employed.
Figure 1 shows that, although the focusing computation incorporates the solution of an over-determined system,
good performance can still be achieved, and a significant improvement is evident with respect to the case of
no focusing. In addition, Figure 1 shows that the performance of focusing matrices of order N deteriorates
for kr > N. This is because in this range a truncated representation of the HRTF is used in (7), resulting in
an increased focusing error. Nevertheless, good focusing performance is obtained at frequencies in the range
kr <N. This implies that in the case for which the DPD test does not exhibit high sensitivity to focusing errors,
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Figure 1. Focusing error for several spherical harmonics orders N = 2,4,6,8,10,12 and for focusing window of
15 frequencies. The dashed line depicts the error when no focusing is employed

sparse sampling of the HRTF may be sufficient for good performance. The next section examines the effect of
focusing performance on the DOA estimation.

6 Simulation study
In this section the application of the DPD test for the binaural case is examined through simulation. A simple
acoustic condition of single a speaker and a single room reflection is initially assumed in Section 6.1 in order to
examine the effect of smoothing and focusing. Then, a more complex acoustic condition of a highly reverberant
room is assumed in Section 6.2 in order to examine the effect of smoothing and focusing in a more realistic
condition and to demonstrate the DOA estimation with the DPD test under adverse reverberation conditions.
Azimuth estimation only was considered, which is more natural for the binaural array.
The Numman KU-100 [4] was used as a binaural array. The speaker, simulated as a point source, was posi-
tioned 1.5m away from the array at the array frontal horizontal plane. A four-seconds segment of a speech
signal from the TIMIT database [5] was used as speech material. The spherical harmonics coefficients up to
order N = 12 of the plane waves’ density at the array position were synthesized using the image method [1] at
a sampling frequency of 16kHz. The binaural signal was simulated according to [13].
The DPD test was applied to the simulated signal with the following parameters: STFT with Hann window
of 512 samples length (32 ms) and 50% overlap between adjacent frames, Jτ = 3 time frames and Jν = 15
frequencies were used for averaging, and the focusing matrices were computed with spherical harmonics order
of N = 12. The threshold was selected separately for each frequency such that 5% of the TF bins from each
frequency would pass the test. TF bins from frequencies below 1kHz and beyond 6.5kHz were automatically
rejected by the test.

6.1 A single reflection
A simple acoustic condition of a single speaker and a single room reflection is studied to examine the effect
of smoothing and focusing on DOA estimation with the DPD test. The speaker and the reflection DOAs were
ψ1 = (90◦,70◦) and ψ2 = (90◦,20◦), respectively. The amplitude ratio at the array between the reflection and the
direct-path (speech signal) was 0.6, and the reflection arrives at the array with a delay of 5ms, which represents
the delay of a typical early room reflection. A noise free condition was assumed.
To examine the effect of smoothing and focusing, the DPD test was applied with and without focusing and
smoothing. Under all conditions, the spectrum of MUSIC was computed for the frontal azimuth direction at
each of the selected TF bins. An incoherent integration of the spectrum is then applied by averaging the
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spectra from the different bins. Figure 2 shows the mean MUSIC spectrum under the different conditions. The
true azimuth is marked by a dashed black line.
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Figure 2. Mean MUSIC spectrum from the selected TF bins in each condition: (a) without smoothing, (b) with
smoothing without focusing, (c) with smoothing and focusing. The dashed line represent the direction of the
speaker.

Figure 2a shows that without smoothing the peak in the MUSIC spectrum is away from the speaker azimuth.
This is because, with no smoothing the spatial spectrum in all TF bins is of unit rank; consequently, a significant
number of selected TF bins contain DOA information that is distorted by the reflection. Figures 2b, 2c show
that the MUSIC spectra for both of the conditions that apply smoothing have a peak very close to the speaker
azimuth. Nevertheless, the peak in the condition with focusing is sharper and more prominent. Incorporating
focusing better preserves the spatial information in the smoothed HRTF matrix and, consequently, improves the
DOA estimation from the selected TF bins.

6.2 Reverberant room
The binaural signal due to a speaker in a reverberant room is simulated. A room of dimensions 8× 5× 3m
and with a reverberation time of T60 = 1sec was considered. The array position was selected to be (x,y,z) =
(2,1.5,1.7) m. A sensor noise of 40dB SNR was simulated. Figure 3 shows the mean MUSIC spectra under
the different conditions.
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Figure 3. Mean MUSIC spectrum from the selected TF bins in each condition: (a) without smoothing, (b) with
smoothing without focusing, (c) with smoothing and focusing. The dashed line represent the direction of the
speaker.

The results suggest that without smoothing, TF bins that contain a significant contribution from reflections are
selected. Figures 2b, 2c shows that the spectrum for both conditions that apply smoothing are quite similar,

3310



excluding the area around the speaker azimuth. In this area the condition with focusing has a peak very close
to the speaker azimuth, and the condition without focusing exhibits a couple of peaks with deviation from the
speaker azimuth. This result suggests that focusing have a positive effect the accuracy of the DOA estimation
from the selected TF bins.
Figure 4 shows the spectrogram of the signal obtained in the left microphone and the TF bins that were selected
by the DPD test in black.
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Figure 4. Spectrogram of reverberant speech with selected bins in black

Figure 4 shows that the majority of the selected TF bins are located at the onset of the speech signal. This
is because the direct-sound arrives earlier at the array than reflections that have a longer traveling time. This
result supports the validity of the used measure in selecting TF bins in which the direct-path is dominant.
Figure 5a shows the histogram of the azimuth estimates from the selected TF bins and figure 5b shows the
histogram of the azimuth estimates from all TF bins. The histograms were normalized such that the area below
the graph will equal 1.

(a) (b)

Figure 5. Histogram of azimuth estimates from (a) all bins, (b) selected bins

Comparing the histograms, it is clear that using the TF bins selection with the DPD test improves the accuracy
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of the DOA estimation.

7 Conclusions
In this paper, the DPD test method for speaker localization is examined for the binaural case. Central to the
DPD test is a focusing process. The assumptions at the basis of this focusing process are examined for the
binaural case, and conditions for which these assumptions hold are formulated. It has been shown that good
focusing performance can be obtained in the binaural case. An experiment with simulated data verifies the
necessity of focusing and smoothing and demonstrates the capabilities of the proposed method of overcoming
adverse reverberation conditions with the DPD test.
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