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Abstract

Adaptive binaural beamforming and source separation
methods require information on the desired source loca-
tions relative to the current head position. The local-
ization algorithm needs to be robust to unknown and
dynamic source/receiver configurations and to adverse
acoustic conditions. In this work we propose and com-
pare binaural localization algorithms based on beam-
forming techniques. The algorithms use a joint ITD/ILD
head model and do not require prior training. The meth-
ods are capable of accurate direction-of-arrival (DOA)
estimation in the horizontal plane across a wide range
of frequencies. In addition, we support our localization
algorithms by means of a head tracker sensor to provide
head movement information. Finally, we integrate the
proposed localization algorithm in a generalized side-lobe
canceller to separate concurrent speakers. We evaluate
the performance of the proposed adaptive beamforming
algorithm over different recording scenarios based on ob-
jective measurements and informal listening tests. Re-
sults demonstrate the efficiency of our algorithm.

Introduction

Binaural speech enhancement plays a major role in the
performance of hearing aids. A common assumption in
most of the binaural beamformer is that the target source
is in front of the listener. Furthermore, ambient noise,
interfering sources, and the listeners head movements de-
grade the performance of hearing aids considerably.

In this paper we propose an adaptive binaural beam-
former to localize and separate concurrent speakers. The
primary goal of this work is the investigation of binaural
localization algorithm. The two binaural cues, namely
interaural time or phase difference (ITD/IPD) and in-
teraural level difference (ILD), are jointly employed in
the proposed algorithms. The ILD plays an important
role in DOA estimation especially at high frequencies and
should be utilized in the localization algorithms. In free
field conditions optimal approaches have been extensively
used in localization. In the binaural context however, lo-
calization is performed based on heuristic combination of
binaural cues. In [1] for example, the ILD cues were com-
bined heuristically with IPD in the Fourier domain. In [2]
the head model is employed to evaluate ITD cues while
measured HRTFs are used for the evaluation of ILD. The
authors in [3] incorporate a probabilistic model to train
the interaction between ITD and ILD. In this study we
contribute different localization methods that integrate
both IPD and ILD in closed-form cost functions. The

Figure 1: Binaural speaker localization and separation.

proposed localization methods enable the DOA estima-
tion in a wide range of frequencies and do not require
prior training of the interaction between ITD, ILD and
source locations.

Adaptive binaural beamformer

The block diagram of the proposed adaptive binaural
beamformer considering the binaural signal model is
shown in Fig. 1. In this scenario we consider binaural sig-
nals from two sources received by the front microphones
of two BTE hearing aids. Using the convolution operator
∗ the received signal at each microphone m is written as

xm(n) =

2∑
i=1

si(n) ∗ him(n) + nm(n) (1)

where si(n) represents the i-th point source signal,
him(n) indicates a binaural room impulse response
(BRIR) from the source i to the microphone m, m ∈
{L,R}, nm(n) is the noise at microphone m, and n is
the sampling index. We analyse signals in the STFT
domain and thus obtain(

XL(k, b)
XR(k, b)

)
=

(
H1L(k, b) H2L(k, b)
H1R(k, b) H2R(k, b)

)(
S1(k, b)
S2(k, b)

)
(2)

+

(
NL(k, b)
NR(k, b)

)
.

Here, H̃im(k, b) are the transfer functions of both the left
and right ears and (k, b) indicate frequency and frame in-
dices. The received signals are processed through the pro-
posed adaptive binaural beamformer. The beamformer is
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an extension of [4] adapted to the binaural configuration
using hearing aids. Our system consists of two parts: first
a generalized side-lobe canceller(GSC) [5] with a beam-
former Wf (k, b) looking towards the target, an adaptive
blocking matrix B(k, b), and an adaptive noise canceler
WN (k, b). Secondly, a localization-tracking part com-
prises a binaural localization algorithm estimating the
target DOA θ̂(k, b), a head tracking sensor using an in-
ertial measurement unit (IMU), and a target presence
probability Pθsi |θ̂

(k, b) using a Gaussian mixture model

(GMM). All of these components are used to extract the
desired signal at each frequency bin.

Binaural speaker localization

In this section we introduce different binaural localiza-
tion algorithms based on joint IPD/ILD information. In
these approaches we derive different cost functions for lo-
calization that integrate IPD/ILD in a consistent fashion.
Our approaches are based on null-steering beamformer
(NSB) where the beamformer steers a null to each source
position candidate and searches for the minimum value
and the corresponding DOA . It has been shown for the
free field scenario that minimizing the NSB output when
microphone signals are compensated with phase only is
equivalent to maximizing the output of the steered re-
sponse power (SRP) [6]. We extend this idea to the bin-
aural configuration considering joint IPD/ILD. The bin-
aural cues are taken into account in the form of HRTFs
ĤL(Ωk, θ) and ĤR(Ωk, θ) and derived from a spherical
head model described in the following section.

Spherical head model

In [7] Brown and Duda propose a spherical head model
for the approximation of the ITD the ILD cues. The
head model is formed by cascading a first-order recursive
head-shadow filter and a propagation delay. Taking the
coordinate system in Fig. 1 into account, the HRTF for
the right ear is expressed as:

ĤR(ω, θ) =
1 + j ω

2ω0
γR(θ)

1 + j ω
2ω0

e−jωτ̂R(θ). (3)

In this equation we have ω0 = c/a, where c is the speed
of sound, a is the radius of the head, and θ is the angle
between the source and the right ear. γR(θ) and τ̂R(θ)
are two angle-dependent parameters that are defined as

γR(θ) = 1.05 + 0.95 cos

(
6

5
(θ − π/2)

)
(4)

τ̂R(θ) =

{
−ac sin(θ) if − π/2 ≤ θ < 0

−ac θ if 0 ≤ θ < π/2.
(5)

Then, for the left ear we have

γL(θ) = 1.05 + 0.95 cos

(
6

5
(θ + π/2)

)
(6)

τ̂L(θ) =

{
a
c (θ) if − π/2 ≤ θ < 0
a
c sin(θ) if 0 ≤ θ < π/2.

(7)

We integrate both IPD and ILD cues provided by the
head model in different localization algorithms explained
in the following sections.

+

+

+

+

-

Figure 2: Binaural signal model and localization algorithm.

Cost functions for the localization

The binaural signal model followed by the binaural local-
ization algorithm is shown in Fig. 2. Based on different
types of filters we obtain cost functions for the localiza-
tion which are introduced in the following sections:

NSB with signal equalization (NSB-SE)

We design the NSB filters such that each channel is equal-
ized independently, i.e. WR(Ωk, θ) = H−1

R (Ωk, θ), and

WL(Ωk, θ) = Ĥ−1
L (Ωk, θ) and derive the cost function as

J(Ωk, θ) =

∣∣∣∣∣ XL(Ωk)

ĤL(Ωk, θ)
− XR(Ωk)

ĤR(Ωk, θ)

∣∣∣∣∣
2

(8)

where Ĥm (m ∈ {L,R}) is the HRTF for the angle θ,
derived from the spherical head model. For simplicity,
the time index b has been eliminated in the equation and
Ωk = 2πkfS/M . Expanding the cost function in (8) and
exploiting the phase φm of the received signals we write

J(Ωk, θ) =

∣∣∣∣∣ XL(Ωk)

ĤL(Ωk, θ)

∣∣∣∣∣
2

+

∣∣∣∣ XR(Ωk)

HR(Ωk, θ)

∣∣∣∣2 (9)

− 2<

{
|XL(Ωk)|
|ĤL(Ωk, θ)|

|XR(Ωk)|
|HR(Ωk, θ)|

ej∆φ

}
where, ∆φ =

(
φXR

(Ωk)− φXL
(Ωk)− Ωk(τ̂R(θ)− τ̂L(θ)

)
and <(.) denotes the real part. We factorize (9) as

J(Ωk, θ) =
|XL(Ωk)||XR(Ωk)|
|ĤL(Ωk, θ)||HR(Ωk, θ)|

(10)

×
(
A(Ωk, θ) +

1

A(Ωk, θ)
− 2 cos(∆φ)

)
with A(Ωk, θ) = |XL(Ωk)||ĤR(Ωk,θ)|

|XR(Ωk)||ĤL(Ωk,θ)|
. For A(Ωk, θ) > 0 the

function f(A) = A(Ωk, θ)+ 1
A(Ωk,θ)

is always positive and

attains its minimum value of f(A) = 2 for A(Ωk, θ) = 1
and thus represents the effects of ILD deviations. There-
fore, min {f(A)− 2 cos(∆φ)} = 0 when both the ampli-
tudes and the phases match the head model. We can also
ignore microphones signals |XL(Ωk)||XR(Ωk)| which are
independent of θ and write the cost function as

J̃(Ωk, θ) =
1

|ĤL(Ωk, θ)||ĤR(Ωk, θ)|
(11)

×
(
A(Ωk, θ) +

1

A(Ωk, θ)
− 2 cos(∆φ)

)
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and minimize it for each frequency across frontal angles.

NSB with cross-relation (NSB-CR)

In the second approach we design the NSB filters based
on the cross relation technique, i.e. WR(Ωk, θ) =
ĤL(Ωk, θ), and WL(Ωk, θ) = ĤR(Ωk, θ). Using the nota-
tion of the last section, we write the cost function for the
NSB-CR method as

Γ(Ωk, θ) =
∣∣∣XL(Ωk)ĤR(Ωk, θ)−XR(Ωk)ĤL(Ωk, θ)

∣∣∣2 .
(12)

The cost function (12) is expanded and factorized as

Γ(Ωk, θ) = |XL(Ωk)||XR(Ωk)||ĤL(Ωk, θ)||ĤR(Ωk, θ)|

(13)

×
(
A(Ωk, θ) +

1

A(Ωk, θ)
− 2 cos(∆φ)

)
where again ∆φ =

(
φR(Ωk)− φL(Ωk)− Ωk(τ̂R(θ)− τ̂L(θ)

)
and A(Ωk, θ) = |XL(Ωk)||ĤR(Ωk,θ)|

|XR(Ωk)||ĤL(Ωk,θ)|
. The microphone sig-

nals |XL(Ωk)||XR(Ωk)| are independent of θ and are
ignored. Then, we have

Γ̃(Ωk, θ) = |ĤL(Ωk, θ)||ĤR(Ωk, θ)| (14)

×
(
A(Ωk, θ) +

1

A(Ωk, θ)
− 2 cos(∆φ)

)
.

The cost function is minimized when both the amplitude
and the phase of the received signal match the binaural
cues of the head model.

NSB with normalized signal equalization (NSB-
SE/N)

The cost function (14) is similar to (11) with a differ-
ence in the gain functions. On the one hand the gain
function |ĤL(Ωk, θ)||ĤR(Ωk, θ)| amplifies the cost func-
tion for front angles and attenuates for the lateral an-
gles. On the other hand due to the different factors in
(14) and (11) the NSB-CR method localizes better than
the NSB-SE method the lateral angles. Hence, the gain
functions bias the cost functions regardless of the true
position of sources. Consequently, in order to increase
the robustness of the methods for all angles, and to de-
crease the computational complexity the gain functions
are neglected. This results in the third approach with
simplified closed-form cost function which we denote as
NSB with normalized signal equalization (NSB-SE/N),

J̃N (Ωk, θ) = A(Ωk, θ) +
1

A(Ωk, θ)
− 2 cos(∆φ). (15)

The advantage of this approach is that the magnitude of
HRTFs are only used in ratio term and thus the stability
of the cost function is improved.
Finally, we integrate each of the proposed localization al-
gorithms in the adaptive binaural beamformer described
in [4, 8].

Experimental results

We used BTE hearing aid dummies attached to a dummy
head. Loudspeakers playing male and female utterances
were placed at a distance of 1 m from the dummy head.
We conducted our experiments in an anechoic and a re-
verberated room with T60 = 0.5 s. Audio recordings were
made at 48 kHz and later downsampled to 16 kHz.
The performance of the proposed localization algorithms
is evaluated for the estimation of the position of two
active sources and is presented in Fig. 3. We assume
that one source is fixed at 0◦ and the other source is
placed at the corresponding angles. We compare the
proposed algorithms with the SRP algorithm with a free-
field assumption, and the SRP algorithm incorporating
IPD cues only (SRP-IPD). The results are expressed in
terms of the percentage of correctness for different acous-
tic rooms. The percentage of correctness counts the
number of correct estimation per frequency bin divided
by the total number of bins in a given period of time.
The absolute error threshold for the correct estimation
is |θthr| = 5◦. According to this figure the proposed
techniques that use joint IPD/ILD shows improved per-
formance. Fig. 4 demonstrates the capability of the pro-
posed methods for DOA estimation of a single source at
−60◦ at each time-frequency point. It is observed that
the ambiguities in DOA estimation especially at high fre-
quencies are remarkably resolved in the proposed algo-
rithms that use both IPD and ILD cues.
The performance of the adaptive binaural beamformer
for the separation of the desired speaker is evaluated for
a dynamic recording with head movement in a low re-
verberated room. Two speakers are separated by 60◦

and the angular speed is 30◦/s which represent a realis-
tic scenario. One cycle of turns starts with one speaker
in front of the head and ends when the other speaker is
in front of the head. The total length of the recording
is one minute. Experimental results are stated in terms
of the perceptual evaluation of speech quality (PESQ)
[9] and signal-to-interference ratio (SIR) [10] which are
shown in Fig. 5. The results reflect that the beamformer
which is controlled by the proposed NSB methods out-
perform the others in terms of quality and separation
measurements. This confirms the idea of using joint IPD
and ILD. The higher the accuracy in DOA estimation,
the less distortion in the extracted target signal of the
binaural beamformer is achieved.

Conclusion

We presented binaural localization approaches based on
the combination of IPD and ILD. Conventional binaural
localization methods often use heuristic measurements to
combine binaural cues since the interaction of IPD/ILD
is unknown. Not much work, however, has been done for
the use of optimization criteria in binaural localization.
Therefore, in this paper we contribute novel localization
algorithms that combine the IPD and ILD cues in sim-
ple closed-form cost functions. The localization methods
are robust against the presence of multiple speakers and
a limited amount of reverberation. Our algorithms en-
able the narrowband DOA estimation regardless of prior
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Figure 3: The comparison between the localization methods
for the estimation of two sources in different reverberation
rooms. (One source is fixed at 0◦ and the other source is
placed at the corresponding angles).

training of source/receiver configuration. The localiza-
tion algorithm is then integrated in the adaptive binaural
beamformer [4, 8] to extract the target signal. Results
corroborate the superiority of our system for both local-
ization and separation versus other methods.
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