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ABSTRACT

A beamformer for binaural speech enhancement systems in digital

hearing aids is proposed. Its single modules for the estimation of

the time-difference-of-arrival (TDOA) and time-alignment operate

in the frequency-domain and have a low computational complex-

ity. The TDOA estimation is performed efficiently by a general-

ized cross-correlation with phase transform weighting. The estima-

tion accuracy for filter-banks with a limited number of subbands,

which are needed for hearing aids to meet tight delay constraints,

is improved by a histogram-based TDOA estimation. The subse-

quent time-alignment is accomplished by a simple multiplication

with spectral phase factors.

A primary application of the proposed system are binaural cue

preserving speech enhancement systems based on spectral weight-

ing. The proposed beamformer can be used as delay-and-sum

and/or delay-and-subtract beamformer to provide subband signals

from which the power spectral densities of interfering sources can

be estimated to drive the spectral weight calculation.

Index Terms— delay-and-sum beamformer, TDOA estimation,

binaural hearing aids, speech enhancement

1. INTRODUCTION

Modern hearing aids (HAs) are mostly equipped with multiple

microphones and, more and more, with a wireless binaural data link

between left and right HA device. This allows to execute multi-

channel algorithms for signal classification or speech enhancement,

e.g., [1]. Accordingly, the microphone array and beamformer design

for HAs has received a lot of research interest, e.g., [2]. The design

goal is usually to obtain a fixed or adaptive beamformer with a high

directivity towards a desired source to achieve a high suppression of

interfering sound sources, noise or room reverberation.

Another approach is to perform binaural speech enhancement

by spectral weighting. In such a case, a beamformer is not employed

for speech enhancement by beamsteering, but to drive the spectral

weight calculation as proposed in [3] for binaural cue preserving

speech dereverberation. A delay-and-sum beamformer (DS BF) is

used to obtain an averaged ‘reference signal’ of the left and right HA

signal from which the power spectral density (PSD) of late reverber-

ant speech for the spectral weight calculation is estimated. However,

the beamformer design, including the needed source localization, for

such purposes is subject to challenging design constraints.

First, algorithms for HAs must have a low algorithmic com-

plexity, mainly due to the limited battery size and capacity. Sec-

ond, speech enhancement algorithms for HAs operate mostly in the

frequency-domain and, at the same time, must feature a low sys-

tem delay to avoid a disturbing comb-filter effect, cf., [4]. Different

filter-bank designs have been proposed to enable subband processing

calculation
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Ŝl(i, k
′)
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Fig. 1. Binaural cue preserving speech enhancement by spectral

weighting with spectral weight calculation driven by a delay-and-

sum beamformer and/or delay-and-subtract beamformer (DS BF).

with low signal delay, e.g., [5, 6]. They have in common that only a

rather limited number of frequency channels can be used to meet the

delay constraints for HAs. Accordingly, a beamformer implementa-

tion for HAs has to cope with a limited number of frequency bands

and should operate exclusively in the subband-domain to avoid ad-

ditional filter-banks.

The goal of this paper is to present a delay-and-sum / delay-and-

subtract beamformer system, including the needed time-difference-

of-arrival (TDOA) estimation, which addresses the outlined needs

for speech enhancement in binaural HAs.

2. OVERALL SYSTEM

A diagram of the presented system for beamformer driven binaural

speech enhancement is provided by Fig. 1.

The input signals of left and right HA channel, Xl(i, k
′) and

Xr(i, k
′), are subband signals of two M -channel discrete Fourier

transform (DFT) analysis filter-banks (not shown in Fig. 1). The in-

dex i ∈ { 0, 1, . . . ,M − 1 } marks the frequency (channel) index

and k′ = ⌊k/R⌋ the discrete time index after downsampling (frame

index), where a downsampling rate of R = M/4 is used here. The

complex input subband signals of both HA devices, Xl(i, k
′) and

Xr(i, k
′), are multiplied with real weightsWi(k

′) to perform speech

enhancement by spectral weighting. Identical weights are applied to

both channels to preserve the binaural cues, e.g., [3].

The enhanced subband signals, Ŝl(i, k
′) and Ŝr(i, k

′), are trans-
formed into the time-domain by a DFT synthesis filter-bank (which
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Fig. 2. Setup and notation for TDOA estimation.

is not depicted in Fig. 1). An alternative is to use the concept of the

filter-bank equalizer [6] where the weights Wi(k
′) are transformed

into the time-domain to perform time-domain filtering instead of

spectral weighting to achieve a lower signal delay. The following

prototype lowpass filter for the DFT analysis filter-bank has been

found suitable for the considered beamforming system

h0(n) =
1

M
si

(
π

M

(
n−

L

2

))
, n ∈ { 0, 1, . . . , L− 1 } (1)

with prototype filter length L = 2M and si(x) = sin(x)/x. It

provides a nearly perfect signal reconstruction for a DFT analysis-

synthesis filter-bank (AS FB) with the same synthesis prototype fil-

ter and perfect reconstruction for the filter-bank equalizer [6].

The calculation of the spectral weights Wi(k
′) is based on the

subband signals X
(+)

(i, k′) and/or X
(−)

(i, k′) obtained by a delay-

and-sum and/or delay-and-subtract beamformer, both abbreviated as

DS BF. The difference X
(−)

(i, k′) can be used for the PSD estima-

tion of non-coherent signal components such as diffuse noise. The

added signals X
(+)

(i, k′) can be used for the PSD estimation from

coherent signal components. As an example, a delay-and-sum beam-

former is used in [3] for binaural speech dereverberation to obtain a

‘reference signal’ from both HA signals by which the PSD of late

reverberant speech components for the calculation of the common

weights Wi(k
′) can be estimated. For such purpose, a delay-and-

sum beamformer is preferable to a superdirective beamformer as it

performs a lower dereverberation and requires a lower complexity.

In both cases, the subband signals Xl(i, k
′) and Xr(i, k

′) need
to be time-aligned before being subtracted or added. For this, an

estimation of the time-difference-of-arrival (TDOA) for the desired

source signal is needed. The efficient realization of TDOA estima-

tion and time-alignment is treated in the following.

3. TDOA ESTIMATION

The most challenging part of the beamforming system in Fig. 1 is

the estimation of the TDOA by which the desired signal arrives at

the microphones of left and right HA. The considered setup is de-

picted in Fig. 2. A plane wavefront reaches the microphone pair

with distance d. The direction-of-arrival (DOA) marked by the an-

gle θ and the TDOA T0 in seconds are related by sin θ = c · T0/d
with c = 340m/ s marking the speed of sound. In the following, the

TDOA in sample instants is considered given by N0 = T0 fs with

fs marking the sampling frequency.

The model of Fig. 2 is of course rather coarse as the head be-

tween the microphones of both HAs is not considered as, e.g., in [7],

but this simple model facilitates on the other hand the use TDOA

estimation techniques with a low complexity.

A comprehensive treatment of algorithms for TDOA estima-

tion can be found e.g., in [2, 8]. A very efficient and widely used

method to estimate the TDOA out of two sensor signals is the use

of the generalized cross-correlation (GCC) function [9]. Different

frequency-domain weighting functions are proposed in [9] for the

evaluation of the GCC function where the so-called phase trans-

form (PHAT) is of special interest for speech signals (see also [8]).

This approach, termed shortly as GCC-PHAT algorithm in the

following, forms the basis for the employed method. In a first step,

the cross-power spectral densities (CPSDs) of both input signals are

calculated by recursive averaging

Φ̂xl,xr(i, k
′) = α Φ̂xl,xr(i, k

′ − 1) + (1− α)Xl(i, k
′)X∗

r (i, k
′)
(2)

where the asterisk denotes the conjugate complex value. Only the

values for i ∈ { 0, 1, . . . ,M/2 } need to be calculated since

Φ̂xl,xr(i, k
′) = Φ̂∗

xl,xr
(M − i, k′) . (3)

The phase transform (PHAT) provides the weighted CPSDs

Φ̂(phat)
xl,xr

(i, k′) =
Φ̂xl,xr(i, k

′)

max
{ ∣∣∣Φ̂xl,xr(i, k

′)
∣∣∣ , ǫ

} (4)

where the threshold ǫ > 0 avoids a division by zero. The inverse fast
Fourier transform (IFFT) of the weighted CPSDs yields the GCC

function ϕ̂(gcc)
xl,xr

(n, k′). The index n for the maximum peak of this

GCC function provides the preliminary TDOA estimate N̂ (pre)
o (k′).

For a sampling frequency of fs = 24 kHz and ear spacing of

d = 17 cm, the TDOA estimate is supposed to lie within the range

−12 ≤ N̂ (pre)
o (k′) ≤ 12 for N̂ (pre)

o (k′) ∈ Z (5)

and estimates being outside this range are rejected, i.e., N̂ (pre)
o (k′) =

N̂ (pre)
o (k′ − 1) in this case. The final TDOA estimate of the

GCC-PHAT algorithm is obtained by recursive smoothing where

a smoothing factor of 0.99 is used here. The GCC-PHAT algorithm

can also be used to calculate a fractional value for N̂ (pre)
o (k′) by

means of interpolation which, however, is not considered here due

to the increased computational burden.

For the evaluation of the TDOA estimation with realistic setups,

a speech signal were convolved with different binaural room im-

pulse responses (BRIRs) at 24 kHz sampling frequency. The BRIRs

were measured with HA dummies (Siemens Life 500) mounted on

a dummy head. Setups with different microphone-loudspeaker dis-

tances D, DOAs θ and reverberation times (RTs) T60 were consid-

ered: a cellar room (D = 4.4 m, θ = 90◦, T60 = 1.6 s), a foyer

room (D = 2.6 m, θ = 60◦, T60 = 1.2 s) and a meeting room

(D = 1.1 m, θ = 15◦, T60 = 0.4 s). The stated T60 value is given

by the rounded average value of the RTs calculated for each BRIR.

Fig. 3 exemplifies the performance of the described GCC-PHAT

algorithm for the setup with the foyer room. It can be observed

that the estimation accuracy of the GCC-PHAT algorithm improves

with an increasing DFT size M . However, only a limited DFT size

(M ≤ 128) can be usually tolerated for filter-banks used in HAs,

cf., [5]. Therefore, a modification of the GCC-PHAT algorithm is

devised to improve the estimation accuracy for such cases.

In a first step, the last Lh preliminary estimates N̂ (pre)
o (k′) which

fulfill Eq. (5) are buffered. The first and last value of this buffer are

used in a second step to update the histogram for all buffered es-

timates. The TDOA value corresponding to the maximum of this

histogram is taken as new TDOA estimate N̂ (peak)
o (k′). It should be

noted these operations can be realized with only a few if-statements,

assignments and a for-loop. In addition, each preliminary TDOA es-

timate N̂ (pre)
o (k′) is integer-valued and bounded according to Eq. (5).
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Fig. 3. TDOA estimation by GCC-PHAT algorithm with different

DFT sizes M in a foyer room with T60 = 1.2 s and θ = 60◦, which
equals an integer-valued TDOA of 10 sample instants.
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Fig. 4. TDOA estimation with modified and original GCC-PHAT

algorithm for M = 128 subbands. The other parameters are the

same as for Fig. 3.

Therefore, the memory consumption for the buffer as well as the his-

togram can be kept rather low as each preliminary estimate can be

represented by 5 bit for the considered setup.

The estimate obtained by the peak of the histogram is smoothed

recursively to obtain the final TDOA estimate

N̂o(k
′) = (1− β) · N̂ (peak)

o (k′) + β · N̂o(k
′ − 1) (6)

where a factor of β = 0.99 is employed for the later simulations.

The effect of the proposed modification is illustrated in Fig. 4.

It can be seen that the improved system provides a much higher

estimation accuracy than the original GCC-PHAT algorithm. The

new TDOA estimation requires a short adaption period as the his-

togram has to be built up. Table 1 reveals that the improved ap-

proach achieves for all considered setups significantly better results

than the original GCC-PHAT algorithm. The deviations from the

actual TDOA value even for an environment with low reverberation

are due to the shadowing of the head, since this effect has not been

observed for setups without a dummy head.

It is important to notice that the employed prototype lowpass

filter or filter-bank design, respectively, has a strong influence on

the performance of the TDOA estimation. As exemplified by Fig. 5,

the use of a simple rectangular prototype filter, h0(n) = 1 for

Table 1. Average TDOA estimates (in sample instants) for the GCC-

PHAT algorithm and the new approach for different setups.

cellar room foyer room meeting room

actual TDOA 12.0 10.4 3.1

new approach 10.0 9.7 2.0

GCC-PHAT 2.8 5.9 1.9
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analysis filter-bank withM = 128 subbands and different prototype
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n = 0, 1, . . .M − 1, is less suitable for the TDOA estimation due

to its low spectral resolution.

The GCC-PHAT algorithm and its improved version have of

course their limitations regarding scenarios with multiple sources or

strong distortions by noise. However, the TDOA estimation in such

cases with only two sensors and low complexity is still a challenging

problem. The devised TDOA estimation has the beneficial property

that it tends to a value of zero in the case of strong interference (see

also Fig. 5), which corresponds to the common default assumption

that the desired source is usually in the look direction of the HA user.

It should be noted thereby that the beamformer of Fig. 1 is used for

PSD calculations such that an erroneous TDOA estimation causes a

less severe degradation of the speech quality than, e.g., for speech

enhancement systems based on beamsteering.

4. TIME-ALIGNMENT

The TDOA estimate is needed for the time-alignment of the input

signals according to Fig. 1 to ensure that the signals are added (or

subtracted) in phase. Here, this delay compensation is not performed

in the time-domain by a fractional delay filter [10] (as suggested

in [3]), but in the frequency-domain. For this, the subband signals to

be delayed are multiplied with the phase factors

Ψ(i, k′) = exp

{
−j 2π i |N̂0(k

′)|

M

}

(7)

for i = 0, 1, . . . ,M/2, where the remaining values are given by the

symmetry relation of Eq. (3). In order to ensure causality, only the

magnitude of the TDOA value N̂0(k
′) is used and the sign of the

TDOA estimate determines whether the subband signals of the left

or right analysis filter-bank are delayed. Hence

Ψl(i, k
′) = 1 ∧ Ψr(i, k

′) = Ψ(i, k′) for N̂0(k
′) ≥ 0 (8a)

Ψl(i, k
′) = Ψ(i, k′) ∧ Ψr(i, k

′) = 1 for N̂0(k
′) < 0 (8b)

for the setup according to Fig. 1 and Fig. 2.

5. PSD ESTIMATION

The use of the DS BF of Fig. 1 for the estimation of the spectral

variance of late reverberant speech is now investigated. The late

reverberant spectral variance (LRSV) is needed for speech derever-

beration by spectral subtraction [3, 11]. The LRSV can be deter-

mined by means of a statistical model for late reverberation as pro-

posed in [11]. This method (as described in [3]) is used to esti-

mate the LRSV either from the subband signals Xl(i, k
′), Xr(i, k

′)

or X
(+)

(i, k′) according to Fig. 1. The reverberant binaural speech

signal (T60 ≈ 1.6s) for the foyer room is used with DOAs of 0◦ and
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Fig. 6. Average LRSV σ̄late(f) estimated from binaural speech sig-

nals of foyer room (20 s duration, T60 ≈ 1.6 s) at different DOAs θ

using either Xl(i, k
′),Xr(i, k

′) or X
(+)

(i, k′) according to Fig. 1.

90◦ as described Sec. 3. The averaged LRSV estimates are shown in

Fig. 6. It can be observed that the average LRSV obtained from the

DS BF is mostly equal to or lower than the lowest LRSV estimate

of both channels and less a quantity in-between. (Similar observa-

tions can also be made for other binaural signals.) This mitigates the

effect of signal distortions due to LRSV overestimation and justifies

the assumption that a DS BF provides a suitable ‘reference signal’

of left and right channel to drive the spectral weight calculation.

6. COMPLEXITY AND DELAY

The algorithmic complexity of the DS BF of Fig. 1 in dependence of

the number of subbands M is listed in Table 2.1 The actual com-

plexity for the exponential operation to determine the phase fac-

tors of Eq. (7) depends on the used procedure (e.g., look-up tables

or direct calculation). The beamformer can operate with a higher

downsampling rate than the analysis filter-bank, i.e., R′ = rR with

r ∈ N. For example, the used filter-bank with M = 128 subbands

and R′ = 64 requires only 38 real multiplications, 47 summations,

2 divisions and 2 exponential operations on average per input sample

pair to obtain the M spectral coefficients X
(+)

(i, k′) at instant k′.

The overall complexity and delay of the system depends on the

employed filter-bank, which is not considered in Table 2. For a DFT

AS FB, the overall signal delay amounts to L − 1 sample instants,

where a delay of only L/2 samples can be achieved by the concept

of the filter-bank equalizer, which corresponds to delays of 10.34ms

and 5.17 ms for the employed DFT filter-bank with prototype filter

given by Eq. (1). A more detailed description of these filter-banks

and a discussion of their algorithmic complexity can be found in [6].

7. CONCLUSIONS

This contribution addresses the practical problems of a DS BF im-

plementation for binaural speech enhancement in HAs. The de-

vised system is especially designed for subband processing systems

in HAs, which can only operate with a rather restricted number of

subbands (M ≤ 128) to meet tight delay constraints.

The proposed beamformer including the needed TDOA estima-

tion operates entirely in the subband-domain and has a low com-

putational complexity. The TDOA estimation is performed by a

histogram-based GCC-PHAT algorithm. This modified approach

achieves a significantly higher estimation accuracy than the original

1The algorithmic complexity can (only) serve as a rough indicator for the
actual computational load, e.g., on a digital signal processor, which depends
on the instruction set, processor architecture etc. Besides, the complexity for
assignments, for-loops, if-statements etc. is not considered here.

Table 2. Algorithmic complexity of the proposed DS BF according

to Fig. 1 in terms of real multiplications, real summations, real divi-

sions and exponential operations per input sample pair to calculate

M spectral coefficients X
(+)

(i, k′) at instant k′.

TDOA time alignment

estimation & summation

mult. 1
R′

(4M + 14 + 2M log2 M) 1
R′

(M
2
+ 1)

sum. 1
R′

(2M + 10 + 3M log2 M) 1
R′

(M
2
+ 1)

div. 1
R′

(M + 2) 0

exp. 0 1
R′ (M + 2)

GCC-PHAT algorithm with only a moderate increase of its compu-

tational complexity. The time-alignment of the subband signals prior

to the summation is performed by spectral multiplication with phase

factors, which causes no noticeable signal distortions.

A primary application of the proposed beamformer is binaural

cue preserving speech enhancement in HAs, which is investigated

in [12] in more detail.
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[6] H. W. Löllmann and P. Vary, “Low Delay Filter-Banks for Speech
and Audio Processing,” in Speech and Audio Processing in Adverse
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