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ABSTRACT

This paper proposes a directional noise suppressor with a speci-
fied constant beamwidth. A directional gain is calculated based
on interchannel phase difference and combined with a spectral
gain commonly used in single-channelnoise suppressors (NSs).
The beamwidth can be specified as passband edges of the direc-
tional gain. In order to implement frequency-independent constant
beamwidth, frequency-proportionate band-edge phase differences
are determined for the passband. Evaluation with signals recorded
by a commercial PC demonstrates good agreement between the the-
oretical and the measured directivity. The signal-to-noise ratio im-
provement and the PESQ score for the enhanced signal are improved
by 24.4 dB and 0.3 over a conventional NS.

Index Terms— Beamformer, Noise suppressor, Phase differ-
ence, DOA, Directional gain, Beamwidth

1. INTRODUCTION

Signal enhancement is an indispensable technology for communica-
tions and human-computer interaction in noisy environment. A vari-
ety of algorithms have been developed with a single [1]-[4], dual [5]-
[18], and multiple microphones [19]-[23]. Single-microphone and
some of two-microphone algorithms [5]-[13] use only the mag-
nitude information and performance is saturated as the signal-to-
noise ratio (SNR) becomes low [24]. Other two-microphone algo-
rithms [14]-[18] are based on the adaptive noise canceller (ANC)
structure, where both magnitude and phase information are used.
ANCs have demonstrated superior performance for some appli-
cations [15, 18]. However, neither single-microphone nor two-
microphone algorithms described so far do not form directivity.
They apply suppression in the spectral domain and are useful for
non-directional noise.

For directional noise, acoustic beamformers, also known as mi-
crophone arrays (MAs), are effective [19]–[23]. MAs, different from
antenna arrays, require a large number of sensors (microphones) to
form a sharp beam because of a long wave length of acoustic signals.
It is a potential drawback for consumer applications which may not
have sufficient space to accomodate many microphones. In addi-
tion, MAs have a limitation from a viewpoint of constant beamwidth
across frequency. The mainlobe and a null in a low frequency are
wider than those in a high frequency due to a longer wavelength,
leading to poor spatial selectivity.

Solutions to this problem are a combinations of arrays of dif-
ferent size dedicated to different frequency ranges [25, 26]. A most
common example is a harmonically-nested array [27]–[33]. How-
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Fig. 1. Directional noise suppressor with a specified beamwidth.

ever, as far as a nested technique is employed, increase in the array
size and the number of microphones is inevitable. A recently pro-
posed solution with an auxiliary microphone performs well with a
compact microphone array [34]. An auxiliary input forms an ANC
structure that is integrated into an MA and cancels low-frequency
noise and interference. Nevertheless, increase of a microphone may
not be acceptable for cost-and-space-conscious products. Without
increase of microphones and array size, it is desirable to suppress
both directional and non-directional noise in a wide frequency range.

Phase-based time-frequency (T-F) masking can be another so-
lution to this selectivity degradation with a small number of micro-
phones. Aarabi et al. [35] uses a phase-difference error between two
microphones in each T-F block to calculate a directional gain. Qazi
et al. [36] presents a wider variety of directional gains with differ-
ent characteristics. The obtained directivities have a sharp beam in a
look direction even with two microphones. However, the beamwidth
is not considered in the design of the directional gain and only a
directional interference is assumed.

This paper proposes a directional noise suppressor with a spec-
ified constant beamwidth. The following section discusses calcula-
tion of a spectral and a directional gain with beamwidth specifica-
tion. In Section 3, evaluation results are presented with respect to
the directivity and enhanced signal quality compared with a conven-
tional NS to demonstrate how much the added directivity contributes
to the superior performance.

2. DIRECTIONAL NOISE SUPPRESSOR
Figure 1 illustrates a blockdiagram of the proposed directional noise
suppressor. It calculates two gains, namely, a spectral gain Gf (l, k)
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Fig. 2. Directional gain Gd(l, k).
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Fig. 3. Frequency dependency of directional gain with respect to
phase difference. (a) Constant with frequency, (b) Proportional to
frequency. Passband edge: ±20 deg., Stopband edge: ±30 deg.,
both at 1 kHz.

and a directional gain Gd(l, k), where l and k are the frame and the
frequency index. The spectral gain Gf (l, k) is calculated in the tra-
ditional noise suppression framework (e.g. [1, 2] ). The directional
gain Gd(l, k) is designed in advance and stored in memory. It sup-
presses all signal components other than the target signal. The target
signal components are identified by direction-of-arrival (DOA) rep-
resented by interchannel phase difference ∆θ(l, k).

2.1. Calculation of the spectral gain Gf (l, k)

The input signal xm(n) in channel m (0 ≤ m ≤ M − 1) is seg-
mented into frames and applied DFT (discrete Fourier transform) to
generate a corresponding frequency-domain signal Xm(l, k). In or-
der to calculate a spectral gain, it is necessary to estimate the noise
power. Assuming that the target signal is located on the line per-
pendicular to the array surface, the sum-beamformer output power
|Xs(l, k)|2 is used for noise estimation.

|Xs(l, k)|2 =

∣∣∣∣∣
M−1∑
m=0

Xm(l, k)

∣∣∣∣∣
2

, (1)

where M is the number of channels. When the target signal is lo-
cated off the above line, widely known beam steering can be applied

before (1). Once |Xs(l, k)|2 is calculated, any noise estimation al-
gorithm [3, 4] can be used to obtain a noise power estimate σ2

s(l, k).
It is also possible to form a null beamformer with Xm(l, k) and use
its output power as an estimated noise power. With σ2

s(l, k) and
|Xs(l, k)|2, a spectral gain Gf (l, k) can be calculated by a tradi-
tional noise suppression algorithm [1, 2].

2.2. Design of the directional gain Gd(l, k)

A directional gain is designed in advance such that the signal com-
ponents coming from the target-signal direction are passed and all
others are sufficiently suppressed. An example is given as a solid
line (a) in Fig. 2. Because the target direction is assumed to be 0 de-
grees, Gd(l, k) takes a value of unity around 0 degrees and a value
0 otherwise. In addition to the passband around 0 degrees and the
stopbands, there may be transition bands where the directional gain
Gd(l, k) gradually decreases from the passband to the stopband. The
passband, transition bands, and stopbands can be arbitrary specified
as design issues. The shape of the directional gain Gd(l, k) is flexi-
ble, too. A dissymmetric shape such as a dashed line (b) in Fig. 2 is
possible.

The directional gain can be designed in the following way. Let
us first assume that the passband edge angles are ±ϕ radian. The
time lag τ between signals from adjacent microphones is given by

τ = d · sinϕ/c, (2)
with the signal DOA ϕ, a microphone spacing d, and a sound veloc-
ity c. The time lag τ corresponds to a phase difference ∆θ as

exp{−j∆θ} = exp{−jωτ} = exp{−j2πfτ}, (3)
where f is the signal frequency. (2) and (3) leads to

∆θ = 2πfd sinϕ/c. (4)
It is understood from (4) that the phase difference ∆θ representing a
passband edge of the phase difference should be proportional to the
frequency.

Figure 3 illustrates frequency dependency of the directional gain
Gd(l, k). (a) and (b) represent the constant band-edge phase differ-
ence and frequency-proportionate band-edge phase difference, re-
spectively. The passband edge DOAs of ϕ = ±20 degrees and the
stopband edge DOAs of ϕ = ±30 degrees are assumed at 1 kHz in
(b). As an example, stopband edges are calculated for f = 1 kHz,
d = 4.5 cm, ϕ = ±30 degrees, c = 346.3 m/s. (4) gives ∆θ = 0.41
radian which corresponds to ±24 degrees and are marked by bullets
in Fig. 3 (b).

Figure 4 compares the frequency dependency of the directional
gain with respect to the DOA for two cases in Fig. 3. For a constant
∆θ over frequency in Fig. 3 (a), the edge DOA ϕ should be smaller
for a higher frequency as in (4), leading to a frequency dependent
beamwidth in Fig. 4 (a). On the contrary, a frequency proportion-
ate ∆θ cancels out f on the right-hand side of (4), resulting in a
frequency independent beamwidth in Fig. 4 (b). A phase difference
exp{−j∆θ} may take the same values at a high and a low frequency
as in (3) and (4). This comes from the periodicity of the exponential
function. It appears as aliasing in Fig. 4 (a) and (b).

2.3. Calculation of the directional gain Gd(l, k)

The directional gain Gd(l, k) is determined based on the angle ∆θ
representing interchannel phase difference. As the simplest case, let
us assume M = 2. An angle ∆θ(l, k) is given by

∆θ(l, k) = ∠{X0(l, k)/X
∗
1 (l, k)} = θ0(l, k)− θ1(l, k), (5)
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Fig. 4. Frequency dependency of directional gain with respect to
DOA. (a) Constant ∆θ over frequency, (b) Frequency proportionate
∆θ.

where θ0 and θ1 are the phase of X0(l, k) and X1(l, k). When there
are more than two channels, interchannel phase difference of mul-
tiple adjacent channels can be used to obtain more accurate phase
difference by averaging for example. Referring to Fig. 2, ∆θ(l, k)
in a specified passband returns Gd(l, k) = 1 and no suppression
is performed by the directional gain. For other values of ∆θ(l, k),
Gd(l, k) < 1 is returned and suppression is performed accordingly.
The directional gain Gd(l, k), as depicted in Fig. 4 (b), is stored in
memory and used for gain calculation based on interchannel phase
difference ∆θ(l, k).

2.4. Overall suppression with a directional and a spectral gain

The final enhanced signal power in each frequency is obtained by
multiplying the power sum of all microphone signals |Xs(l, k)|2 by
two gain values as

|Ys(l, k)|2 = Gf (l, k)Gd(l, k)|Xs(l, k)|2. (6)

|Ys(l, k)| is combined with the phase of the sum-beamformer out-
put and applied an inverse DFT to obtain a time-domain enhanced
signal.

3. EVALUATIONS
A laptop PC equipped with two built-in microphones was placed on
a table in a 5 × 5 × 2.5 m room. The microphone spacing was 4.5
cm.
3.1. Measurement of the beam pattern
Six loudspeakers were placed around the PC with an 18 degree spac-
ing and a 63.5 cm distance as shown in Fig. 5. A chirp signal
to cover a frequency range of 0 − 8 kHz was radiated from each
loudspeaker one after another. The recorded 2-channel signals were

0.635m

0.045m

18 deg.

Fig. 5. Evaluation set-up with a PC and six loudspeakers.
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Fig. 6. Measured directivity for constant and variable passband
widths. (a) Constant passband, (b) Frequency proportionate variable
passband.

processed by constant passband over frequency in Fig. 3 (a) and
frequency proportionate passband in (b) with Gf (l, k) = 1. A pass-
band beamwidth was set to 20 deg. A ratio of the input to the output
signal power is depicted in Fig. 6. In case of frequency proportion-
ate passband in (b), almost constant beamwidth across frequency
is obtained. Its projection on the ground is similar to Fig. 4 (b).
The same projection of (a) representing constant passband over fre-
quency shows good agreement with Fig. 4 (a). It is clearly demon-
strated that frequency proportionate passband is effective to form
constant beamwidth along frequency.

3.2. Signal enhancement
A female speech sampled at 16 kHz was played back in front of the
PC (0 degrees) at a distance of 61 cm. A babble noise was played
back at 91.4 cm away and 60 degrees off the speech direction at an
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Fig. 8. Close-up comparison of Fig. 7 for the first 4 sec.

SNR of 15.6 dB. The recorded signal looks like Fig. 7 (a). A spectral
gain Gf (l, k) was calculated by [3]. Enhanced signals are compared
in Fig. 7 (b)-(f) with PESQ and SNR improvement (SNRI) [37].

The conventional spectral NS output with Gd(l, k) = 1 in (b) is
comparable to the proposed directional NS output with Gf (l, k) = 1
in Fig. 7 (c). This is because the babble noise played back by a sin-
gle loudspeaker can be considered directional. A better PESQ and
an SNRI in the enhanced signal of (d) over (c) exhibits the effect
of frequency proportionate variable passband. (d) has much smaller
residual noise than (c), demonstrating that the passband should be
designed to be frequency proportionate. (e) is the enhanced signal
by both directional and spectral gains, where the effective gain for
the noisy signal is Gd(l, k)Gs(l, k). (e) provides the best quality of
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(e) Clean Signal

(a) Noisy Signal

(b) Conventional NS output, Gd(l,k)=1
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(d) Directional NS output, Gf(l,k) 1, Gd(l,k) 1
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Fig. 9. Enhanced signal for babble noise in spectrogram. (a) Noisy
signal (speech + babble noise), (b) Conventional NS [Gd(l, k) = 1],
(c) Directional NS with variable passband width [Gf (l, k) = 1], (d)
Directional NS [Gf (l, k) ̸= 1, Gd(l, k) ̸= 1], (e) Clean speech.

the enhanced signal in Fig. 7. It should be noted that the proposed di-
rectional NS in (e) provides much more significant improvement on
SNRI than PESQ over conventional spectral NS in (b). Directional
gain contributes more to suppression of directional noise. The pro-
posed directional NS improves PESQ by 0.3 and increases SNRI by
24.4 dB over the conventional spectral NS. For more detailed com-
parison, the first non-speech and speech sections are highlighted in
Fig. 8, (a) through (f).

Figure 9 compares output spectrogram by different settings of
the proposed directional NS. A directional NS output in (c) clearly
has smaller residual noise in non-speech sections than the conven-
tional spectral NS output in (b). The proposed directional NS with
combined spectral and directional gains provides the best result that
is comparable to the clean signal in (e) .

4. CONCLUSION
A directional noise suppressor with a specified constant beamwidth
has been proposed. A directional gain has been obtained from DOA
of the target signal or, equivalently, interchannel phase difference.
The directional gain has been designed in advance and multiplied
by the noisy signal with a spectral gain. A frequency proportion-
ate variable passband has been incorporated in the directional gain
to provide constant beamwidth over frequency. Recorded signals
by a commercial PC with two microphones has demonstrated good
agreement between the theoretical and the measured directivity. It
has been shown that signal-to-noise ratio improvement is 24.4 dB
higher and PESQ is 0.3 improved compared to conventional single-
channel noise suppressor with a babble noise.
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