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Abstract

In this paper, we introduce a novel approach to noise suppres-
sion using distributed recording devices. We focus on situa-
tions where multiple devices having stereo microphones are
available for recording. We employ noise suppression based
on phase information before applying transfer-function-gain
nonnegative matrix factorization (NMF). Experiments using
impulse responses measured in a meeting room showed that
the proposed method outperformed the conventional methods
using transfer-function-gain NMF in terms of the signal-to-
distortion ratio (SDR) and signal-to-interference ratio (SIR).

1. Introduction

An asynchronous distributed microphone array is one of
the frameworks of array signal processing to perform speech
enhancement or noise suppression. Since we can use portable
recording devices such as voice recorders, smartphones or
laptops, it is easy to construct an asynchronous distributed
microphone array. However, the performance of the ar-
ray signal-processing approaches based on phase information
is degraded owing to phase drift between observed signals
recorded by an asynchronous microphone array [1,2]. On the
other hand, the approaches utilizing amplitude information
for noise suppression can still work effectively. One pow-
erful framework of such approaches is the noise suppression
method using transfer-function-gain nonnegative matrix fac-
torization (NMF) [3–5].

When we use voice recorders, smartphones or laptops as
recording devices in our daily lives, we can obtain two-
channel signals from one device if it has stereo microphones.
We can apply array signal processing based on phase infor-
mation such as a beamformer to the signals from one device
because they are synchronous. Thus, we propose a new ap-
proach that applies noise suppression based on phase infor-
mation to the signals recorded by each microphone before ap-
plying transfer-function-gain NMF to all the signals recorded
by an asynchronous microphone array. Employing the noise
suppression based on phase information as the preprocessing
is considered effective because it can improve the signal-to-

noise ratio (SNR) of the input signals of transfer-function-
gain NMF. In the experiments using impulse responses,
the proposed method outperformed the conventional meth-
ods of noise suppression using transfer-function-gain NMF
in terms of the signal-to-distortion ratio (SDR) and signal-to-
interference ratio (SIR).

2. Conventional method

Let us assume that one target speech signal and K − 1 in-
terfering speech signals are captured by M recording devices,
each having stereo microphones. The observed signals are
expressed by

X(f) = [x(f, 1), · · · ,x(f, 2M)]
T
, (1)

x(f,m′) = [x(1, f,m′), · · · , x(N, f,m′)]
T
, (2)

where x(n, f,m′) denotes the short-time Fourier transform
(STFT) coefficient of the observed signal obtained by the
m′th microphone (1 ≤ m′ ≤ 2M ) at time n (1 ≤ n ≤ N )
and frequency f (1 ≤ f ≤ F ). The observed signals captured
by the mth recording device are denoted by x(f, 2m−1) and
x(f, 2m). The superscript T denotes non-conjugate trans-
position. In the following, we first describe the conven-
tional method of noise suppression using transfer-function-
gain NMF.

By assuming the time-invariance of the transfer function
gain, namely, the amplitude of the transfer function, we ex-
press the mixture model in the amplitude domain by

X̄(f) ≈ Ā(f)S̄(f), (3)

Ā(f) =
[
āS(f), āN1

(f), · · · , āNK−1
(f)

]
, (4)

āj(f) = [āj(f, 1), · · · , āj(f, 2M)]
T

(j = S,Nk), (5)

S̄(f) =
[
s̄S(f), s̄N1

(f), · · · , s̄NK−1
(f)

]T
, (6)

s̄j(f) = [s̄j(1, f), · · · , s̄j(N, f)]
T

(j = S,Nk), (7)

where āj(f,m
′) is the transfer function gain between source

j and the m′th microphone at frequency f , and s̄j(n, f) is
the activation of the source j at time n and frequency f , ·̄ de-
notes the amplitude of the element. The bold characters S and
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Figure 1: Processing flow of proposed noise suppression method

Nk denote the target speech and the kth interfering speech
(1 ≤ k ≤ K − 1), respectively. We can obtain the matrices
of the transfer function gain Ā(f) and activations S̄(f) of
each source by applying transfer-function-gain NMF. When
the m′th microphone is placed closest to the target source,
the enhanced target signal z(n, f) is obtained as follws by
Wiener filtering:

z(n, f) = λ(n, f,m′)x(n, f,m′), (8)

λ(n, f,m′) =
x̃2
S(n, f,m

′)

x̃2
S(n, f,m

′) +
∑

k x̃
2
Nk

(n, f,m′)
, (9)

x̃S(n, f,m
′) = ãS(f,m

′)s̃S(n, f), (10)

x̃Nk
(n, f,m′) = ãNk

(f,m′)s̃Nk
(n, f), (11)

where ·̃ denotes the component estimated by transfer-
function-gain NMF, and λ(n, f,m′) is the Wiener filter that
enhances the target signal. (See [4, 5] for details of the noise
suppression using transfer-function-gain NMF.)

3. Proposed noise suppression

Figure 1 shows the processing flow of the proposed noise
suppression method. The proposed method consists of two
steps. In the first step, we apply noise suppression based
on phase information to the synchronous signals captured by
each recording device. Specifically, in this paper, a maximum
variance distortionless response (MVDR) beamformer [6, 7]
is employed. The signal of the mth recording device en-
hanced with an MVDR beamformer, y(f,m), is expressed
by

y(n, f,m) = wH(f) [x(n, f, 2m− 1), x(n, f, 2m)]
T
,
(12)

y(f,m) = [y(1, f,m), · · · , y(N, f,m)]
T
, (13)

w(f) = [w(f, 2m− 1), w(f, 2m)]
T
, (14)

where w(f) is the spatial filter estimated by the MVDR
beamformer, and the superscript H denotes conjugate trans-
position. The spatial filter w(f) is computed to minimize
the response of nontarget signals such that the target signal
is never distorted. We consider that the MVDR beamformer
is effective for preprocessing in transfer-function-gain NMF
because it can enhance the target signal with a distortionless
response. In the second step, we obtain the enhanced target
signal by applying transfer-function-gain NMF. The input
signals of transfer-function-gain NMF X̄ ′(f) are expressed
by

X̄ ′(f) = [x̄(f, 1), · · · , x̄(f, 2M), ȳ(f, 1), · · · , ȳ(f,M)]
T︸ ︷︷ ︸

3M channel

.

(15)

The amplitude spectrograms of the signals enhanced by
beamformers, ȳ(f,m), are utilized as the additional input
signals in transfer-function-gain NMF. In the proposed ap-
proach, we obtain the target signal by applying Wiener filter-
ing (described in the previous section) to y(f,m), where the
mth recording device is placed closest to the target source.

When the signals enhanced by beamformers are utilized
as the inputs of transfer-function-gain NMF, the SNR of in-
put signals is higher than that when only the signals captured
by the recording devices are utilized. Therefore, the pro-
posed approach is expected to improve the performance of
noise suppression. Note that both the noise suppression ap-
proaches using transfer-function-gain NMF and an MVDR
beamformer require single-source sections of the target and
interferer signals; hence, the preprocessing of the MVDR
beamformer requires no additional information.
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Figure 2: Arrangement of loudspeakers and recording devices

4. Experimental evaluation

We conducted experiments on noise suppression to evalu-
ate the performance of our proposed approach. The mixture
signals were generated by convolving clean speech [8] with
the impulse responses measured in a real environment.

4.1 Experimental condition

In this experiment, we recorded time-stretched pulse (TSP)
signals in a real environment to generate impulse responses.
Figure 2 illustrates the arrangement of the loudspeakers and
recording devices. We set up two situations where interferers
were placed in the near field (Setting A) and far field (Setting
B). For the far-field situation, we applied the model of diffuse
noise [5]. In the experiments with Setting A, MVDR beam-
formers were applied to enhance the closest source to each
recording device, regardless of whether the closest source was
the target or interferer. The enhanced signals of S1, S2, S3,
and S4 were obtained by Wiener filtering of the mixture sig-
nals of R1, R2, R3, and R4, respectively. In the experiments
with Setting B, MVDR beamformers were applied to en-
hance the target signal, and the enhanced signal was obtained
from the observed signals recorded by device R1, which was
placed closest to the target source.

We evaluated the performance of two methods, namely, su-
pervised transfer-function-gain NMF (SNMF) described in
[4, 5] and the proposed method (Proposed) in terms of the
SDR and SIR [9]. In addition, we evaluated MVDR beam-
formers applied to the signals recording by the device placed
closest to the target source (MVDR) to examine how the
performance of the MVDR beamformers affected the perfor-
mance of the proposed method. Note that an MVDR beam-
former constructed by stereo microphones can steer a spa-
tial null in only one direction, which means that each MVDR
beamformer suppresses the noise arriving from one direction.
Table 1 shows the sampling frequency of each recording de-
vice. The other hyperparameters were set as shown in Table 2.

Table 1: Sampling frequency of each recording device
Device a 16,000 Hz
Device b 16,001 Hz
Device c 16,002 Hz
Device d 16,003 Hz

Table 2: Experimental conditions
Frame length of STFT 4,096
Frame overlap 50%
Signal length for noise suppression 10 s
Signal length for supervised training 10 s
Number of NMF iterations 50
Reverberation time (T60) 0.6 s

4.2 Evaluation result

Figure 3 and 4 summarize the SDRs and SIRs obtained in
the experiments with Setting A and Setting B, respectively.
The scores named “Unproc” denote the SDR and SIR of the
mixture signals without processing. The results showed that
the proposed approach outperformed the conventional noise
suppression using transfer-function-gain NMF under both the
near-field interferer and the far-field diffuse noise conditions.
Moreover, the greater the improvement of the SDR by the
MVDR beamformer, the better the noise suppression per-
formance of the proposed method. This indicates that the
proposed method improved the performance of noise sup-
pression because the SNR of the input signals was increased
by applying the MVDR beamformer to the mixture signals.
These results confirmed that the proposed method is capable
of improving the noise suppression performance for mixture
signals observed by an asynchronous distributed microphone
array consisting of recording devices having stereo micro-
phones.

5. Conclusion
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Figure 3: SDR and SIR of Setting A

In this paper, we proposed a new approach to noise sup-
pression using distributed recording devices with stereo mi-
crophones. The critical idea is to apply an MVDR beam-
former to the synchronous stereo signals captured by each
recording device to improve the SNR of the input signals
of transfer-function-gain NMF so that transfer-function-gain
NMF can more accurately estimate the signals. The signals
enhanced by MVDR beamformers are utilized for transfer-
function-gain NMF as extra input signals. Experiments us-
ing the mixture signals generated by convolving the impulse
responses measured in a meeting room showed that the pro-
posed method greatly outperformed the conventional noise
suppression using transfer-function-gain NMF.
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