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Abstract—In this paper, we investigate the relationship between
the way microphones are arranged and the degree to which
speech is enhanced using the transfer-function-gain nonnega-
tive matrix factorization (NMF), which is an amplitude-based
speech enhancement method that is suitable for use with an
asynchronous distributed microphone array. In an asynchronous
distributed microphone array, recording devices can be placed
freely and the number of devices can be easily increased. There-
fore, it is important that to determine the optimum microphone
arrangement and the degree to which the performance is im-
proved by using many microphones. We understood experimental
evaluations to show that the performance by supervised NMF can
achieve close to the ideal time-frequency masking with a sufficient
number of microphones. We also show that the performance is
better when more microphones are placed close to each source.

I. INTRODUCTION

Recently, increasing attention has been paid to the asyn-
chronous microphone array, which is a new framework with
which to expand the applicability of microphone array signal
processing [1]-[7]. This framework treats the simultaneous
recording of a sound scene by multiple independent recording
devices as a multichannel observation for array signal pro-
cessing. This asynchronous recording approach has various
advantages. For example, an arbitrary recording device can be
used and it is easy to construct a many-channel microphone
array with commonly available portable recording devices
such as smartphones, voice recorders and laptop computers.
In addition, the number and placement of microphones are
flexible and the arrangement can be optimized for high-quality
recording with high signal-to-noise ratios (SNRs). However,
with conventional speech enhancement using asynchronous
distributed microphone arrays, the speech enhancement perfor-
mance deteriorates because of the phase difference caused by
the sampling frequency mismatch between recording devices
[1], [2]. One straightforward approach is to compensate the
synchronization [3], [4]. However, the performance of speech
enhancement is strongly affected by the synchronization ac-
curacy. Another approach is to employ speech enhancement
in the amplitude-spectrum domain discarding the phase for
the sake of the robustness against synchronization error. Kako

978-616-361-823-8 © 2014 APSIPA

et al. proposed amplitude-spectrum beamformer for an asyn-
chronous distributed microphone array, utilizing the target and
non-target power ratio [5]. Togami et al. proposed a method
that uses nonnegative matrix factorization (NMF) to estimate
the transfer function gain (hereafter referred to as transfer-
function-gain NMF) [8], [9], [10]. An amplitude-spectrum
beamformer needs every single-source section containing the
voice activity of only one speaker to learn the filter. In contrast,
NMF has high potential for the unsupervised adaptation.
Therefore, we focus on the transfer-function-gain NMF in this
paper.

The goal of this study is to improve the speech enhance-
ment performance of the transfer-function-gain NMF. The
performance of transfer-function-gain NMF is affected by the
number and position of microphones. Thus, in this paper we
investigate what microphone arrangement is better or how
much the performance is improved with many microphones.
Experimental study reveals that the performance improves
monotonically according to increase of microphones, but the
improvement saturates at certain numbers of microphones and
the benefit is limited. It is also revealed that placements with
high SNRs are effective for speech enhancement.

II. TIME-FREQUENCY MASKING WITH
TRANSFER-FUNCTION-GAIN NMF
A. Problem statement

Preceding to the discussion of asynchronous observation,
let us start with signal modeling of synchronized observation
assuming that K sources are recorded by M microphones:

X(w) = [Xpmn(@)],, € C"*Y,

= A(w)S(w), (1)
Aw) = [Apr(w)],,, € CM*E, 2)
S(w) = [Skn(w)]y, € CN, 3)

where, [2;;];; € C'*7 is a matrix with the size I x .J
composed of the complex value z;; in the ij-th entry. w
and N represent the frequency index and the number of time
frames, respectively. X,,,(w) is the signal observed at the
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Fig. 1. Channel-time domain representation of observed signals for each
frequency bin.

m-th microphone in the n-th time frame, Si,(w) is the k-
th source signal in the n-th time frame, and A,,;(w) is the
transfer function from the k-th source to the m-th microphone.

We assume that the k-th microphone is placed at the closest
position to the k-th source utilizing the flexibility of the
asynchronous recording. In this case, the absolute value of
Agr (k=1,...,K) is at its highest in Ay;,j=1,..., K.

Moreover, we assume that the phase of X,,,(w) is not
accurate due to the sampling frequency mismatch among
devices, which causes phase drift. The purpose of this study
is to enhance the signal with the highest SNR observed from
each source and estimate the amplitude, Y, = |AxkSkn |-

In the following all the modeling and processing can be
carried out at each frequency bin. Therefore, we omit w for
simplicity.

B. Speech enhancement based on NMF

In this section, we describe the speech enhancement of
the mixing model in the amplitude-spectrum domain, which
uses NMF to estimate the parameter of the model. The
parameterization of the NMF is shown in Fig. 1.

Assuming the additivity of the amplitude in the frequency
domain, the mixing model can be expressed by the product
sum of the amplitude spectrum omitting the phase;

X = [Zun],, RV,

~ AS, “)
A = [Apw], , eRYZE, (5)
S = [Ska,, € REY, (6)

where [z;;];; € R is a matrix with the size I x .J composed
of the nonnegative value x;; in the ij-th entry. X,,,,,, A;,; and
Skn represent the absolute amplitude of the observed signal,
the transfer function and the source signal, respectively. Under
this model, A and S are estimated by NMF to enhance the
speech.

NMF approximates a nonnegative matrix as two low rank
nonnegative matrices as follows.

X =~ X = AS. (7)

Here the distance measure between X and AS can be cus-
tomized to the task by choosing from variety of functions
which NMF can minimize. The low-rank approximation with
the minimum distance restricts the solution of S to be sparse,
resulting as the estimation of the source amplitude with S
accompanied with the identification of the transfer function
gain with A. In other words, A and S estimates A and S.
Similarly to conventional source separation such as
frequency-domain independent component analysis (ICA),
transfer-function-gain NMF suffers from a permutation am-
biguity. The problem causes a change in the sequential order
of the separation signals in each frequency bin. To avoid this

problem, assuming the absolute value of Ay, (k=1,...,K)
is highest in Ay;,7 =1,..., K, we set the initial value of A
as

-~ |1 (m=k),

e ®

where, o is an arbitrary positive real number that satisfies
o< 1.

The speech enhancement signal Yin, which enhanced k-th
source, is obtained by the observed signal Xy, of the k-th
microphones and Wiener filtering-based masking as

(AeSer )

S (Auda)

This Wiener filtering mitigates the error in S caused by the
model mismatch of the linear modeling in the amplitude
spectrum domain.

Although the signal estimation by NMF discussed above is
effective when M >> N, the performance deteriorates when
K approaches to M. To solve this problem, Togami et al.
proposed a method that introduced a penalty term into the
activation S to make the matrix sparse [9]. Also, Chiba et al.
proposed a method for improving the performance, by which
involves the transfer function gain in a single source section
containing the voice activity of only one speaker [10].

Y/k'n = an (9)

IITI. EFFECTIVE SPEECH ENHANCEMENT CONDITIONS OF
TRANSFER-FUNCTION-GAIN NMF

As we discussed above, the nonnegative constraint in NMF
is insufficient for the effective signal estimation, and requires
additional conditions such as the availability of much more
microphones than the sources. In this section we qualitatively
discuss the effective condition for the transfer-function-gain
NMF from the viewpoints of the number of the microphones
and their placement. Note that we focus on the simple NMF
and omit the discussion on the sparseness constraint introduced
in [9].

A. Effect of number of microphones on speech enhancement

When M = K, the signal estimation is difficult with NMF,
which has trivial solutions, for example:

A=1I S=X, (10)



TABLE I
EXPERIMENTAL CONDITIONS.

Number of sources 4
Sampling frequency 16 kHz
Frame length 4096 samples
Frame shift 2048 samples
Signal length for evaluation 10 sec

Signal length

for supervised NMF training 10 sec
Divergence I-divergence
« (initialization parameter) 0.25
Number of NMF iterations 200
Reverberation time 0.3 sec

5.0

5.0

Fig. 2. Arrangement of microphones in experiment.

where, I € Rf XM s an identity matrix. The solutions shown

in Eq. (10), satisfy X = AS = X and result in the error
of the low rank approximation to be strictly zero. Thus, in
this condition NMF usually converges to the trivial solution
despite the insufficiency for the signal estimation. Therefore,
when M = K, the solutions cannot enhance the speeches.

Similarly in the underdetermined condition with M < K,
there exist trivial solutions satisfying X = AS = X. Thus,
NMF cannot conduct speech enhancement.

When M > K, the arbitrariness of the activation S is more
regulated along with increase in the number of microphones.
Therefore, the speech enhancement performance is improved
monotonically because the estimated solutions differ from the
trivial solutions.

B. Effect of microphone arrangement on speech enhancement

Another important factor of the transfer-function-gain NMF
is microphone arrangement which varies the sparseness of
the observation. When the observation is insufficiently sparse,
NMF has arbitrariness of the solution and cannot provide
the sufficient signal estimation as widely discussed in the
field of multipitch analysis, e.g., in [11]. In the model of
the transfer-function-gain NMF, the sparsity of the observation
strongly depends on the microphone arrangement. If each one
microphone observes one specific source with the high SNR,
the observation maintains the high sparsity. Therefore, the
effective microphone arrangement is in that each microphone
observes one source intensively with the high SNR.

The SNRs affect both the unsupervised and supervised
transfer-function-gain NMF. However, the effect on the super-
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Fig. 3. SDRs of NMF and SNMF with increasing numbers of microphones.
22
18
——Unprocessed
= 14
S, —=—NMF
& 10 —o—SNMF
wn
6 — - Ideal Wiener
) ===-Ideal binary

4 12 20 36 68 132
Number of microphones

Fig. 4. SIRs of NMF and SNMF with increasing numbers of microphones.

vised transfer-function-gain NMF is small because the basis
A is estimated accurately in the pretraining process.

IV. EXPERIMENTAL EVALUATION OF SPEECH
ENHANCEMENT PERFORMANCE WITH DIFFERENT
NUMBERS OF MICROPHONES

A. Experimental conditions

Table I shows the experimental conditions. The observed
signals were given as a convolutive mixture of clean speech
and impulse responses with the image method [12]. To obtain
the impulse response, we assumed all microphones to be non-
directional. We conducted the experiment under six patterns
where the microphones were placed uniformly on broken lines
as shown in Fig. 2. Each pattern had 1, 3, 5, 9, 17 and 33
microphones at equal intervals on one broken line. One of the
microphones is fixed in front of each speaker to record on a
observed signal to enhance each source. Each pattern enhances
the speech with totals 4, 12, 20, 36, 68 and 132 microphones.

Enhanced signals in the time domain are given by an inverse
discrete-time-Fourier transform with the phase of the observed
signal.

The signal-to-distortion ratio (SDR) and the source-to-
interference ratio (SIR) are used as the evaluation scores [13].
The SDR evaluates the distortion of an enhancement signal,
and the SIR evaluates the suppression ratio of non-target
signals. The higher values of SDR and SIR show the better
enhancement of the target source. We calculated the evaluation
scores of 1) the unprocessed observation (Unprocessed), 2)
the supervised transfer-function-gain NMF (SNMF), 3) the
unsupervised transfer-function-gain NMF (NMF), 4) an Ideal
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Fig. 6. SDRs and SIRs for each pattern with NMF and SNMF.

Wiener filter (Ideal Wiener) and 5) an ideal binary mask (Ideal
binary).

B. Results of evaluation experiment

Figures 3 and 4 show the SDR and SIR values for each
number of microphones. With NMF, the evaluation score
with the 4 microphones is the same as that of Unprocessed.
This result suggests that the estimated solutions converge on
the trivial solutions. Thus, speech enhancement cannot be
expected with NMF if the number of microphones is similar
to the number of sound sources. With SNME, the evaluation
score with the 20 microphones approaches to those of the
ideal binary mask, which shows the performance limit. The
performance of both NMF and SNMF improves monotonically
as the number of microphones increases, but the performance
saturates. Therefore, even when the number of microphones is
increased further, the performance of NMF cannot reach that
of SNMFE.

V. EXPERIMENTAL EVALUATION OF SPEECH
ENHANCEMENT PERFORMANCE WITH VARIOUS
ARRANGEMENTS OF MICROPHONES

A. Experimental condition

Figure 5 shows six microphone arrangement patterns. All
patterns are constructed by twenty microphones. With all

the patterns, four microphones are arranged in front of each
speaker to observe with the high SNR. The sixteen remaining
microphones are arranged for each pattern.

Pattern O corresponds to the arrangement with 20 mi-
crophones in section 3, pattern 1 arranges the microphones
equally between two sound sources, and the arrangement does
not overlap at the center, pattern 2 arranges the microphones
in fan shapes and each sound source is at the center, pattern
3 arranges the microphones in diagonal lines and patterns 4
and 5 arrange the microphones in a circle and in a lozenge
shape, respectively. In patterns 1 and 3, few microphones have
single dominant sources, and the sparseness of the observed
signals is hardly maintained. pattern 2 gives the high SNR of
one specific source at each of the microphones and patterns
0, 4 and 5 give the great change in SNRs between adjacent
microphones. SDR and SIR are independently calculated by
Unprocessed, SNMF, NMF, Ideal Wiener and Ideal binary.
The experimental conditions are the same as those in Sect. 4.1
except for the number and arrangement of the microphones.

B. Results of evaluation experiment

Figure 6 shows an evaluation of the performance of each
pattern. For both SDR and SIR with NMF, the best perfor-
mance was provided by pattern 2, followed in order by pattern
0, pattern 4 and pattern S, pattern 1 and pattern 3. SNMF
gave the same result. As a result, it is confirmed that the
high performance is obtained by the arrangement with the high
SNRs of each predominant source yielding the high.

VI. CONCLUSION

In this paper, we investigated the characteristics of speech
enhancement performance with transfer-function-gain NMF as
a result of the number and placement of the microphones when
assuming the use of asynchronous distributed microphone
arrays. First, we explained the modeling of transfer-function-
gain NMF and the speech enhancement method, and discussed
the desirable observation conditions. Second, we investigated
the effect of the number and placement of microphones on
the speech enhancement performance by employing simulation
experiments with the image method. As a result, we found that
the performance is improved monotonically as the number of
microphones, however the improvement is limited. Moreover,
an arrangement that maintain the high SNR of all the micro-
phones can improve the performance.
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