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Abstract

For acoustic sound source localization, e.g. in hands-free
communication systems, speech recognition or acoustic
event detection systems, knowledge of the number of con-
current sound sources is necessary. This paper analyses
to what extent a spherical microphone array influences
the estimation of the number of sound sources. State of
the art approaches already exploit knowledge about head
related transfer functions (HRTF) for performance im-
provement, inspired by findings in human auditory per-
ception. Unfortunately, the influence of HRTFs on the
estimation of the number of sound sources is rarely in-
vestigated. Therefore, an estimation algorithm based on
information-theoretic criteria using multi-channel data is
evaluated in this paper. We consider a uniform circular
microphone array, either as open construction or for mi-
crophones attached to the surface of a rigid sphere. Sim-
ulated data as well as realistic acoustic transfer functions
measured in anechoic room conditions are used to derive
recommendations for improvement of the sound source
number estimation.

Motivation

In the recent years, uniform circular microphone arrays
(UCA) attached to the surface of rigid sphere, are of-
ten used for multi-channel-signal-processing approaches.
These methods require information about the number
of concurrent source signals. In this, paper we evaluate
the influence of a rigid sphere on the performance of the
source number estimation method based upon the mini-
mum description length criterion (MDL).

Signal Model

We consider a scenario where Q speech sources are
recorded using M microphones which, in vector notation,
can be written as

ym(t) = H(t) ∗ sq(t) + vm(t) (1)

where ym(t) describes the m = 1, 2, ...,M microphone
signals at time t generated from q = 1, 2, ..., Q source sig-
nals sq(t) convolved with the M×Q mixing matrix H(t).
The operator ∗ denotes the convolution operation, and
vm(t) is additional uncorrelated noise. In Figure 1, the
schematic setup of the signal model is depicted.
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Figure 1: Signal model using a uniform cirular array with
known number of microphones M and unknown number of
sources Q.

Minimum Description Length

The minimum description length (MDL) is based on in-
formation theoretic criteria [1, 2]. The MDL can be
used in time- or frequency-domain, while the frequency-
domain has turned out to be more reliable in an acous-
tic setting. The flow chart of the used method with all
processing steps is shown in Figure 2. As a first step,
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Figure 2: Proceeding steps for the estimation of the number
of sound sources using MDL

the microphone signals are transformed into the time-
frequency domain by the short-time-Fourier-transform
(STFT). Only considering frequency bins of interest, the
covariance matrix for each frequency bin is estimated us-
ing the N ×Q matrices Y(ω, `), with ω denoting the fre-
quency bins at time block `. The eigenvalues λm of the
covariance matrix provide information about the power
and distribution of the signals on the microphone chan-
nels. After sorting the eigenvalues in decreasing order
λ1 ≥ λ2 ≥ . . . ≥ λM , the eigenvalue λ(M−1) which is
supposed to be dedicated to the strongest noise compo-
nent, can be found using argminM {MDL(m)}. All larger
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eigenvalues λ≥M−Q can be associated with a source sig-
nal. Thus, the source number is estimated by

Q̂ω = argminm {MDL(ω,m)} − 1 (2)

Based on this condition, the maximum estimated source
number is limited by M − 1. The MDL criterion itself
can be described as

MDL(ω,m) =− ln

(∏M
i=m+1 λi(ω)1/(M−m)

1
M−m

∑M
i=m+1 λi(ω)

)(M−m)N

(3)

+ 1/2m(2m−M) lnN

for every frequency bin ω and the eigenvalues λm of the
covariance matrix [1, 2, 3].

Experiment

The MDL based source number estimator has been eval-
uated using simulated impulse responses, generated with
the SMIRgen toolbox [4] and with impulse responses
measured in an anechoic chamber. As a precondition, the
number of microphones exceeds the number of sources
Q < M in all measurements. Three measuring condi-
tions are tested: (i) a simulated scenario with an open
UCA and (ii) an UCA on rigid sphere as well as (iii)
impulse responses measured on a rigid sphere in an ane-
choic room. Four or eight equally circular distributed
microphones with approx. 15 cm sphere radius. Up to
six sources where positioned in a semicircle at a distance
of 2.5 m to the center of the sphere and angles in steps
of 24◦. Uncorrelated, speech-shaped noise was added to
each microphone channel at a SNR defined by the signal
in the first microphone channel. The results are shown in
Figures 3 and 4. The depicted detection rates are com-
posed of the number of correct estimations in relation to
the number of all estimations in a measurement.
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Figure 3: Detection rates for different SNRs for 1, 3 and 5
sources using a UCA with 8 microphones. The detection rate
decreases with higher numbers of sources. The simulated rigid
sphere provides the best results.

A detection rate exceeding 0.5 is an indicator for a good
estimation, as one can get the proper result by calculat-
ing the median from the single detections. Figure 3 shows
the detection rate in all setups with 8 microphones. With
a higher number of sources, the algorithm needs a higher

SNR for the correct estimation. It can be seen from Fig-
ures 3 and 4 that the simulated rigid sphere provides
better results than the open sphere, while the simulated
open sphere and the real rigid sphere are comparable in
most cases.
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Figure 4: Detection rates for 1 and 3 sources using a UCA
with 4 microphones. Detection rates are lower compared to
the UCA 4 microphones (c.f. Figure 3).

In Figure 4, results with 4 microphones are shown. Com-
pared to 8 microphones, the detection rate is decreased
for less microphones, especially for a higher source num-
ber. The detection rate of the real rigid sphere is shifted
significantly. This may occur from deviations in the RIR
measurement. With more microphones the detection rate
seems to be more reliable, especially for the real rigid
sphere condition with multiple sources. In most cases
the real rigid sphere condition leads to approx. the same
results as the simulated open sphere.

Conclusion

In all experiments the simulated rigid sphere outperforms
the simulated open sphere. Thus, the surface of the
sphere seems to have a positive influence on the source
number estimation algorithm. Furthermore, the estima-
tions based on the measured real impulse response data
provide decent performance compared to the simulated
data.
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