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Introduction
The goal of the proposed algorithm is to separate speech
signals in monaural recordings even in very adverse con-
ditions when significant background noise and additional
speakers are present at the same time. Particularly we
try to decide for each time frequency region which of the
different sound sources dominates and then build for each
sound source a binary mask which is one at those time
frequency regions where the sound source dominates and
zero at the others. The separation in our algorithm is
based on common fundamental frequency, whose percept
is called pitch [1]. A separation based on fundamental
frequency is only possible in voiced speech segments. To
demonstrate the performance of our algorithm we there-
fore use completely voiced sentences. The first step in
our sound source separation system is the division of the
input signal into different frequency bands via a Gamma-
tone filterbank. For the implementation we used a 128
channel Gammatone filterbank with frequencies in the
range from 80-5000 Hz. The implementation of the Gam-
matone filterbank is according to [2]. All filters are set to
have equal phase delay. The range of possible fundamen-
tal frequencies for our algorithm was set corresponding
to the database used for testing to 80-500Hz.

Pitch Estimation
Most pitch estimation algorithms in the literature are
based on the autocorrelation function [4]. The autocor-
relation is very time consuming and biologically rather
implausible. Therefore, we propose to use a different
mechanism to determine if two filter output signals orig-
inate from one common fundamental frequency. Our ap-
proach is inspired by the phase locking property of some
neurons in the auditory system and relies on the distances
of the zero crossings of the filter signals.

Using zero crossings: When signals stem from the
same fundamental frequency they have zero crossings in
common. How many zero crossings they share depends
directly on their harmonic order relative to the funda-
mental frequency. Hence the distance between two zero
crossings of the fundamental occurs again as the distance
between four zero crossings of the first harmonic and so
forth. We want to refer to these distances between multi-
ple zero crossings as higher order zero crossing distances.
We use only the zero crossings with positive slope. From
biological studies it is known that certain neurons in the
auditory system fire in phase with the basilar membrane
movement, which is denominated as phase locking. The
zero crossings are a way to mimic this phase locked firing.

Zero crossing distance histogram: As the distance
of the fundamental reoccurs in the higher order distances

of the harmonics a histogram over all distances shows
peaks at the distance value of the fundamental. The en-
ergy of the filter signals is represented in the histogram by
weighting the values with the energy. In order to further
enhance the formation of peaks at the fundamental, dif-
ferent weights are put on the different orders of the zero
crossings. The weighting function chosen is 1/(n + 1),
where n is the order with the fundamental having the or-
der 0. Additionally a comb filter is used in the calculation
of the histogram. In Fig. 1 a) such a histogram is shown.
The maxima in the distance direction clearly correspond
to the zero crossing distances of the fundamental of the
foreground utterance. Additionally side maxima occur at
harmonics of the fundamental, which can be eliminated
once the fundamental is determined. The comparison of
the distance histogram to the widely used sum of the au-
tocorrelation function (e. g. [3]) in Fig. 1 b) shows that
the fundamental of the foreground utterance is much less
visible in the autocorrelation as in the distance histogram
and the fundamental of the second sound source com-
pletely vanishes, showing that zero crossings are better
suited to extract pitch for multiple sources.

Unresolved harmonics: When multiple harmonics
fall into one filter channel, termed unresolved harmonics,
their coherent interaction leads to amplitude modulation
of the resulting signal with the underlying fundamental
frequency. In order to extract this modulation we demod-
ulate the signal by rectification and low pass filtering and
then feed the envelope signal in a second Gammatone fil-
terbank. A histogram as described before is calculated
with only the first and second order zero crossings. From
the maximum in the histogram the fundamental of the
underlying unresolved harmonic can be determined. The
resulting distance value weighted with the energy of the
channel is added to the distance histogram. Distance val-
ues with high variation are rejected. This improves the
tracking of the pitch in white noise so that it even works
at SNR levels of -8 dB successfully.

Pitch tracking: From the beforehand calculated zero
crossing distance histogram now the course of the pitch
over time can be tracked. As the focus of this article
is not the actual tracking of the pitch but rather to de-
velop a new method to determine the pitch and segregate
sound sources based on pitch, we make some restricting
assumptions during the tracking. The strongest assump-
tion is that the desired sound source is all voiced, hence
pitch is uninterrupted. Firstly, we calculate the max-
ima in the distance histogram and build the five longest
segments of connected maxima, where connected means
that the distance value does not change more than 5%
from one sample to the other. Next we grow each of these
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a) b)
Figure 1: Zero crossing distance histogram of two male speakers is shown in a). The peak found at the fundamental is clearly
visible. Additionally peaks from the voiced parts of the background utterance, indicated by arrows, can be seen. In b) the sum of
the autocorrelation function over all channels for the same sound file generated by the implementation in [3] which additionally
implements a model of the outer hair cells is shown. The second sound source is completely covered by side maxima.

Table 1: SNR results in dB.

Intrusion N0 N1 N2 N3 N4 N5 N6 N7 N8 N9 Average

Mixture -4.32 -5.17 8.72 3.90 3.78 -6.90 1.48 6.94 12.63 5.84 2.69
Our Model 8.20 6.81 15.35 8.26 10.36 3.76 15.50 11.28 14.66 9.77 10.40
Hu-Wang system 10.01 4.29 15.12 7.95 8.62 4.11 10.05 11.48 16.36 7.38 9.54

five tracks at either end. For this purpose we weight the
values in the histogram with a Gaussian like window cen-
tered at the distance position corresponding to the linear
extrapolation of the slope of the track. By doing so we
enhance distance values in the expected direction of the
track and reduce those outside this direction. All values
outside the 5% search region are set to zero. The grow-
ing of the tracks finishes when no values in the search
region are above a threshold defined by twice the mean
of the histogram. Tracks spanning less than 60% of the
utterance are rejected. The final pitch track is the one
which covers the highest energy in the histogram relative
to its length.

Pitch Labeling
The closer the zero crossing distance of the channel under
investigation is to that of the found pitch, the more likely
it is that it belongs to the same sound source. This differ-
ence can hence be mapped to a reliability measure. We
calculate these difference values independently for dis-
tances obtained directly from the filter signal and those
obtained from the amplitude modulation. In the case of
the resolved harmonics the resulting difference value is
the minimum of the difference between the zero crossing
distance of the found pitch and the distances calculated
at all orders of zero crossing distances. For the unre-
solved harmonics the resulting difference value is simply
calculated as the difference between the zero crossing dis-
tance of the found pitch and the distance calculated from
the amplitude modulation. When introducing a thresh-
old we can make a decision if a given segment belongs to
the found pitch or not.

Results
We evaluated our algorithm on a database collected by
Cooke consisting of 10 utterances of a male speaker mixed
with 10 intrusions, a 1 kHz pure tone (N0), white noise
(N1), noise bursts (N2), ’cocktail party’ (N3), rock music
(N4), a siren (N5), a trill telephone (N6), female speech
(N7, N9), and male speech (N8), yielding a total of 100
utterances [5]. All utterances are completely voiced. The

sampling rate of the database is 16 kHz. The maximum
order of zero crossings of resolved harmonics was set to
7. Distance thresholds for the acceptance or rejection of
a segment were set to 5 samples (0.3125 ms) for resolved
and 10 samples (0.625 ms) for unresolved harmonics. The
Signal to Noise Ratio (SNR) values of the original mix-
ture, the resulting signal after separation and those of the
system by Hu and Wang [3] averaged over all speakers for
a given intrusion are depicted in Tab. 1. In order to make
results more comparable in the case of the Hu and Wang
system also no segmentation was used. As can be seen
the two models perform in average similar, but the pro-
posed algorithm achieves overall an improvement of 12%.
In General the calculation of the zero crossing distances is
less costly as the autocorrelation and zero crossings are
physiologically more plausible. Furthermore the auto-
correlation is physiologically rather implausible whereas
a simple zero crossing detection and integration seems
much more likely.

In summary, we showed that the zero crossing distances
can be used efficiently as well to identify the pitch of
multiple sound sources as to separate the sound sources.
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