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Abstract – We propose and test a novel location-based
approach for speech segregation. Within a narrow frequency
band modifications to the relative energy of the target source
with respect to the interfering energy trigger systematic
deviations for binaural cues. For a given spatial configuration,
this interaction produces characteristic clustering in the
binaural feature space.

I. INTRODUCTION

The perceptual ability to detect, discriminate and
recognize one utterance in a background of acoustic
interference has been studied extensively under both
monaural and binaural conditions [1] [2] [3]. The auditory
system is able to segregate the speech signal from the
acoustic mixture using various cues, including pitch,
envelope, and location, in a process that is known as auditory
scene analysis [1].

It is widely acknowledged that for human audition
interaural time differences (ITD) represent the main binaural
cue used at low frequencies (<2 kHz), whereas in the high
frequency range both interaural intensity differences (IID)
and interaural time differences between signal envelopes
(IED) are used [2]. The resolution of the binaural cues has
implications in both localization and recognition tasks.
Experiments show that listeners can reliably detect 10-15 ms
ITD from the median plane, which corresponds to 1-5
degrees in azimuth separation. On the other hand, the
smallest detectable change in IID is about 0.5 dB to 1 dB at
all frequencies. Resolution deteriorates as the reference
azimuth gets larger and it has been reported to reach up to 10
degrees when the reference source is located far to the side of
the head.

Increased speech intelligibility in binaural listening
compared to the monaural case has prompted research in
designing cocktail-party processors based on psychoacoustic
principles [4] [5] [6]. In particular, building on a previous
cross-correlation model for sound localization, Bodden
proposed a model that estimates optimal time-varying Wiener
coefficients for all critical bands by comparing the neural
excitation patterns in cross-correlation with stored patterns
obtained from clean speech. Although computationally
expensive, Bodden’s model can produce substantial
enhancement in speech intelligibility.

In this study we propose a sound segregation model
using binaural cues extracted from the responses of a
KEMAR dummy head that realistically simulates the filtering
process of the head and the external ear. We introduce an
“ideal” time-frequency binary mask that is motivated by the
human auditory masking phenomenon, which selects the
target if it is stronger than the interference in a local time-
frequency region. If the original unmixed signals are
available, one can construct the ideal mask in the following
way: retain the time-frequency regions for which target
energy exceeds interference energy and discard the other
regions. Ideal masks generate high quality reconstruction for
a variety of signals, and similar binary masks have been
shown to provide a very effective front-end to robust speech
recognition [7]. Hence, our model aims to estimate the ideal
binary mask. Statistics for the relationship between the
relative energy and the deviation of the binaural cues are at
the core of our system. We show that for anechoic mixtures
of multiple sound sources there exist strong correlation
between the energy ratio and ITD and IID cues within a
narrow frequency band. For a given spatial configuration, this
interaction produces characteristic clustering in the binaural
feature space. Consequently, we employ a nonparametric
classification method to determine decision regions for the
ITD/IID features that correspond to an optimal estimate for
the ideal mask.

Related models for estimating target masks have been
proposed previously [8] [9]. Such models, however, assume
input directly from microphone recordings. As a result, head-
related filtering is not considered. Simulation of human
binaural hearing introduces different constraints as well as
clues to the problem. First, both ITD and IID should be
utilized since IID is more reliable in high frequencies than
ITD. Second, frequency-dependent combinations of ITD and
IID will arise naturally for a fixed spatial configuration.
Consequently, channel-dependent training for each frequency
band becomes necessary. Our tests with just ITD (as in [8]) or
simple channel-independent classification (as in [9]) yield
considerably inferior performance.

Section 2 describes the architecture of our model.
Section 3 introduces our method for estimating the ideal
binary mask. Section 4 presents systematic evaluation of the
system for two and three sources and a comparison with the
Bodden model.
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Figure 1: Schematic diagram of the model. We obtain binaural signals by convolving the input signals with head related impulse responses (HRIR). A
psychoacoustically motivated auditory periphery is simulated: cochlear filtering, half-wave rectification to simulate auditory nerve firing, low pass
filtering for evaluating envelopes at high frequencies and square root to simulate saturation effects. Azimuth localization is based on the cross-correlation
mechanism. We compute local ITD and IID independently for all frequency channels. A decision block produces an estimation of the ideal binary mask.
The resynthesis path allows the reconstruction of the target signal.

II. MODEL ARCHITECTURE

Our model consists of the following five stages: 1) a
physiological model of auditory periphery; 2) binaural cue
extraction; 3) azimuth localization for both target and
interferences; 4) estimation of the ideal binary mask; and 5)
resynthesis of the target signal (Fig. 1).

The input to our model is a mixture of two or more
signals presented at different, but fixed, locations: target
speech and acoustic interferences, which are sampled at 44.1
kHz. Binaural signals are obtained by convolving the input
with measured head related impulse responses (HRIR) from
a KEMAR dummy head [10].

To simulate the auditory periphery we use a bank of 128
gammatone filters in the range of 80 Hz to 5 kHz as
described in [11]. In addition, the gains of the gammatone
filters are adjusted in order to simulate the middle ear
transfer function. In the final stage of the peripheral model,
the output of each gammatone filter is half-wave rectified in
order to simulate the firing probabilities of the auditory
nerve. In order to process the envelopes of the signals at
higher frequencies a low-pass filter with cutoff frequency of
800 Hz is considered. Saturation effects are modeled by
taking the square root of the signal.

Current models of azimuth localization almost
invariably start with the cross-correlation mechanism. We
utilize the following azimuth localization method:

1) Compute interaural cross-correlation coefficients at
time delays equally distributed in the plausible range from –
1 ms to 1 ms for all frequency channels.

2) In a training phase, we derive frequency-dependent
nonlinear transformations and map the time-delay axis onto
an azimuth axis.

3) Calculate an energy-weighted summary across time
and frequency and identify the peaks, which generally are
very close to the true source locations.

III. BINARY MASK ESTIMATION

Our objective is to develop an efficient algorithm for
estimating the ideal binary mask. Our estimation is based on
the following observation regarding the acoustic interaction
of multiple sources: in a narrow band, the ITD and IID
corresponding to the target source centers around azimuth-
dependent characteristic values. As the interference from
additional sound sources increases, ITD and IID
systematically deviate from these values.

A. Pure Tones

In order to investigate the relationship between relative
signal strengths and ITD for two pure tones with the same
frequencyω we derive the cross-correlation function for the
mixture:
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in which iA is the amplitude, id represents the time delay

for the ith source, and )/)(cos( 212 ddcoeff −+∆= ωϕ
where ϕ∆ is a function of phase differences between the

initial signals and those due to the arrival times of the signals
at the left ear. For simplification, IID is considered
negligible – true for low-frequency channels. By observing
deviation of the peak locationmaxτ from the middle location

221 /)( dd + , we obtain which source is stronger.
On the other hand, we estimate IID as the ratio of

energy at the two ears. Therefore, for two pure tones we
have:
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