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Introduction

Imagine the following scenario: You are using your house’s intercom to talk to a visitor.
At that very moment a loud truck drives by on a large road which is located next to
your frontdoor. Furthermore, a family with crying children passes by on the sidewalk.
Your visitor at the door might still be able to focus on your voice sounding from the
loudspeaker through spatial hearing, which is referred to as “cocktail party effect” [2]. As
opposed to this, it is impossible for you to extract their voice, if the whole auditory scene
is mixed into a single-channel signal transmitted via the intercom. Just like the human
brain can segregate complex auditory scenes into separate streams, so-called beamforming
and postfiltering algorithms applied to microphone arrays’ signals can filter out unwanted
auditory events and streams and enhance the intelligibility in scenarios such as the one
described above. Fig. 1 visualizes the similarity between human and computational source
separation and the suboptimal case of mixing different auditory streams into a singlechannel signal. A particularly important difficulty of computational source separation
algorithms is determining which sources should be filtered out and which ones should be
kept. Therefore, the auditory streams must be classified according to the present scenario
(e.g. speech transmission / music transmission, single desired sound source / multiple
sound sources).

beamformer,
postfilter

Figure 1: Auditory scene analysis. Left: source separation with the human auditory
system via binaural hearing, middle: sources get mixed in single-channel transmission
system, right: computational source separation with beamformer and postfilter achieving
the ideal goal of completely removing undesired sound sources
Small microphone arrays consisting of down to only two microphones are increasingly
used in commercial audio applications due to their low cost and space requirements. By
default, consumer devices such as smartphones or tablets are nowadays equipped with two
to three microphones; intercoms and vehicle hands free devices also increasingly utilize
small microphone arrays. Hearing aids typically consist of two microphones per ear [6].
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As opposed to large microphone arrays as they have been proposed in academic publications addressing acoustic holography [1] and source localization [3], the spatial resolution of small microphone arrays is rather constrained. However, increasing the number
of microphones or the distance between microphones often is not feasible. Thus, more
sophisticated algorithms such as frequency-domain beamforming or postfiltering (e.g. by
nonnegative matrix factorization [13]) are utilized to extract the desired and suppress the
undesired sound sources. Compared to classical beamforming methods, parameterizing
these algorithms require considerably more pre-information on the present acoustic scene,
which must be retrieved from the available signals.
Small microphone arrays are mainly used in communication systems, whose signal
processing path also includes an echo cancellation system. Echo cancelers estimate the
acoustic transfer function of the loudspeaker – microphone path. The room impulse response contained in this transfer function is an important piece of information concerning
the present acoustic scene and thus should be taken into consideration when estimating
the parameters for the source separation algorithms.
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Performance Criteria of Source Separation Algorithms - from Least Squares to Perceived Quality

There are two main applications for algorithms addressed in the proposed research:
• output signal is listened to by humans.
• scene information and output signal is processed by further algorithms, such as
automatic speech recognition
While the figure of merit with automatic speech recognition is only intelligibility, a
system outputting human-heard audio also needs to be optimized according to the perceived audio quality. Most of the adaptation algorithms for beamformers and postfilters
used nowadays are based on increasing signal-to-noise ratio (SNR) or signal-to-interference
ratio (SIR) by applying a mathematical criterion on the undesired source signals (e.g. different variants of the least-squares criterion). However, SNR/SIR is not always a sufficient
indicator for the perceived audio quality, since it does not account for, e.g., the disturbance of sudden changes or psychoacoustic masking effects. Some works take perceived
quality into account [10, 9]. However, as these works only address speech enhancement,
there is still room for a more general approach.
For objective perceptual rating of audio transmission systems, standardized methods
such as PEAQ and PESQ have traditionally been applied. Although most studies show a
moderate (with high quality audio [12]) to strong (with lossy speech encoders [7]) correlation between computationally predicted and subjective measures, it is to be ascertained
whether this also applies for audio impaired with the artifacts arising from a suboptimal
setting with echo cancelers, beamformers and postfilters.
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Research Questions

The proposed research aims to answer the following main research question:
• How can we achieve an optimal source separation with small microphone arrays?
We can further subdivide this question into the following ones:
• How can we formulate an optimality criterion based on the perceived audio quality?
• Given an automatic parameter estimation method: Which beamforming algorithm(s)
are best with respect to the trade-off between complexity, robustness and optimality
with respect to the above mentioned criterion?
• How detailed can an acoustic scene be described with a limited number of microphones?
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Research Design and Methodology

Methods from the fields of adaptive filtering, audio information retrieval, data science,
and psychoacoustics will be applied. Fig. 2 illustrates a coarse positioning of the research.
The different stages of the intended dissertation are described below. Although the stages
are presented in a certain order, they do not have to be carried out strictly successively.
Source Separation based on Auditory Scene
Analysis and Perceived Quality
Problem:
Detection, classiﬁcation, separation, and perceptually informed
enhancement of sound sources in a complex acoustic scenario based on
spectral and spatial features

Adaptive Filtering
Problems:
system identiﬁcation
SNR optimization (noise and
echo supression)
Important methods:
recursive least squares
Wiener ﬁlter
Kalman ﬁlters
Volterra ﬁlters

Audio Information
Retrieval
Problem:
extraction of
interesting/useful features

Data Science

Psychoacoustics

Problems:
classiﬁcation,
regression

Problems:
ﬁnding objective descriptions
for the relation between
physical and perceptual
measures

Important methods:
principal component analysis,
support vector machine,
linear regression,
hidden Markov models,
neural networks

Important methods:
short-time Fourier transform
spectral analysis
cepstral analysis

Important methods:
cross-modal matching,
semantic differentials,
MUSHRA

Figure 2: Related fields of research, corresponding problems and methods
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4.1

Evaluation and Comparison of Existing Methods

The first phase of the dissertation will address the general problems of acoustic source separation in predefined (i.e. simulated) deterministic and stochastic scenarios. Different existing beamforming and postfiltering approaches (time domain / frequency domain), optimality criteria (direction of arrival (DOA) only based / MVDR /
MWF / LCMV) and parameter estimation/adaptation algorithms (see [6] for a review)
will be implemented and evaluated using MATLAB. In this connection, acoustic simulation programs such as CATT-Acoustic might be useful to create realistic scenarios. The
advantages and disadvantages with respect to robustness, directivity and SNR will be
discussed. For a comparison of state-of-the-art source detection (see [4] for a review) and
echo cancellation [11, 8, 5] algorithms the same strategy will be pursued.

4.2

Formulating an Optimality Criterion for Perceived Audio
Quality

Based on the functional principle of PEAQ, an perceptually informed optimality criterion for joint parameter estimation with echo cancelers, beamformers and postfilters will
be formulated in the second phase of the dissertation. Therefore, listening experiments
evaluating multiple existing algorithms with different parameter sets will be conducted.
Furthermore, well described psychoacoustic measures such as loudness or sharpness will
be taken into account. The goal of this phase is a cost function that can be used for an
adaptive parameter estimation.

4.3
4.3.1

Auditory Scene Analysis
Manual Auditory Scene Analysis Approach

In a third phase ways of retrieving information on the sources as well as on the environment will be addressed. Classification problems such as determining the type of sources
(music/speech/noise) as well as regression problems such as determining the geometry of
reflecting surfaces will be solved by taking physical properties of sound emergence and
propagation into account. An important intermediate goal is to find out which features of
the multichannel audio signal are needed to solve these problems and compare different
feature extraction methods. The final goal of this phase is the implementation of a scene
analysis based parameter estimation model for a robust separation of sources within a
complex acoustic scene. A basic example of such a system that could be subject to a
publication is the following two-stage system:
1. Source and DOA detection; simple DOA based beamformer for source separation
2. Estimation of room impulse responses of sources using cepstral analysis of source signals and taking information from echo canceler into consideration, design of matched
filter for each microphone.
4.3.2

Machine Learning Based Analysis

Finally, machine learning approaches will be applied to the regression and classification
problems described in the section above. Neural networks have been previously applied
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to solve echo canceling and source separation problems [8, 14]. The goal of this phase
is to develop and train a scene analysis based joint parameter estimation network for
echo cancellation, beamforming, and postfiltering. A possible approach could be feeding
the concatenation of a vector of features extracted from the echo canceler’s estimated
loudspeaker – microphone transfer function and a vector extracted from the microphone
or beamformer output signals into a multilayer perceptron.
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