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Microphone array algorithms emerged in the early 1990s as viable solutions to speech processing problems.
Although more than 20 years have elapsed, the adaptation of beamforming methods to speech processing remains
an open issue. These difficulties may be attributed to the characteristics of the wide-band and nonstationary
speech signal and to the very long, typically time-varying, room impulse responses (RIRs) relating moving
speakers and microphones in acoustic enclosures.
In this talk, we will focus on spatial processors (“beamformers”) based on the linearly constrained minimum
variance (LCMV) criterion, and its special case, the minimum variance distortionless (MVDR) beamformer. The
implementation of the LCMV beamformer in the short-time Fourier transform (STFT) domain and its structuring
as a generalized sidelobe canceller (GSC) facilitate the application of the presented algorithms to speech signals
in real acoustic environments.
We will show how the powerful LCMV criterion can be applied to various related problems, e.g. speech
enhancement and desired speakers’ extraction in multiple competing speaker environment. Special attention will
be given to blind estimation techniques of the GSC components and to the efficient design of its various blocks.
We will also elaborate on the relative transfer function (RTF) and its importance in speech processing.
The last part of the talk will be dedicated to the exploration of novel distributed microphone array architectures.
A distributed microphone array is comprised of multiple sub-arrays (nodes), each of which consists of several
microphones, a signal processing unit and a wireless communication module. New and fascinating algorithmic
challenges arise by these new distributed structures. In this part of the talk we will briefly explore performance
bounds of such distributed microphone arrays and introduce novel algorithms for solving the optimality criteria
under the limited communication bandwidth constraints between nodes.
The presentation will be accompanied by processed audio files demonstrating the algorithms’ performance.
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