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This dissertation focuses on robustness against double talk for an acoustic echo
canceller (AEC) and introduces high-performance acoustic echo control algorithms to
improve quality of telecommunication systems.

On an acoustic echo control strategy, development of a double-talk-robust echo
reduction (ER) process is one of the main targets. This study proposes a novel ER process
robust against the double talk in estimations of echo-path power spectrum, echo-
reduction gains, and late echo components. The echo-path power spectrum estimation
algorithm is an echo-path-change robust algorithm that estimates the echo-path power
spectrum in time and frequency spectral domains; this algorithm achieves the high
tracking performance and accuracy of the echo-path power spectrum. The echo-reduction
gain estimation algorithm is a novel estimation algorithm that solves a least square error
problem of Wiener filtering (WF) method while taking into account cross-spectral term
of the signals; thereby, this algorithm obtains a better echo-reduction gain than that of
the conventional WF method. The late echo component estimation algorithm is a novel
estimation algorithm that accurately estimates the echo power spectrum corresponding
to early impulse response and late echo components resulting from reverberation beyond
a length of fast Fourier transform (FFT) block; this algorithm estimates the echo power
spectrum by assuming a finite nonnegative convolution model.

In addition, this study develops an AEC devices and an application software where the
proposed estimation algorithms of the echo-path power spectrum and the echo-reduction
gain are implemented. The developed AEC device is combined with a videoconferencing
system and used in hands-free telecommunication; its frequency band of audio signal is
supported up to compact disc (CD)-quality, i.e. 20-kHz wideband and delivered natural-
sounding speech. The developed software for voice over internet protocol (VoIP) hands-
free phone application on smartphone and tablet devices automatically tailor its
performance to the acoustic characteristics of individual smartphone and tablet devices,
and reduces the influence due to the difference in the acoustic characteristics of
individual devices. The developed video phone employs noise-robust adaptive filter
(ADF) and noise reduction (NR) processes and maintains the acoustic echo and noise

cancelling performance in a noisy environment such as an open-plan office.
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