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Abstract

Experimental Results

Problem Formulation
This paper presents batch and online algorithms of a stereo acoustic echo cancellation (SAEC)
method. In SAEC, the non-uniqueness problem causes performance degradation, especially
for highly coherent far-end signals. In our method, this problem can be avoided without an
additional decorrelation preprocessor or multi-microphones by overestimating far-end
echoes and compensating for the overestimated inter-channel-correlated echo to obtain a
desired echo-canceled signal. In addition, our method is based on the maximum likelihood
estimation (MLE) criterion of the echo-canceled signal under the assumption that the signal
in the time-frequency domain follows a zero-mean complex Gaussian distribution with a
time-varying variance. Furthermore, a variable forgetting factor based on the cross spectral
density (CSD) between the echo-canceled signal and a far-end echo is presented in the
online algorithm to improve the convergence of adaptive filters with a high cancellation
performance when converged. Experimental results under various conditions demonstrate
that the proposed method can successfully perform SAEC even in the presence of inter-
channel correlation, double-talk, and abrupt echo path changes.

To estimate an adaptive filter of the echo path for the v-th far-end signal,
$\mathbf{g}_{k}^{(v)}$, based on the overestimated far-end echo expressed as (\ref{eq_70_1}),
let us consider the input signal for the $v$-th channel given by

Conclusion
In this paper, we proposed and derived batch and online algorithms of an SAEC method based
on the MLE of an echo-canceled signal by assuming that the signal in the time-frequency
domain follows a zero-mean complex Gaussian distribution with a time-varying variance. To
avoid the non-uniqueness problem without an additional decorrelation preprocessor or multi-
microphones even for highly coherent far-end signals, the proposed method obtained an echo-
canceled signal by overestimating far-end echoes and compensating for an overestimated
inter-channel-correlated echo based on the overestimation ratio. In addition, a variable
forgetting factor based on the CSD between the echo-canceled signal and a far-end echo in the
online algorithm was presented to improve the convergence of the adaptive filters significantly
with a high ERLE when converged. Experimental results under various conditions demonstrated
that the proposed method achieved a superior performance compared with the Kalman-filter-
based method even in the presence of inter-channel correlation, double-talk, and abrupt echo
path changes.

Table 1. ERLE (dB) averaged over 370 utterances Table 2. PESQ scores averaged over 370 utterances

Fig. 2. ERLEs and spectrograms when the far-end signals were identical music signals.
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Fig. 1. Block diagram of the SAEC in the time domain

The microphone input signal

The echo-canceled signal

We estimate far-end echoes without considering the inter-channel correlation first, to deal
with SAEC without the additional decorrelation. However, if the echo of each channel is
estimated, the inter-channel-correlated echo is overestimated due to the overlap between
the two estimated echoes. Therefore, we compensate for the overestimated inter-channel-
correlated echo based on an overestimation ratio to avoid an oversubtraction of the inter-
channel-correlated echo. The echo-canceled signal is calculated as follows:

- : : The overestimation ratio to compensate
for the inter-channel-correlated echo

Proposed SAEC algorithm
We assume that the echo-canceled signal in each frequency bin follows a zero-mean complex
Gaussian distribution with a time-varying variance to cope with the non-stationarity of the
signal.

- The desired echo-canceled signal using

- The input signal for the v-th channel

- The SAEC problem to find the unknown parameter sets

- The iterate update rule for

- The overestimation ratio

Online SAEC based on frame-by-frame processing is required to cope with various
environments in which the echo path may change. Similar to the batch parameter update rules,
online parameter update rules can be derived based on RLS. The log-likelihood function to
derive the online algorithm is defined as follows:

- Update of the adaptive filter for the first channel

- Update of the adaptive filter for the second channel

- Calculation of the echo canceled signal

Fig. 2. ERLEs of the Kalman-filter-based and proposed online SAEC methods without the decorrelation 
preprocessor. Both echo paths changed in approximately 17.15 s, as denoted by the black dashed line.


