
Phase-error based filtering (PBF)
● Maximize SNR between channels using phase angle

where X
i
 is the STFT of the audio channel

● The phase errors are combined into a masking 
coefficient for each channel i
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Speech Recognition Results:

Optimizing performance in realistic noisy environments:
● Using multi-condition models instead of clean models for better performance in noise
● Concentrate on RealData test set as it is closer to real situations and offers more room for improvement
● Beamform 8-channel audio into a single enhanced channel using proposed PBF-GSC system combining 

Generalized Sidelobe Canceller (GSC) and Phase-error based filtering (PBF)

Generalized Sidelobe Canceller (GSC)
● Reference signal for GSC obtained by combining 

the audio channel STFT weighted by the PBF 
masking coefficients transformed back into the 
temporal domain

● Adaptive LMS filter using SGD iteratively filters 
the reference signal using a simple blocking 
matrix



Speech Enhancement Results:

Speech Enhancement

● PBF-GSC output is enhanced further by online 
estimation of gamma modeling of speech power:

where σ
S

2 denotes the variance of the speech 
spectrum and (a;b;L) are distribution parameters, 
while the Gaussian distribution is used to model 
the noise complex spectrum distributions.

● MAP estimator gives a closed form solution for 
the spectral magnitude estimate:
where     and      denote the prior and posterior 
SNR estimates at each time-frequency index

ξ γ
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