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Abstract (ProsfofConcept

w The a priori SNR is key-parameter in DF T-based speech Noisy signal: Speech and white noise mixed at 0 dB SNR.
enhancement schemes
u Decision-directed (DD) a priori SNR estimation: linear Clean

combination of estimates along fixed DFT bin £.
m Can speech enhancement performance be improved by combining
estimates along harmonic trajectories instead of fixed DFT bins?
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mDFT based speech enhancement: multiplicative gain function G(-) g i
m Speech Estimate is obtained by J 4]

X(k,0) = G(k, 0, &(k, €),C(, 0)) - Y (K, 0) g ’
n((k,0) = |§5(]‘“k€2)|2 ... a posteriori SNR "
né(k,0) = 7, (k0 priori SNR

o5k eDD: = PADD:iu:

‘ m Spurious spectral peaks — musical noise  mLess isolated spectral peaks

éop(k, 0) = (1 — app) max[Ew (k, £), 0] + app&o—i1(k, 0)

m Characteristics of speech estimator strongly depend on G(-)
mWe compared DD and PADDi for various G(+)s
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m Speech exhibits harmonic structure —DD—PADD;
m Fundamental frequency is time-varying

u PADDi increases NAg; while preserving SSDR.e, compared to DD

m Main idea of this work: ensure that £ is dominated similarly by the
same harmonic at frames ¢’ and ¢/ — 1

m Pitch-adaptive discrete STFT (PADSTFT): _

Npe1(£) = round { ff )}

hfo(£)

A-improvement in terms of PESQ and SNRgs over noisy speech

ky(¢) = argmin |k — Nper(4) = Kh White Babble il
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Ea—— Compared to the classical DD approach, PADDi enables
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mpreserving the level of speech distortions.
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