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Summary
• PEVD-based speech enhancement algorithm [1], which is designed for

noise reduction, is also effective for dereverberation
• PEVD algorithm retains the early and suppresses the late reflections
• Completely blind and unsupervised approach, no noise estimation
• No noticeable artifacts

What is a Polynomial Matrix?
Polynomial with matrix coefficients Matrix with polynomial elements
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How do Polynomial Matrices Arise?
Multichannel Reverberant Signal Model:

0 0.1 0.2 0.3 0.4 0.5

Time (s)

-1

-0.5

0

0.5

1

A
m

p
lit

u
d
e

Direct-Path + Early Reflections
Late Reflections

xm(n) = hT
ms0(n) + vm(n)

= s̃m(n) + ṽm(n)

From M Sensors:

x(n) = [x1(n), x2(n), . . . , xM (n)]T

Space-time Covariance Matrix, assuming stationarity, is:

Rxx(τ) = E[x(n)xH(n− τ)]

Para-Hermitian Polynomial Matrix:

Rxx(z) =
W∑

τ=−W

Rxx(τ)z
−τ

Polynomial Eigenvalue Decomposition (PEVD)
The PEVD of Rxx(z) is [2]:

Rxx(z) ≈ UP (z)Λ(z)U(z)

=
[
UP

s̃ (z) UP
ṽ (z)

] [ Λs̃(z) 0
0 Λṽ(z)

] [
U s̃(z)
U ṽ(z)

]
with orthogonal signal, {·}s̃ and noise subspaces, {·}ṽ.

Rxx(z) Example Eigenvalue, Λ(z)
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PEVD-based Speech Enhancement Algorithm [1]
Input
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Experiment Setup: Reverberant Speech in Noise

T60 = 1.22 s
Lecture Room 2 (ACE)

diffuse babble 0 dB SNR TIMIT Speech

Comparative Algorithms
1. Generalized Weighted Prediction Error (GWPE)
2. Multichannel Subspace (MCSUB) - Uses an EVD
3. Oracle Multichannel Wiener Filter (OMWF) - Given clean speech

Evaluation Measures
• Normalized Signal to Reverberant Ratio (NSRR)
• Bark Spectral Distortion (BSD)
• Frequency-weighted Segmental SNR (FwSegSNR)
• Perceptual Evaluation of Speech Quality (PESQ)

Simulation Results
Comparison of GWPE and PEVD processing in noise-free Lecture Room 2:
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Dereverberation Performance for 0 dB Babble Noise in Lecture Room 2:

Algorithm ∆NSRR ∆BSD ∆FwSegSNR ∆PESQ

GWPE 0.22 dB -0.12 dB 0.28 dB 0.05
MCSUB -3.29 dB 0.21 dB 0.64 dB 0.21
OMWF 0.26 dB -0.25 dB 3.12 dB 0.29
PEVD 5.38 dB -0.52 dB 3.56 dB 0.20

Listening examples are available at [3].


