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Speech Dereverberation Problem

The Dereverberation Problem
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M Microphones:
Zm(t) =am () * s(t)+n,(t)
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Goal
Find desired signal s(t):

e Directly.
e Estimate M ATFs, A,,(2).
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Speech Dereverberation Outline

Outline

e The data null space - definitions.

e ATFs estimation

— Two microphone, noiseless case.
— Two microphone, noisy case.
— Multi microphone case (M > 2).

e Signal reconstruction.

e Preliminary Experimental Study.



Speech Dereverberation Null Space

The Data Null Space - Intuition

(Two Microphone, Noiseless Case)

Signals:
y1(t) = ai(t)*s(t)
y2(t) = as(t) * s(t).
SIGNALS ! NULL SPACE
ae 2 e H e -
s(t) 0
Ag(z) 22U o ) B

Nullifying Filters:

[y2(t) *x a1 (t) — y1(t) * as(t)] x e (t) =0

e ATFs are embedded in nullifying filters.

e Arbitrary unknown multiplying filters, Ej(z).



Speech Dereverberation Null Space

The Data Null Space - Formulation

(Two Microphone, Noiseless Case)
One Channel Data Matrix:

ym (0) 0 . 0
ym (1) ym (0)
: ym (1) :
: 0
ym(Na) ym (0)
yg; _ ym(nfz +1) | ym_(l)
ym (7T) ym(Na)
0 ym/(T) :
: 0
0 0 EE 0. ym(T) |

Two Channel Data Matrix:
V=¥ -]
Correlation Matrix:

R, =YYT/(T+1)
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Speech Dereverberation

Null Space

Null Space Vectors

Eigenvalue decomposition (EVD) to R,
OR
Singularvalue decomposition (SVD) to ):

N=0; g [=0,1,...,15—ng

A > 0; otherwise
Split,
g = [go g1 gﬁa_na] =
aio Aai 1,iq—"Nq
azp A a2 f,—nyg



Speech Dereverberation Null Space

Null Space: Transfer Functions

e Form=1,2,..., M:

~

Anmi(z) have ng — ng, common roots = Ej(z).

e For(=0,1,...,n, — Ng:
Apni(2) have n, common roots = A, ().



Speech Dereverberation

Null Space

Null Space: Impulse Response

In matrix form,

EION
dml(l)

_aml(ﬁa)_

Compactly,

e;(0)
ey (1)

[ am(0) 0 0 0
am/(1) am/(0) 0 0
am/(1) :
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0 am(na,) am(O)
0 am(l)
0 O . am(.na)_
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Speech Dereverberation Estimation

ATFs Extraction

e Full null space (L = fig — 1y)

Ei:[eg el --- e }:inv(f)

— GE' = A

e Partial null space (L < gy — ng)

[ ¢ 0 o 0 E 0 0 0
0 G O 0 0 £ 0
G = : 0 =A = AE
0 g 0 E

L>’fba—na+[

gP" = Pinv(&) = €1 (g€t~
— GEM = A



Speech Dereverberation Estimation

ATFs Extraction: Efficient Procedure

A has shifted columns !

G o o 7007 i 0
1 0 0
o ¢ o ... ... o 1) el
o E . |
: : eiL
: : O : aj
o o .. .. O g _I(L)_ | a9 | 0

g

o (O all-zeros matrix. O all-zero vector.

e Z7W : 1=0,1,...,L a shift by [ matrix.

:QX:O

G = Eigenvalue of value 0 = a,,



Speech Dereverberation Estimation

Two Microphone Noisy Case

Two Microphone Noisy Case
Zm(t) = Ym(t) + nm()
Then, the data matrix,
Z=V+N

The correlation matrix (for long observation time),

Solve, ‘ 5 ‘

Where, p is an error term.

Find the smallest eigenvector of the matrix G (TLS).
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Speech Dereverberation Estimation

Noise Correlation Matrix Dependency

‘ How Rn effects G ? |

White Noise Case

e Choose eigenvectors corresponding to the

eigenvalues of value 2.

e ( remains intact.
Colored Noise Case

e Calculate Generalized EVD of R, and R,
(or Generalized SVD of Z and N).

e Choose eigenvectors corresponding to the

eigenvalues of value 1.

e Subsequent stages remain intact.
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Speech Dereverberation Estimation

Multi Microphone Case (M > 2)

Channel paring

[yi(t) * a;(t) — y;(t) * ai(t)] * ext) = 0.

Data matrix

[ Zy Z3 .- Zy O o O .- O
—Z O .. Zg oo Zyy O
O —-Z —Z O :
z — . 1 2 .
(@ @
= O Za
o o ~Z 2y —Zp 4
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Speech Dereverberation Reconstruction

Signal Reconstruction

Ziter)  —e >
| M
Zy(t, e*) H|> e Yrgr(t, €7*) + Y (t,e7?)
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Zs(t, ejw) HI> ] - B Q—v—‘
Zu(te)  —e> - F
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Speech Dereverberation Reconstruction

Signal Reconstruction (Details)

e Noisy signals (time-frequency).

Zm(t, &) = Am (e?¥)S(t, &) + Ny (¢, ¢7%)

e Fixed beamformer (MFBF).

1 M

1% TN ) W
Yegr(t, ¢/ ):W > Zm(t, ! AL (7))
m=1

e Blocking Matrix (BM).

Um(t, e3%) = Zm (t, 39) A1 (1Y) = 21 (t, &7%) A ()

e Noise canceller(NC).

B . . U ( Jwyy* ¢ Jw
Gm(t"—l,e‘?w) — Gm(t,ejw)+u m( , € ) ( , € )

Pest (1, ejw)

Gm(t +1,67%) FIR Gm(t +1,6%)
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Speech Dereverberation

Experimental Study

Preliminary Results

e Real ATFs order: n, = 15.

e Overestimated ATFs order: n, = 22.

e Signal: Speech (left), White Noise (right).

e Signal Length: T'=4 seconds.

e No. of microphones: M = 3.

e Noise: Directional, Non-White.
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Speech Dereverberation Conclusions

Conclusions

Properties:

e "Good" ATFs estimation (for short ATFs only).

e Limited performance in low energy bands
(eigenvalue spread).

e Applicable to equalization.

e High computational burden.

‘ = Use Frequency domain or Subband method |

Warning:
e Perfect reconstruction.

e Gain Ambiguity.
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