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Reverberation

@ Source signals undergo multiple reflections in closed surface
o Effects of reverberation depend on

e room characteristics

e position of microphone and source

e Typically modeled using room impulse response (RIR)?
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Reverberation Models

@ Time domain model
L—-1

y(n) =s(n Zh
k=0

y(n) : reverb speech, s(n) : clean speech
h(n) : RIR, L : length of RIR
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Reverberation Models

@ Time domain model

T
L

y(n) =s(n) = h(n) = h(k)s(n — k)

-

=0
y(n) : reverb speech, s(n) : clean speech
h(n) : RIR, L : length of RIR

@ Spectrogram model - smooth approximation for reverb spectrogram

Lp—1
Y (n, k)~ S(n, k)« H(n,k) = > H(m, k)S(n— m, k)
m=0

Y (n, k), S(n, k) : magnitude spectrogram of reverb, clean
H(n, k) : spectrogram of RIR
Ly : Number of frames in H(n k)
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Non-negative Matrix Factorizations

Non-negative Matrix Factorization (NMF)

@ Factorizes non-negative matrix S
S ~ WA, where W >0, A>0

@ W: set of basis vectors, A: corresponding activations

@ Clean speech S(n, k) can be decomposed using NMF
Convolutive NMF (C-NMF)

where, H,, = diag(H(m, 0), H(m, 1), ..., H(m, K — 1))

@ Reverb speech Y(n, k) modeled using C-NMF
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Dereverberation using C-NMF (Kameoka, 2009)

e Obtain S and H from Y using C-NMF

Optimization Problem
min ij KL(Y (n, k)[|S(n, k) * H(n, k))

Lp—1
st. Y H(nk)=1,Yk, $>0, Hp>0
n=0

@ Constraint on H to avoid gain uncertainty

@ Referred as non-negative convolutive transfer function (N — CTF)
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Derevberation using C-NMF with Speech Model

(Mohammadiha, 2015)

e Additional NMF model for clean speech (S =~ WA)

Optimization Problem

Hr)qvivrjA% KL(Y (n, k)||S(n, k) * H(n, k))

H(n, k) < H(n—1,k), S = WA

@ Constraints on H to avoid distortions
o Referred as N-CTF-+-NMF
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Motivation and Objective

Current NMF based methods

@ do not use appropriate prior on RIR

@ do not focus on RIR estimation for speech dereverberation

Objective
Use appropriate constraints on RIR to obtain improved

| \

@ RIR estimates
@ speech dereverberation
in the NMF formulation

\
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Outline

© Proposed Dereverberation Methods
@ Sparsity constraint on RIR
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Method 1: Sparsity on RIR

Enforce sparsity on RIR

@ H(n, k) is sparse for larger n

Amplitude

Frequency Bin

Spectrogram of RIR
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Method 1: Sparsity constraint on RIR

Enforce sparsity on RIR

Updated cost function

min > KLY (n,k)|IS(n, k) = H(n, k)) + XY H(n, k)

" nk n,k

Second term enforces sparsity on H(n, k)
Referred as N — CTF + Hgparse

Extended for N — CTF + NMF
Referred as N — CTF + NMF + Hgparse
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Outline

© Proposed Dereverberation Methods

@ Frequency envelope on RIR
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Method 2: Frequency Envelope of RIR

Given a RIR, frequency envelopes (g(k)) corresponding to each frame
obtained

Magnitude
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Spectrogram of RIR Spectrum for n =2
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Methods 2: Frequency Envelope of RIR

e Frequency envelope g(k) obtained from knowledge of RIR

Updated cost function

min > KL(Y(n, k)||S(n, k) * H(n, k))
"~ nk

Lp—1

> H(n, k) = g(k),Vk

n=0

@ Referred as N — CTF + Hgain

© N — CTF + NMF + Hg,jp, when extended to N — CTF + NMF
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Outline

© Proposed Dereverberation Methods

@ Inclusion of Early RIR
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WY d 3: Retaining Early Part of RIR

o First few frames of RIR ( 50 ms) constitute the early part

o
)
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Method 3: Retaining Early Part of RIR

Retaining early part enhances speech quality

@ Enhanced spectrogram obtained as

A

Sest(na k) = Sest(n7 k) * Hearly(”v k)

Sest(n, k), H(n, k) obtained using any existing NMF-based methods

Referred as N — CTF + Heapy

N — CTF + NMF + Hear, when extended to N-CTF+NMF
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Experiment Setup

@ Clean speech

e 16 TIMIT sentences spoken by different speakers
e RIR

o REVERB 2014 challenge

o Tg=700ms, d = 2m
o STFT parameters

e 64ms window, 16ms hop size

e square root of Hanning window

RIR estimate

@ Objective measures for speech enhancement
o intrusive methods (comparison with clean speech)

e PESQ
o Cepstral distance (CD)

@ non-intrusive method

@ speech to reverberation modulation energy ratio (SRMR)
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Outline

© Results

@ RIR Estimation
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Results: RIR Estimation without Speech Model

@ Constraints did not improve RIR estimate
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RIR Comparison without Speech Model

o Comparison using Mean square error (MSE)

@ MSE defined as
MSE = HHact - Hest||F

Hact, Hest : normalised actual and estimated RIR spectrogram

Methods MSE
N-CTF 6.26
N-CTF + Hsparse | 6.26
N-CTF + Hgain 6.26

o Constraints tend to be equivalent, no change in MSE
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Results: RIR Estimation with Speech Model

@ Proposed constraints improved RIR estimate
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RIR Comparison with Speech Model

Methods MSE
N-CTF 6.26
N-CTF + NMF 4.31

N-CTF + NMF + Hgain 4.26
N-CTF + NMF + Hsparse | 4.33

@ N-CTF+NMF case
e no significant MSE change
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Outline

© Results

@ Speech Enhancement
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Results: Dereverberation without Speech Model

[ Methods | APESQ | ACD | ASRMR |

N-CTF 027 | 071 | 148
N-CTF + Hoparse | 027 | 0.71 | 1.48
N-CTF + Hagain 028 | 071 | 118
N-CTF + Heary | 033 | 077 | 1.92

@ Significant variations in SRMR

@ Sparsity and frequency envelope constraints did not help

@ H constraints

o N— CTF and N — CTF + Hsparse are equivalent
o N — CTF and N — CTF + Hgajn differ in scaling factor (g(k))

@ Retaining early part of RIR helped
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Results: Dereverberation with Speech Model

| Methods | APESQ | ACD | ASRMR |
N-CTF 027 [ 071 | 148
N-CTF + NMF 054 | 092 | 165

N-CTF + NMF + Heparse | 054 | 0.02 | 1.65
N-CTF + NMF + Hgain 054 | 094 | 2.14
N-CTF + NMF + Heapy 049 | 093 | 222

@ Sparsity on RIR marginally improved results
o better RIR estimate did not lead to better clean speech estimate

@ Frequency envelope constraint improved performance

@ Retaining early part of RIR helped
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Developed an improved NMF frame work for dereverberation

Constraints on RIR
e sparsity on RIR
e frequency envelope of RIR
e retaining early part of RIR

Enhancement without speech model

e improvement with inclusion of early part

e no improvement with sparsity and frequency envelope
@ Enhancement with speech model

e improved performance with inclusion of early part
e improvement with frequency envelope constraint
e marginal improvement with sparsity
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o Effects of constraints on ASR performance
@ Performance of constraints in an NMF supervised setting

@ Relax inequality constraint H(n, k) < H(n—1,k) in N— CTF + NMF
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Room Impulse Response (RIR)

Direct Sound

|— Initial Reflection
Early Reflections Late Reflections
(Reverb Tail)
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@ Divided into two regions

© Early reflections - 50 ms after direct path

@ Late reflections (reverberation tail) - beyond 50 ms
@ Exponentially decaying envelope
@ RIR parameters

o Reverberation time (Tg)

e Source to microphone distance (d)?
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Problem

Given reverberated speech y(n) or Y(n, k) estimate clean speech 5(n) or
S(n, k)

Challenges

@ Unknown RIR and clean speech - blind deconvolution, ill-posed

@ Requires meaningful constraints

Possible approaches
@ Reverberation cancellation - estimate RIR and apply deconvolution

e Multichannel equalization
o NMF based approaches

@ Reverberation suppression - suppress late reflections

e Spectral subtraction
o Linear prediction based methods
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SRMR improvement for Different RIRs

Table: (Tep, d) of (700ms,2m), (700ms, 0.5m), (600ms,2m), (600ms,0.5m)

| Methods | RIR | RIR, | RIRs | RIR, |
N-CTF 1.4844 | 1.7406 | 1.4180 [ 1.4625
N-CTF + Hgparse 1.4844 | 1.7406 | 1.4180 | 1.4625
N-CTF + H gain 1.1799 | 1.1144 | 1.2541 | 0.9284
N-CTF + Heay 1.9197 | 2.1331 | 1.8982 | 1.8443
N-CTF + NMF 1.6489 | 1.6670 | 1.6754 | 1.4382
N-CTF + NMF + H,,, | 2.1398 | 1.4496 | 2.2688 | 1.2094
N-CTF + NMF + Hgpapse | 1.6547 | 1.6436 | 1.6781 | 1.4297
N-CTF + NMF + He,y, | 2.2210 | 1.8693 | 2.2526 | 1.6523
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