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Speech Enhancement

Aim
Improvement in the quality of speech
Reducing background noise

Applications
Speech communication
Speech coding
Speech recognition




Sources of Noise

Additive background noise
Data conversion (microphone)
Transmission (noisy data
channels)

Reproduction (loudspeakers
and headphones)

Competing speaker (multi
speaker systems)




Performance Metrics

Quality
Measures clarity & amount of residue noise in the signal

Measures extent to which the listener is comfortable with the
enhanced signal

Intelligibility
Percentage of words that can be correctly identified by the listeners

These performance measures are not correl ated.
Most speech enhancing systems improve quality and reduce
intelligibility
MSE &

Expensive to measure SNR used

No compact mathematical form!




The Estimation problem

Need to estimate the original signal based on the signal corrupted in noise
Need to minimize d(Y,Y) based on the observation of Z

Problems
Lack of a perceptually meaningful distortion measure — d
Lack of a reliable statistical model for noise and signal




Linear Estimation

Assumptions

Signal & Noise — statistically independent & Gaussian
Additive Noise Z, =Y, +W
MSE distortion metric

Best estimateisLinear Y, =H,Z,
To find H, minimize MSE = E{(Y - Y)?}

- Wiener filter

Y. =[R, (R, +Ry)" Z




Linear Estimation (contd..)

Estimate R, based on observations
Estimate R, based on noise models

Estimate R,
R, =R,—-R, [Correlation subtraction]

Subtraction performed in frequency domain to maintain
positive definiteness [ Spectral subtraction]




Spectral Domain Estimation

Transform into Spectral domain

1

ZtF - WD|Zt
R, = %DLYD'

_ 1 .
R, = =DL,D

Yo o= Ly (Ly +Ly)Zf

This estimates only the magnitude of the spectrum of the original signal

Human auditory system is less sensitive to short-term phase [Wang and
Lin]

Original signal is reconstructed using the phase of the noise[Y epraim]




Signal Subspace Approach

Wiener filter gives the Best Linear estimate by minimizing e+ e 2
Distortion energy & =E{ ||(1 - H)Y]*}
Residual noise e =K HHtVVtH 2

Signal Subspace Approach [Ephraim and Van-Trees 1995]

Separate signal and noise subspaces (Karhunen Loeve Transform)
Nullify the components of Z in noise subspace

Perform the estimation of clean signal from signal plus noise
subspace

Alternative Formulation
Minimize e subjectto e2< a
Solution — Modified Wiener Filter

Y. =[R, (R, +/mR,)"1Z




Performance Comparison

Clean signal

Noisy signd
Spectral subtraction
Signal subspace

*Source - [Ephraim and Van-Trees 1995]
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Signal Presence Uncertainty

Additive Noise model is not applicable in many cases
Speech contains intervals of pauses which contains only
noise

Need for an alternate model
H, — presence of signal
H, — absence of signal

Z,= ] Y,+W, underH,
W, under H,
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Multi-State Speech model

Extending the hypothesis testing problem with by adding
states
Include fricative, stop, vowel, glide and nasal sounds [Drucker]

Each state modeled as a special AR process with parameters
obtained by training

Generalized to Hidden Markov Models (HMM) [Ephraim,
Mallah 1989]
States are homogeneous Markov chain with M states
Observation conditionally independent given states
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MMSE Spectral Magnitude Estimation

Signal’ s spectral magnitude is compressed by human auditory system
Estimate the logarithm of spectral magnitude

Y

A~

- G()?tk’,\tk) i Gk ‘Ztk‘

min

where

Xy, IS apriori SNR and can be estimated using previous values of \ftk

g, Isthe aposteriori SNR obtained from signal values and estimate of noise
variance

gy ISthe signal presence probability and can be estimated using its previous
values

¥ - X

e
dx
X

G(x, )= XLﬂexp

X
X+l

- This set of equations result in an iterative algorithm [Y ephraim 1995]
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Non-Linear estimators

Y, = g(Z,)
For minimum M SE i
Y. =E( |£)

Minimizing MSE is equivalent to minimizing over g [Wan and Merwe 1999]
E{ (Zt B g(zt))z} + ZE(\Nt g(zt))
mmm) Noise Regularized Adaptive Filters (NRAF)

Aims in minimizing the modified cost function with respect to w

E{ (Zt - g(W7 Zt))z} T ZE(\Nt g(zt))
Standard Feed forward neural network used in obtaining the parameters
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Sample Results

Clean Signal | Additive | Signal in | Enhanced
Noises | Noise Signal

¢ ¢ ¢

Noise — Additive white stationary noise with SNR of 6dB
Enhanced with Noise Regularized Adaptive Filtering (NRAF)

* Data obtained from http://www.cslu.ogi.edu/nsel/demos/#




Spectrogram — White Noise 6dB
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Spectrogram — Colored Noise 5dB
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Summary

Linear estimation
Wiener filter with Correlation subtraction

Signal Subspace approach

MM SE Spectral magnitude estimation [ Y ephraim]

Signal presence uncertainty
Multi-state speech model

Non linear estimation
NRAF - Noise Regularized Adaptive Filtering
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Thank you!




