A Simple Overview of Monaural
Speech Enhancement

——focusing on the case of additive independent noise
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* the noise is additive and independent of the clean speech
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s(k)=f(s(k=1),,s(k—=K),w)+v(k)
v(ik)=s(k)+n(k)
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 Spectral Subtraction/Filtering Techniques
e Spectral Subtraction (SS)
* Wiener filtering
* Kalman Filtering

 Signal Subspace approach

* Neural Network Based Techniques



Spectral Subtraction (SS)
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: Speech and noise are assumed to be uncorrelated
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Spectral Subtraction (SS)
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e Spectral Subtraction With Oversubtraction Model

* Non-Linear Spectral Subtraction



Spectral Subtraction (SS)

e Spectral Subtraction With Oversubtraction Model

e S(w)* = {IY(W)I2 —a|N(w)[" if [Y (w)* = [N()[* > BIN(w)]?
« B IR B|N(w)|? otherwise

* Non-Linear Spectral Subtraction
 ®is a non-liner function
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Wiener filtering %I . ]—)y=§
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Kalman filtering
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Extended Kalman filtering

S(k]=f(s(k—l),---,s(k—K)?w)-I-V(k)
(k) =s(k)+n (k)
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Signal Subspace approach
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* Assuming the signal and noise are stationary
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* Decompose the vector space of the noisy signal into a signal-plusnoise subspace and a noise subspace.

* Enhancement is performed by removing the noise subspace and estimating the clean signal from the

remaining signal subspace.
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Neural Network Based Approaches

* Neural Networks as nonlinear filters mapping the noisy speech to clean speech in the time
domain or in different domains

e A time variant model can be achieved by creating different fixed models for corresponding
dynamical regimes of the signals and switching between these models during the speech

enhancement process.
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 availability of a clean speech training set

* additive noise (non-stationary)
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* the input and output of the network is given by the waveform itself,

the units on the output and input layers are all linear units

. . J-th unit's output = f( Z w(7,t)o(i) +6()) ),
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Learning by Error Back-Propagation —
flx)=1/(1+ exp(-x)) is the sigmoid function,
- t‘}l;_Jl"].}tll'lel biﬂs valuii: {;_Fj-thttjjinit alr'.d

w(j,i), the link weight from the i-th unit to
* b'ﬁ}% IZF—:I the j-th unit

* Attenuates many high frequency components in the actual speech



Input layer
Hidden layer

Speech Signal Restoration Using an Optimal
Neural Network Structure
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* Select the optimal coniplexity of the network structure so that the network can remove the noise

without distorting the original speech signal
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* Use a feedforward neural network with one hidden layer as a nonlinear predictive filter.

* The hyperbolic tangent functions are used as the nonlinear transfer function of the hidden nodes and

the transfer function of the output layer node is linear.

* Apply the Predictive Minimum Description Length (PMDL) principle to determine the optimal number

of input and hidden nodes.



NPHMM Neural Predictive Hidden Markov Model
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e the nonlinear and nonstationarity nature of speech
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« NPHMM is a nonlinear autoregressive process whose time-varying parameters are controlled by a

hidden markov chain, speech is the output of a NPHMM.

* Given some speech data for training, the parameter of NPHMM is estimated by a learning algorithm
based on the combination of Baum-Welch algorithm and a neural network learning algorithm using the

back propagation algorithm.

* The Extendend Kalman Filter (EKF) technique, involving an autoregressive model for each class, can be

used to provide the maximum-likelihood estimation for speech.



Denoise Auto Encoder
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DO NOT require any such apriori conditions to be met when applying the enhancement
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* Use a deep neural network (DNN) with multiple layers of fully connected neurons
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* Estimate the masks that give the desired clean speech spectra after multiplying the noisy spectra
(masking)

» Estimate clean speech spectra directly (mapping)
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* CDAE

* the use of a convolutional neural network (CNN) as a convolutional denoising autoencoder



Other NN Based Approaches

RNPHMM(Recurrent Neural Predictive Hidden Markov Model)

* The nonlinear prediction model is based on a Recurrent Neural Network

* The unknown parameters are estimated by a learning algorithm derived from the Baum-Welch and RNN

back-propagation algorithms

Employing time delay neural network for Mel-scaled spectral estimation

Multi-layer perceptron (MLP) neural network estimate the log spectra of speech

Dual EKF
* A neural network based time-domain method removing nonstationary and colored noise from speech.

* the availability of only the noisy signal



