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Abstract

Speech enhancement plays a key role in many user-oriented audio applications like telecommunica-
tion, assistive hearing, speech recognition, etc. In speech enhancement, the task is to determine the
clean speech component from a noisy signal.

The forward process from clean speech to noisy speech is often well-defined, whereas the inverse
problem is ambiguous since several parameter sets can map to the same observation i.e., noise can
combine with clean speech in different ways to give the same noisy speech signal. In order to address
this uncertainty, it is necessary to determine the complete posterior parameter distribution, considering
the given measurement. One type of neural network that is particularly suitable for this purpose is
known as Invertible Neural Networks (INNs).

INNs focus on learning the forward process, using additional latent output variables to retain
crucial information which would have been lost otherwise, while implicitly learning a model of the
corresponding inverse process.

Standard ResNet architectures have been made invertible, enabling the same model to be utilized
for both generative and discriminative tasks. Invertible ResNets have been shown to perform com-
petitively with state-of-the-art (SOTA) image classifiers and flow based generative models. They also
bridge the performance gap between generative and discriminative approaches.

This work explores the possibility of leveraging the i-ResNets for speech enhancement task.
This is the first study investigating the applicability of i-ResNets for regression task in general, and
speech enhancement in particular, with promising results. The experiments and results on VoiceBank-

DEMAND dataset show that the performance is comparable with other related SE models.
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Chapter 1

Introduction

1.1 Introduction

The aim of any speech enhancement algorithm is to improve some perceptual aspects of speech, like
quality and intelligibility, which have been otherwise degraded by noise. The approach to tackling
the overall issue is highly dependent on the specific application, characteristics of the noise source,
the nature of the relationship (if any) between the noise and the clean signal, the number of available
microphones, etc. Much research has gone in the task of monaural speech enhancement, i.e., speech

recorded by a single microphone and it still remains an open problem.

Some of the scenarios in which it is desired to enhance speech include: voice communication over
cellular telephone systems which suffers from background noise present in street, car, restaurant, etc.
at the transmitter end; persons using hearing aids or cochlear implant devices communicating in noisy
conditions; teleconferencing system, present in a noisy environment, broadcasting to other locations
etc. Speech enhancement algorithms can be used to pre-process the noisy signal prior to amplification

or transmission in such cases.

One of the major issues in speech enhancement task is that noise can be non-stationary, such as
the restaurant noise. The spectral and temporal characteristics of non-stationary noise are constantly
changing. Also, it need not be additive but can combine with the clean speech signal via convolution

or any other non-linear function.

Different types of signal processing based speech enhancement techniques have been developed
in the past years such as spectral subtraction, Wiener filtering, minimum mean square error, etc
[11]. Many of these approaches to enhance single-channel speech signals are based on the short-

time Fourier transform (STFT).
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Figure 1.1: Basic speech enhancement framework in the Fourier domain

A general STFT-based speech enhancement procedure is presented in Figure 1.1. The classical
signal processing methods make assumptions on the nature of noise such as noise being additive
and correlated with the clean speech signal which is not the case in complex real-world scenarios.
They also tend to introduce additional noisy artefacts which is a major drawback of these traditional
techniques.

Neural network based methods, on the other hand, are purely data driven and do not make any
assumptions on the nature and characteristics of the noise or speech signal. Deep learning is a part
of machine learning that extensively leverages insights from the human brain, statistics, and applied
mathematics. In recent years, it has witnessed tremendous growth in its popularity and usefulness,
which can be attributed to advancements such as computers with more robust computing capabilities,
larger datasets, and techniques to effectively train deeper neural networks.

Deep learning methods have been shown to outperform the conventional speech enhancement
techniques. It is expected to lead to further improvements in terms of accuracy and intelligibility in

the future.



1.2 Motivation

Recently, deep neural network models have been shown to yield promising results on speech en-
hancement task. Several audio generation models that aim to estimate the distribution of the clean
speech signal have also been employed directly or with slight adjustments to perform speech en-
hancement, such as generative adversarial networks (GAN), autoregressive models, variational au-
toencoders (VAE), and flow-based models.

Traditional approaches typically involve discriminative methods in either the time-frequency (T-
F) domain or time domain to learn the mapping from noisy to clean signals. To solve the ill-posed
inverse problem of speech enhancement, it is proposed to use Invertible Neural Networks as a tool
and employ the most successful discriminative architecture ResNets as the backbone.

Invertible ResNets have demonstrated competitive performance compared to state-of-the-art im-
age classifiers and flow-based generative models, with a single architecture [2]. Consequently, this
leads to the assumption that the backbone architecture can be modified for regression tasks and en-

hancement of speech samples can also be performed.

1.3 Organization of the Thesis

The rest of this thesis is organized as follows: In Chapter 2, the literature survey consisting of different
state of the art techniques for speech enhancement is presented along with the problem formulation.
Further, in chapter 3, Invertible neural networks and the backbone architecture of ResNet and i-
ResNet is discussed. Chapter 4 presents the proposed model, the methodology and the evaluation
metric used. In Chapter 5, the experiments and results are discussed in depth. Finally, Chapter 6

includes the conclusion and scope of the future work of this thesis.



Chapter 2

Literature Review and Problem Formulation

2.1 Literature Review

Different types of signal processing based speech enhancement algorithms have been developed in the
past years. These algorithms can be divided into the following classes: spectral subtractive algorithms
[3], statistical-model based algorithms, like Wiener filtering [10] and minimum mean square error [4],

subspace algorithms [5], and binary mask algorithms.

Spectral subtraction technique is the simplest to implement. It estimates the power spectrum of
the noise and subtracts it from the observed noisy speech spectrum to enhance the speech signal.
The algorithm proposed by Boll [3] in the Fourier transform domain removes the spectral noise bias

calculated during non-speech activity to reduce stationary noise in speech.

In statistical-model based algorithms the objective is to determine a linear or nonlinear estimator
that can accurately estimate the parameter of interest, e.g., the transform coefficients of the clean
signal, given a set of measurements, say the Fourier transform coefficients of the noisy signal. The
Wiener filter is a popular method that estimates the clean speech signal by minimizing the mean-

square error between the noisy speech and the estimated speech.

Sub-space based methods exploit the fact that the clean speech and noise occupy different sub-
spaces. By estimating the signal and noise subspaces, they can separate and enhance the speech
components. Examples include principal component analysis (PCA), and independent component
analysis (ICA).

The binary mask algorithms counter the issue of improving speech intelligibility by applying bi-
nary gain functions or channel selection where the channels (bands/frequency bins) that satisfy a spe-
cific criteria are retained, while channels that fail to meet the criteria are discarded. The first instance

of how binary mask algorithms could enhance speech comprehension under monaural conditions was

4



described in [9].

Due to assumptions on the nature of the underlying noise, such as stationary noise, additive noise,
uncorrelated noise, most of these approaches often fail in the complex real-world scenarios. A major
drawback of these traditional techniques is the introduction of noisy artefacts in the enhanced signals
due to inaccurate spectrum estimation.

Increase in computing capabilities of the computer systems and the availability of large amount of
data prompted researchers to look into machine learning for solving the speech enhancement problem.
In [17] and [16], connectionist models and analysis of the neural network for noise reduction have
been described by Shin’ichi Tamura and Dr. Alex Waibel. One of the earliest application of machine
learning for speech enhancement, it is a four-layered feedforward neural network shown to learn the
mapping between the noisy and clean signal pairs correctly.

The authors in [19] proposed a regression-based speech enhancement framework using deep neu-
ral networks (DNNs) with a multiple-layer architecture, it was an improvement over existing SNN
and L-MMSE methods. The DNN based approach offers a strong modelling capability for estimating
the complicated nonlinear mapping from observed noisy speech to desired clean speech signals and
good generalization on account of a large training set, which might be further enhanced by utilising
more noise types in training.

Generative Adversarial Networks operating in time-domain have been used for speech enhance-
ment in [13]. Contrary to earlier works which used spectral domain and/or exploited some higher-level
feature, SEGAN processed raw speech and performed better than classic SE methods like Wiener fil-
tering.

EHNET has been proposed by Han Zhao et al in [20]. The model employed both convolutional
and recurrent neural network architectures to exploit local structures in both the spatial and temporal
domains. This combination resulted in a good trade-off between removing background noise and
preserving the real speech signals.

Based on the outstanding modeling capability of diffusion models on natural images and raw audio
waveforms, Yen-Ju Lu et al. proposed a diffusion probabilistic model-based speech enhancement

(DiffuSE) framework in order to recover clean speech from noisy data [12].



2.2 Problem Formulation

A particular class of neural networks called Invertible Neural Networks (INNs) is well suited for
solving the ambiguous inverse problems. Deep residual networks are one of the most successful
feed-forward architectures for discriminative learning but they are very different from their generative
counterparts. This divide makes it hard for discriminative tasks to benefit from unsupervised learning.
This gap can be bridged with a new class of architectures that perform well in both domains. For
instance, reversible networks which operate within the same model paradigm and have produced
competitive performance on discriminative and generative tasks independently [2]. Noisy to clean
speech signal mapping is inherently an inverse problem. So, speech enhancement has been formulated

as an inverse, regression based problem and i-ResNet has been utilised for its solution.



Chapter 3

Invertible Residual Networks

3.1 Introduction

Deep learning techniques are based on Neural Networks or Artificial Neural Networks (ANNs), which
are a subset of machine learning. ANNSs are computational models inspired by the structure and func-
tion of neurons found in the human brain. They consist of interconnected nodes, known as artificial
neurons or units, organized into layers. These layers typically include an input layer, one or more
hidden layers, and an output layer. The connections between neurons, called weights, determine the
strength of information flow within the network. Neural networks learn from input data by adjusting

these weights during the training process using backpropagation algorithms.

Hidden layers
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Figure 3.1: Architecture of multilayer ANN with error backpropagation [6].



A neural network with three or more layers qualifies as a deep neural network. Modern deep
learning models use tens or hundreds of successive layers to learn hierarchical representations of data.
Each layer in the network progressively extracts higher-level features from the input data, allowing
for more complex and abstract representations to be learned.

The power of neural networks lies in their ability to learn and generalize from large amounts of
data to learn and improve their accuracy over time.

Neural networks can be classified into different types, the most common types include: the percep-
tron, feedforward neural networks, or multi-layer perceptrons (MLPs), convolutional neural networks

(CNNss), recurrent neural networks (RNNs), generative adversarial networks (GANs) etc.

Convolutional Neural Networks: CNNs, or Convolutional Neural Networks, are a specialized type
of neural network architecture designed for processing and analyzing structured grid-like data, such
as images or time series data. The key feature of CNNs is their ability to automatically learn hier-
archical representations of input data through the use of convolutional layers. These layers consist
of multiple learnable filters or kernels that slide or convolve across the input data, extracting local
features or patterns. This allows CNNs to capture spatial and temporal relationships present in the
data.

CNN s typically comprised of multiple layers, including convolutional layers, pooling layers, and
fully connected layers. Convolutional layers perform the convolution operation to extract local fea-
tures, pooling layers downsample the feature maps to reduce computational complexity, and fully
connected layers connect the extracted features to the final output layer for classification or regres-
sion.

A number of variant CNN architectures have emerged, some of these include: AlexNet, VGGNet,

GoogleNet, ResNet, etc.



3.2 Invertible Neural Networks [1]

The term "Invertible Neural Networks" (INNs) refers to neural network architectures that are invert-
ible by design. They often have tractable algorithms to compute the inverse map and the Jacobian

determinant. INNs are bijective function approximators which have a forward mapping

Fo:RY—RY (3.1)
Xr—y (3.2)
and an inverse mapping
F;jliRY 5 RY (3.3)
yr—Xx 3.4)

INN can map both input data samples to targets and also recover the original input data samples from
the predictions, thus allowing for bijective mappings. An INN is expected to have the following three

properties:

1. Bijective mapping from inputs to outputs such that its inverse exists,
2. Efficiently computable forward and inverse mapping, and

3. Tractable Jacobian for both mappings to allow explicit computation of posterior probabilities.

INNs have many machine learning applications such as probabilistic modeling, generative mod-
eling, representation learning, feature extraction, and solving inverse problems.

The noise interacts with clean signal in different ways to generate noisy signal. Often, the forward
process is well-defined, whereas the inverse problem is ambiguous; parameter sets (clean speech,
noise) can interact additively, via convolutions or any other non linear function to result in noisy

measurement.

Forward mapping Inverse mapping

Figure 3.2: Ambiguity of Inverse problem



DNNss try to learn the mapping from noisy to clean which is the inverse problem. Their perfor-
mance is limited in real life noisy situations because real life noise need not be additive. To overcome
this limitation, we explore invertible neural networks which are well suited for solving inverse prob-
lems. Networks that are invertible by construction have the advantage that they can be trained on the
well-understood forward process x — y and the inverse process y — x can be implicitly obtained by
a backwards pass at the prediction time.

To compensate for the intrinsic information loss during the forward process, INN introduces ad-
ditional latent output variables z to retain the information about x that is not contained in y. Thus,
hidden parameter values x are associated with unique pairs [y, z] of observed measurements and
latent variables. During forward training, the mapping [y,z] = f(x) is optimised and its inverse
x = f~(y,z) = g(y,2) is implicitly determined. The density p(z) of the latent variables is modeled
as a Gaussian distribution. Thus, the INN provides the desired posterior p(x|y) by a deterministic
function x = g(y, z) that transforms the known distribution p(z) to x-space, conditioned on y.

INN differ from the standard approach in using a supervised loss exclusively for the well-defined
forward process x — y. On the other hand, an unsupervised loss (USL) is utilized to ensure that
the generated x adheres to the prior distribution p(x), and the latent variables z are made to follow a

Gaussian distribution, also by an unsupervised loss.

forward (simulation): x — ¥ forward (simulation): x — ¥
(R ——— ——
-
y wn
_. : @
aq X (Bayesian) NN Y 9 |X INN
Z|\ @
=
P —— e e e
— inverse (prediction): y - x T — inverse (sampling): [y,z] - x
Standard (Bayesian) Neural Network Invertible Neural Network

Figure 3.3: Abstract comparison of standard approach (left) and INN approach (right) [1]
By using invertible operations, INN allows the propagation of gradients through both the forward

and inverse path during training. This property is useful in tasks such as generative modeling and data

synthesis, where the ability to generate samples from learned distributions is required.
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3.3 Residual Neural Network [8]

ResNet is a deep learning model in which the weight layers are designed to learn residual functions
with reference to the layer inputs. It has a convolutional neural network (CNN) architecture designed
to support hundreds or thousands of convolutional layers. It is realized by feed-forward neural net-
works with “shortcut connections” to address the problem of vanishing gradient as the network gets
deeper. Shortcut connections in ResNets bypass one or more layers by performing identity mapping.

The outputs from these connections are then added to the outputs of the stacked layers.

34-layer plain 34-layer residual
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Figure 3.4: A plain network (left) and a residual network (right) with 34 parameter layers [8]
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The main building block of ResNet is the residual block. A residual block consists of multiple
convolutional layers, followed by batch normalization and ReLLU activation functions. There could

be two types of residual blocks: the identity block and the projection block.

* Identity block: It has the same input and output dimensions, and consists of two or three con-

volutional layers, with batch normalization and ReLLU activation applied after each convolution.

* Projection block: The input and output of the block have different dimensions. It includes a
convolutional layer with stride 2 to downsample the spatial dimensions of the input, followed
by batch normalization and ReLU activation. Downsampling helps in matching the dimensions

of the input and output for the skip connection.

weight layer

X
identity

Figure 3.5: A Residual Block [8]

Let F (x) be the underlying mapping to be fit by a number of stacked layers, with x being the
input to the first layer. We assume that if multiple nonlinear layers can asymptotically approximate
complicated functions, then it follows that they can gradually approximate the residual function, i.e.,
F (x) — x (assuming that the input and output have the same dimensions). So instead of approximating
F (x), we explicitly let these layers approximate a residual function G (x) = F (x) — x. The original
function then becomes F (x) = G (x) + x.

The degradation problem suggests that approximating identity mappings using multiple nonlinear
layers can be challenging. This reformulation affects the ease of learning as optimizing the residual
mapping is easier than optimizing the original, unreferenced mapping. With the residual learning
reformulation, if identity mappings are optimal, simply reducing the weights of the multiple nonlinear

layers to zero will result in achieving identity mappings.

12



3.4 Invertible Residual Network [2]

Simple modifications in the standard ResNet architectures make them invertible. Invertible ResNets
(i-ResNets) can be constructed by simply changing the normalization scheme of standard ResNets by
adding a simple normalization step during training, already available in standard frameworks. This
enables unconstrained architectures for each residual block, with the condition that the Lipschitz con-
stant is smaller than one for each block. Using the remarkable similarity between ResNet architectures

and Euler’s method for ODE initial value problem

Xip1 < X+ 8o, (x1) (3.5)
X1 < X+ hie, () (3.6)

where x; € RY represent states, t represents layer indices or time, h > 0 is a step size, and ge, 1s a
residual block. By Picard’s Existence and Uniqueness Theorem for first order differential equations,
if the function fg, is Lipschitz continuous then the solution to ODE exists and is unique [7].

Layers of i-ResNet can be interpreted as a discretization of ordinary differential equation

Xi+1— Xt = 8o, (%) (3.7

d.xl‘ T XH_& _xl‘

dt 550 & = 86,(x) (3-8)

Solving the dynamics in (3.5), (3.6) backwards in time gives the implicit backward Euler dis-

cretization and would result in an implementation of an inverse for the corresponding ResNet.
X < Xt+1 — 86, (xt> (3.9

% X1 — hfe, (x) (3.10)

Sufficient condition: Let Fp : RY — RY with Fy = (Fel 0..0 FeT ) denote a ResNet with blocks

F}y = I+ Gg,. Then, the ResNet Fy is invertible if
Lip(Ge,) < 1, G.11)

forallt=1,..., T, where Lip(Gy,) is the Lipschitz-constant of Gy,

This condition is sufficient but not necessary for invertibility.

13



Let F(x) = G(x) +x be the output from a residual layer and initialise y:=F(x), then inverse of
i-ResNet can be obtained via fixed-point iteration:

Algorithm 1. Inverse of i-ResNet layer via fixed-point iteration.

Input: output from residual layer y. contractive residual
block g, number of fixed-point iterations n

Init: 27 =y
for: =10

pitl.—

end for

Figure 3.6: Algorithm for Inverse of i-ResNet layer [2]

Lipschitz constants: Let F(x) = G(x) +x with Lip(G) = L < 1 denote the residual layer. Then,
it holds

Lip(F)<14L
and

(3.12)
el 1
Lip(F™) < —

3.13

T—1 (3.13)
Hence, stability is guaranteed by design in invertible ResNets for both the forward and inverse map-
ping.

Residual blocks are implemented as a composition of contractive nonlinearities ¢ (e.g. ReLU,

ELU, tanh) and linear mappings. They show excellent performance in both discriminative and gener-

ative modeling, with one unified architecture. Using i-ResNets for tasks which require invertibility or
semi-supervised learning is a promising approach.

Standard ResNet Invertible ResNet
Output QOutput

Depth

Input Input

Figure 3.7: Standard residual network (left) and invertible residual network (right) [2]
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3.5 Generative Modeling with i-ResNets [2]

Generative models differ from discriminative models in that instead of learning direct mappings from
noisy to corresponding clean speech target data, they aim at learning the inherent properties of speech,
such as its spectral and temporal structure, by learning a prior distribution over clean speech samples.

This knowledge about the prior is used to make inferences about clean samples given noisy signals
that may even lie outside the learned distribution.

The i-ResNet offers a key advantage in designing models that can learn the underlying distribution
of a given dataset and generate new samples from that learned distribution because of its ability to
perform exact likelihood estimation.

To define a simple generative model for data x € RY, first z ~ p.(z) is sampled where z € R then
x is defined as x = ¢ (z) for some function ¢ : RY — R, If ¢ is invertible and F = ¢!, then the

likelihood of any x under this model can be computed using the change of variables formula

pa(2) = pe(a)lden( 22 G.14)
Inpy(x) =Inp,(z) +1In|detJr(x)| (3.15)

where Jr(x) is the Jacobian of F evaluated at x. Since i-ResNets are guaranteed to be invertible, they

can be used to parameterize F in Equation (3.15). For z = F(x) = (I + G)(x), it becomes

Inpy(x) =Inp,(z) +tr(In(+Jg(x))) (3.16)

The trace of the matrix logarithm can be expressed as a power series

> tr(
tr(In(I + Jg(x) ; 1)<+l k) (3.17)

which converges if || Jg ||2< 1.
The log-determinant can therefore be computed using the aforementioned power series with guar-

anteed convergence due to the Lipschitz constraint.
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The log-determinant in Equation (3.16) is estimated using the power-series approximation (Equa-

tion (3.17)) with the following algorithm:

Algorithm 2. Forward pass of an invertible ResNets with Lipschitz
constraint and log-determinant approximation, SN denotes spectral
normalization.
Input: data point z, network I, residual block g, number
of power series terms 7
for Each residual block do
Lip constraint: W; := SN(W;, z) for linear Layer ;.
Draw v from N (0, 1)
wT =T
Indet :=0
for k. = 1tondo
wl = w? Jg4 (vector-Jacobian product)
Indet := Indet +(—1)*1w? v/k
end for
end for

Figure 3.8: Algorithm for log-determinant approximation [2]
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Chapter 4

Methodology

4.1 Dataset

The dataset used in this work, Voice-Bank DEMAND dataset [18], is made publicly available by C.
Valentini-Botinhao at the Centre for Speech Technology Research (CSTR), School of Informatics,
University of Edinburgh. The dataset is freely available for download at https://datashare.ed.
ac.uk/handle/10283/2791.

The dataset contains clean and corresponding noisy speech audio files of 30 speakers, 14 males
and 14 females. A training set containing 28 speakers and a testing set containing 2 speakers were
created. In the training set, the utterances were mixed with eight real-world noise samples sourced
from the DEMAND database, available here: http://parole.loria.fr/DEMAND/ and two artifi-
cial samples (babble and speech-shaped) at signal-to-noise ratio (SNR) levels of 0, 5, 10, and 15 dB to
create 40 different noisy conditions. For the testing set, the utterances were mixed with five different
noise samples at SNR values of 2.5, 7.5, 12.5, and 17.5 dB, resulting in a total of 20 different noisy
conditions.

The database was created in order to train and test speech enhancement methods. The speech
database was obtained from the CSTR VCTK Corpus, which is accessible at https://doi.org/10.
7488/ds/1994. The speech-shaped and babble noise files that were used in this dataset can be found
here: http://homepages.inf.ed.ac.uk/cvbotinh/se/noises/.

To enable the application of the PESQ (Perceptual Evaluation of Speech Quality) metric for eval-

uation purposes, all of the utterances in the dataset were resampled to a sampling rate of 16 kHz.
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4.2 Pre- and Post- Processing

Pre-processing refers to the steps taken to prepare raw data for further analysis. It involves cleaning,
transforming, and representing data in a format that is suitable for further operations by the proposed
model. Post-processing steps are taken on the outputs after applying the SE Model to derive mean-
ingful insights, apply evaluation metric, or present the results in a more understandable form.

The model operates on time-frequency (T-F) domain spectral features. So, the following process-

ing steps are performed on the data for suitable data representation and domain transformations:

Audio Signal

STFT

Magnitude Spectral Features

Normalization

SE Model

Griffin Lim Algorithm/ISTFT

Reconstructed Audio Signal

PESQ Evaluation

Figure 4.1: Flow Chart

* Raw data
Audio signal waveforms (.wav files) of 2 or more seconds, recorded by a single microphone, are
taken and resampled to 16 kHz sampling rate. The low-pass filter width parameter is employed
to regulate the filter’s width for windowing the interpolation process otherwise the filter would
extends infinitely. Increasing the low-pass filter width results in a sharper and more precise

filter, but is more computationally expensive.
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 STFT
STFT stands for Short-Time Fourier Transform. It is a commonly used signal processing tech-
nique that provides a time-frequency representation of a signal by computing the Fourier trans-
form of a windowed section of the signal at successive time frames. It is calculated by dividing
the signal into small segments, usually with a fixed duration, and applying the Fourier transform
to each segment. This windowed Fourier transform reveals the frequency components present
in the signal at that specific time frame. By sliding the window along the signal and repeating

the process, a spectrogram or time-frequency representation can be obtained.

The resampled audio signals of speech dataset are transformed using a short-time Fourier Trans-
form (STFT) with a window size of 510, a hop length of 128, and a Hann window to obtain the

complex-valued STFT coefficients matrix.

* Magnitude Spectral Features
The magnitude spectrum features are extracted as a sequence of 256 STFT frames and 256
frequency bins from the complex STFT coefficients, which are further normalized and fed to

the model.

* Normalization
The inputs fed to the model is in the form of a single channel 256 X 256 matrix (tensor) nor-

malized with the mean and standard deviation as:

(input - mean)

output = “4.1)

standard deviation

* SE Model
The proposed model performs the speech enhancement task and gives the predicted clean output

as magnitude spectral features.

 Griffin Lim Algorithm
The Griffin-Lim algorithm is applied on the output of the model to retreive the audio signals
back. It is an iterative algorithm used for phase retrieval in audio signal processing. The goal
of the algorithm is to reconstruct the time-domain signal from its magnitude spectrogram, as-

suming that the phase information is lost or unavailable.
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The algorithm involves the following steps:
a. Starting with the magnitude spectrogram of the signal, obtained through STFT, initialize the

phase spectrogram randomly or with some initial guess.

b. Reconstruct the time-domain signal by applying the ISTFT to the magnitude spectrogram

and the estimated phase spectrogram.

c. Compute the STFT of the reconstructed signal to obtain a new estimate of the phase spectro-

gram.

d. Update the estimated phase spectrogram by taking the phase of the newly computed spectro-

gram.

Above three steps are iterated for a fixed number of iterations or until convergence. Once the
iterations are complete, the final reconstructed time-domain signal is obtained by applying the

ISTFT to the magnitude spectrogram and the last estimated phase spectrogram.

PESQ
Perceptual Evaluation of Speech Quality (PESQ) metric is applied on the reconstructed audio
signal and the target clean signal to evaluate and compare the performance of the proposed

model.
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4.3 Model

4.3.1 Architecture

The proposed model includes pre-activation ResNets with 13 convolutional bottleneck blocks, where
each block comprises three convolutional layers each preceded by ELU non-linearity. The kernel
sizes used within these blocks are 3x3, 1x1, and 3x3, respectively. For normalization, ActNorm is

applied before each residual block in the invertible models.

3 x 3 conv

+ clu

1x 1 conv

# elu

3 x3conv

y=F0) +x

Figure 4.2: Residual block

Each residual block in an i-ResNet is made up of two paths: a forward path and a backward path.
The forward path uses skip connections in the same manner as the conventional ResNet to perform
the standard convolutional operations.

Let F(x) be the invertible bottleneck block, x be the input to the first layer, then the output of

forward path of residual block is given as
y=F(x)+x (4.2)

The goal of the backward or inverse path is to invert the computations of the forward path in order to

recover the original input. The ResNet block is inverted simply by

x=y—F(x) 4.3)
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Figure 4.3 depicts the proposed framework for speech enhancement. The forward path maps the
clean speech to noisy speech and the inverse path learns the noisy to clean mapping implicitly during

training.

—— = Forward path "
—— = Inverse path ' i

Clean Audio

n-invertible blocks

Invertible Network 1564

elu
3,32
el

Y,

v
1x1,32
E

k-

\

=

1x1,32
T

N T

33,32

Bidirectional Training

Figure 4.3: Proposed Speech Enhancement Framework

The clean audio input files are transformed to T-F domain using STFT and fed to the i-ResNet after
preprocessing. The model transform the data to a predicted output tensor to which we apply Batch-
Norm, and a nonlinearity. MSE loss between the predicted and target samples is used for training the
model.

The architecture of the generative models closely resembles that of Glow. The model consists of
three “scale-blocks” which are groups of i-ResNet blocks. Each scale-block has 16 i-ResNet blocks
with 512 filters per convolutional layer. The log-determinant is estimated using the power-series
approximation with five terms.

Loss used in training density estimation model is in Bits per dim calculated as:
bits/dim = —log px(x)/log(2) x no.of pixels+ 8 4.4)

wherelog p.(x) =log p,(z) +trace 4.5)
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Tables 4.1 and 4.2 list the hyper-parameters used in the discriminative and generatice network

architectures respectively.

Blocks 13
Channels 32

Lipschitz coefficient | 0.7

Learning rate 0.1

Weight decay Se-4
Non-linearity elu

Optimizer momentum sgd
Normalization actnorm

Table 4.1: Hyper-parameters used in training dicriminative model

Blocks 16
Channels 512

Lipschitz coefficient | 0.7

Learning rate 0.003
Non-linearity elu
Optimizer adamax
Power series term 5

Table 4.2: Hyper-parameters used in training generative model
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4.3.2 Normalization

Normalization in neural networks refers to the process of transforming the inputs or activations of a
neural network layer to a standardized scale or distribution so as to make the network more robust, im-
prove convergence during training, and facilitate better generalization. It can help accelerate training,

reduce overfitting, and improve the overall performance of neural networks.

* Activation Normalization

ActNorm, short for Activation Normalization, is a technique used in deep learning models to
normalize the activations of neural network layers. The goal of ActNorm is to ensure that the

activations of the network layers are centered around zero with unit variance.

The ActNorm follows two steps:

1. Inmitialization: The network layer is initialized such that its activations have zero mean

and unit variance.

2. Activation Rescaling: During the forward pass of the network, the activations are rescaled
to maintain zero mean and unit variance. This rescaling is applied element-wise to each

activation independently.

* Batch Normalization

Batch normalization (BatchNorm) aims to address the internal covariate shift problem, which
refers to the phenomenon where the distribution of inputs to each layer of a network changes

during training, making it challenging for the network to learn effectively.

The basic idea behind batch normalization is to normalize the inputs to a layer by subtracting the
batch mean and dividing by the batch standard deviation. This process is applied independently
to each feature dimension of the layer’s input. The normalization is performed over a mini-batch

of training examples, hence the name "batch" normalization.
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4.3.3 Choice of Activation Function

The choice of non-linearity depends on the specific problem and architecture. In the proposed model
second derivatives of the network output are computed to differentiate the log-determinant estimator.
These values are not determined in some locations if a non-linearity with discontinuous derivatives
(such as ReLLU) is used. Activation functions with continuous derivatives, such as ELU or softplus

are desirable, to ensure that the quantities necessary for optimisation always exist.

e ReLLU
Rectified Linear Unit, sometimes known as ReLLU, is a non-linear activation function commonly
used in artificial neural networks. The function and its derivative both are monotonic. It has a

range from O to infinity and is defined as:

0, forx<O.
flx) = (4.6)

x, forx>0.
ReLU accepts the value x as an input and returns the maximum of that value and zero. It returns

the input value itself if the input is positive, and returns O if the input is negative.

f(x) &

5 4

Figure 4.4: ReLU Activation Function

« ELU
An Exponential Linear Unit activation function takes an input x and performs identity operation

if it 1s positive, and an exponential non-linearity if the input is negative. It is defined as:

o(e*—1), forx<O
fx) = 4.7)
X, forx >0
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ELU has the property of being differentiable everywhere, which is important for efficient

gradient-based optimization algorithms.

fix) &

4F

ol J

Figure 4.5: ELU Activation Function
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4.3.4 Choice of Optimizer

An optimizer is an algorithm used to adjust the parameters of the model during the training process in
order to minimize the loss function and improve the model’s performance. The goal of an optimizer
is to find the set of parameter values that result in the lowest possible value of the loss function. The

proposed model uses the following optimizers after empirical evaluations:

* Adamax
Adamax is a variant of the Adam optimizer applied to models with sparse gradients or large
parameter spaces. It uses momentum to keep track of the exponentially decaying average of
past gradients and adapts the learning rate for each parameter based on the infinity norm of past
gradients. By using the infinity norm instead of the L2 norm as in Adam, Adamax reduces the

effect of scaling on the update step computation, allowing for more stable training.

* Stochastic Gradient Descent with momentum
This optimizer builds upon the basic SGD algorithm by incorporating a momentum term that
helps to dampen oscillations and accelerate gradient updates in relevant directions. The mo-
mentum term enables the optimizer to increase velocity in the direction of consistent gradients
and reduce the updates in directions where the gradients change rapidly or oscillate. This helps
to accelerate convergence and smooth out the optimization path, leading to faster training and

potentially better generalization.
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4.4 Evaluation Metric

4.4.1 MSE Loss

It is a metric that quantifies the mean squared error, also known as the squared L2 norm, between
each element in the predicted output y and target y. MSE loss between the predicted and target noisy
speech is used during the training of the proposed model.

n

1
MSE = — Y i—9)? (4.8)
i=1

The MSE loss function is often used as the optimization objective in regression problems when
the goal is to minimize the average squared difference between predictions and actual values. It is

differentiable and convex, making it well-suited for optimization algorithms such as gradient descent.

44.2 PESQ

PESQ stands for Perceptual Evaluation of Speech Quality. It is a widely used objective method for
measuring the perceived quality of speech signals. PESQ is a full reference algorithm which assesses
the degradation of speech quality caused by various factors such as noise, distortion, and network
transmission issues.

PESQ is often used in telecommunications and audio processing industries to evaluate the perfor-
mance of speech codecs, communication networks, and other speech processing algorithms [14]. It
provides a numerical score, called the PESQ score, which indicates the perceived quality of the speech
signal. The score ranges from -0.5 to 4.5, higher the PESQ value the better is perceived quality.

PESQ works by comparing the reference (original) speech signal with the degraded speech signal
using a model of human hearing. It takes into account factors like speech distortion, delay, and noise

to calculate the score.
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Chapter 5

Results and Discussion

The invertibility of the proposed i-ResNet models is verified on Voice-Bank DEMAND dataset. It’s
predictive ability on regression task is also investigated. Further, utilization of i-ResNet as generative
model is studied.

The models are trained on NVIDIA Tesla T4 using Google Colab in PyTorch [15]. MSE and bits
per dim loss vlaues are used for training the dicriminative and generative models respectively. The
proposed model performs enhancement in the time-frequency domain.

The standardized evaluation metric for performance comparison, perceptual evaluation of speech
quality (PESQ) is reported.

Initial experiments are performed on 3-channel RGB spectrogram images, then single channel

magnitude spectral coefficients of STFT matrix are used to facilitate application of PESQ algorithm.

5.1 Training Results

In this work, the proposed iResNet model is trained for 100 epochs with momentum SGD and a
weight decay of 5e-4 on approximately one hour of Voice-Bank DEMAND dataset. The learning rate
is set to 0.1 and decayed by a factor of 0.2 after 60 epochs.

The training set consists of approximately 40 minutes of clean and corresponding noisy speech
data, 1200 utterances of 2 seconds each, sampled at 16kHz.

The input to our first residual block is a tensor of size 256x256x1 obtained from the STFT matrix.
For data-augmentation, random horizontal flips are applied during training.

The inputs are normalized by subtracting the mean and dividing by the standard deviation of the

training set.
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The mean squared error of the network during training is shown in the following figure to illustrate

that the output of the network converges to the desired target and learning is done successfully.
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Figure 5.1: MSE loss v/s No. of epochs

The training versus validation loss of a subset of dataset is also shown in the figure:
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Figure 5.2: Training v/s Validation Loss
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The density estimation model is trained for 50 epochs using the Adamax optimizer with a learning
rate of 0.003 as per the log-determinant approximation (Algorithm 2 described in Chapter 3). The log
determinant is estimated using the power-series approximation with five terms for the model during
training.

The bits per dimension error of the network during training is shown in the following figure, lower

values indicate better system performance.
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Figure 5.3: Bits per dim v/s No. of epochs

From the Figure 5.3 (a), it can be observed that the loss is converging slowly so the model is
optimized by tweaking the hyper-parameters to obtain the same loss at the end of 1/3rd the number
of epochs as shown in Figure 5.3 (b).

While the proposed dE model did not perform as well, it is noteworthy that ResNets, with very
little alterations, can build a generative model. The use of an unbiased log-determinant estimator can

help improve the performance [2]
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5.2 Testing Results

The test set consists of approximately 20 minutes of unseen noisy speech data, around 500 utterances

of 2 seconds each, sampled at 16kHz. The best model is saved based on the minimum loss after

training, and tested on the test dataset.
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Figure 5.4: Spectrograms of an utterance sample

Figure 5.4 shows the spectrograms of one of the utterance sample with the original clean speech

spectrogram in (a) and the corresponding reconstructed spectrogram from the inverse path in (b), noisy

speech spectrogram and the enhanced clean spectrogram are displayed in (c) and (d) respectively. It

can be noted from the Figure 5.4 (b) that the 1-ResNet is invertible and gives perfect reconstruction of

the input samples.
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5.2.1 PESQ evaluation

The PESQ metric is applied on the predicted output i.e., enhanced speech signals from the noisy test

set in mismatched noisy conditions. The PESQ score ranges from -0.5 to 4.5, with higher values

indicating better perceived quality.

Evaluation results and comparison of iResNet model based on PESQ values with others on Voice-

Bank corpus is presented in the following table:

Model PESQ
SEGAN 2.16
1-ResNet 1.71
DiffuSE (Base) | 1.97

Table 5.1: PESQ results among SEGAN, i-ResNet and DiffuSE on the test set

The PESQ values for SEGAN and DiffuSE (Base) have been quoted from [12] in the above table.
It can be observed from the Table 5.1 that though the proposed model is yet to achieve the best overall

results, it is comparable with other SOTA methods of speech enhancement and can be improved

upon.
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Chapter 6

Conclusions and Future Works

6.1 Conclusions

Modern speech enhancement techniques often combine multiple approaches and incorporate deep
learning methods, utilizing their ability to learn complex mappings between noisy and clean speech
signals.

This thesis examines the performance of i-ResNet model, which combines the principles of in-
vertible mappings with residual connections, for speech enhancement task. The proposed model is
the first application of iResNet for a regression problem, i.e., speech enhancement. It also presents an
approach to close the gap between generative and discriminative models for regression by utilizing
one unified architecture for both.

Evaluations on Voice-Bank DEMAND dataset show that the performance is comparable to other
methods and can be further improved by advanced training losses and data augmentation. Many
facets of the model remain unexplored, and many early design choices remain unaltered [2]. The loss

function, and waveform synthesizer based on Griffin-Lim both have room for improvement.
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6.2 Future Works

The scope for the future work can be summarized as follows:

* Phase information of the noisy signal can be retained and used in ISTFT evaluations rather than

using the Griffin Lim algorithm.

* Instead of using the magnitude spectral features, complex-valued STFT inputs for combined
magnitude and phase enhancement can be used so that phase information is also utilized in

enhancement.

* In order to improve the proposed model better loss functions more relevant to human auditory

perception can be explored.

* Other relevant evaluation metrics can be employed as well as subjective listening experiments

can be carried out for qualitative evaluation.
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