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Abstract

Neural networks can be used to identify and remove noise from the noisy speech spectrum
(denoising autoencoders). DAEs are typically implemented using a fully connected feed-forward
topology. Typically, one of the following possibilities is used as a DA target:an ideal frequency
contrast mask (mask) that is applied to the noise spectrum to estimate the clean speech spectrum,
directly (mapping) the clean speech spectrum. Recent work in the field of automatic speech
recognition shows that convolutional neural networks are very promising in speech modeling.
Therefore, in this abstract, it is recommended to build a DA using a convolution topology.
Investigate the suitability of the above two target types and compare the results to a fully connected
DA.Our experiments will show that mapping-based convolutional networks estimating log power
spectra achieve significant improvements for all competing topologies and target types. A
Considerable performance improvement will be observed on PESQ scores that exceed the ideal
percentage of masking. Our experiments show that language training DAES using diverse training
sets has no significant advantage in the task of speech emphasis. MATLAB R2018b along with Deep
Learning app’s are used to implement this.

Keywords: Denoising Autoencoders, Fully Connected Feed Forward Network, PESQ,
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Introduction

The goal of speech enhancement is to improve the quality and intelligibility of noisy speech
recordings. This problem has been widely studied for decades [1] [2]. Algorithms such as spectral
subtraction or minimum mean-square error short-time spectral amplitude (MMSE STSA) estimator
were proven to be successful in attenuating noise if the noise is approximately stationary and SNR
levels are not too low.

Several modern algorithms such as optimally modified log-spectral amplitude (OM-LSA) or
non-negative matrix factorization (NMF) achieve better results at the cost of higher
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computational complexity. Most of the aforementioned algorithms require some apriori
conditions to be met, such as periods without speech activity, where noise spectrum can be
estimated [3].

Fully Feed Forward Network

Artificial neural networks, as the name implies, are inspired from their biological coun-
terparts, the biological brain and the nervous system. Biological brain is entirely different than
the conventional digital computer in terms of its structure and the way it processes
information.In many ways, biological brain (or human brain as its most perfect example) is far
more advanced and superior to conventional computers.The most important distinc-tive feature
of a biological brain is its ability to “learn” and “adapt”, while a conventional computer does not
have such abilities.

Basic building block of neural networks is a “neuron”. A neuron can be perceived as a processing
unit. In a neural network, neurons are connected with each other through “synaptic weight”s, or
“weight”s in short. Each neuron in a network receives “weighted” information via these synaptic
connections from the neurons that it is connected to and produces an output by passing the weighted sum
of those input signals (either external inputs from the environment or the outputs of other neurons)
through an “activation function”.
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Figure 1: Forward Network
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Single layer feed-forward neural network

There are two main categories of network architectures depending on the type of the
connections between the neurons, “feed-forward neural networks” and “recurrent neural net-
works”. If there is no “feedback” from the outputs of the neurons towards the inputs through-out
the network, then the network is referred as a “feed-forward neural network”. Otherwise, if there
exists such a feedback, i.e. a synaptic connection from the outputs towards the inputs (either
their own inputs or the inputs of other neurons), then the network is called a “recurrent neural
network”.

Usually, neural networks are arranged in the form of “layer”s. Feed-forward neural net-
works fall into two categories depending on the number of the layers, either “single layer” or
“multi-layer”.Including the input layer, there are two layers in this structure. However, input
layer does not count because there is no computation performed in that layer. Input signals are
passed on to the output layer via the weights and the neurons in the output layer compute the
output signals.

In Figure, a multi-layer feed-forward neural network with one “hidden layer” is depicted. As opposed

to a single-layer network, there is (at least) one layer of “hidden neurons” between the input and output
layers.Existence of one or more hidden layers enable the network to extract higher-order statistics.In both
Figures networksare “fully connected” because every neuron in each layer is connected to every other
neuron in the next forward layer. If some of the synaptic connections were missing, the network would
be called as “partially connected”.

Nine Layer Model

Image input layer: An image input layer inputs 2-D images to a network and applies data
normalization.For 3-D image input, use image3dInputLayer [4].

Fully Connected Layer: A fully connected layer multiplies the input by a weight matrix and
then adds a bias vector.

Batch normalization layer :A batch normalization layer normalizes a mini-batch of data
across all observations for each channel independently. To speed up training of the
convolutional neural network and reduce the sensitivity to network initialization, use batch
normalization layers between convolutional layers and nonlinearities, such as ReLU lay-
ers.After normalization, the layer scales the input with a learnable scale factor gamma and shifts
it by a learnable offset beta.

Rectified Linear Unit (ReLU) :layer A ReLU layer performs a threshold operation to each
element of the input, where any value less than zero is set to zero.

Regression output layer : A regression layer computes the half-mean-squared-error loss for
regression tasks.

EXPERIMENTS AND RESULTS

Firstly we have divide the datasets [5] into three types.They are training,testing and validation.These
are divided into 70,20,10 percentages [6].From this we have train our model to our best
performances.Then we will finally conclude our model which best of them.
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Figure 2: Nine Layer Model

We have train our model firstly based on the datasets and then passed on the validation
sets.Then finally we will pass on the testing that we have to test.Based on the Perceptual
Evaluation of Speech Quality,log spectral distortion and Signal to noise ratio we will decide our
model.

The below figure shows about the clean speech,noisy speech and Fully Connected Layers of
time graphs.Based on we can come on conclusion that the clean speech and the Fully Connected
Layers are similar.

The above graph is about the RMSE and the losses.In the RMSE [7] we can three Epoch’s and at the
third Epoch the slope becomes zero this is the final point we have to reach,its approximately 5.From
these above results we will finalize the speech enhancement model.
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Figure 4: RMSE and LOSS
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Conclusion

In this paper we have experimented with fully connected netowrk in the role of a denoising
autoencoder for speech enhancement.Fully connected network provided superior performance when
measured with objective criteria (PESQ and LSD).In which the PESQ value should be maximun and
the LSD value should be minimum. In the future, we would like to explore the behaviour of Fully
Connected denoising autoencoders in more detail.
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