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Abstract - Synthesizing speech using machines has been a long term goal of research for decades now. With the recent 

boom in artificial neural networks, Text-To-Speech synthesis has attained dimensions that were unimaginable before. 
However, to harness this state-of-art quality of synthesized speech, one can’t ignore the massive amount of computational 
cost that follows. This paper presents a twofold approach of first synthesizing the speech using MATLAB, along with the 
required Microsoft SAPI dependencies. The framework developed can recognize the character text and store it in the form of 
a text file, which later serves as an input to the MATLAB program which uses the Microsoft SAPI libraries  to convert text 
into speech utterances. The later part of the paper is concerned with a more intelligible neural network framework, i.e., 
Google’s Tacotron which has been re-implemented using Tensorflow to understand the margin of differences in the output. 
For the purpose of comparing the output, the MOS (Mean Opinion Scores) of the methodologies used to conclude our result. 
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I. INTRODUCTION 

 

Speech synthesis, or Text-To-Speech Synthesis as we 

call it, is the process of simulating human speech with 

the long term objective of enhancing the human to 

machine communication. Mathematically, it can be 

understood as a sequence to sequence mapping from 

discrete to continuous domain. Fundamentally, the 

two parameters describing the merits of synthesized 
speech are intelligibility and naturalness. By 

intelligibility, one means that the produced speech 

output should be understandable enough so that the 

content of the transmitted information is conveyed 

efficiently. On the other hand, by naturalness of 

speech, it is implied that the output waveform should 

be as close as possible to the human speech, if not 

transcend it. Naturalness in speech can be achieved 

by incorporating the various audible changes in pitch, 

rhythm and syllabic length of speech components. 

With the advent of technology surging various 
spheres of speech processing, researchers have been 

offered a lot on plate to expand their frontier. And 

they seem to have done their job well given the 

amount of upheaval the speech synthesis scenario has 

witnessed of late. However, generating speech 

waveform from text has its own challenges. The text 

to phoneme conversion, being a crucial step in many 

techniques needs to have efficient sets of rules and 

their exceptions in order to produce correct 

pronunciation and prosody of synthesized speech. 

Also, significant efforts are required to keep the 

context of the speech intact. Thus, a basic knowledge 
of linguistics and phonetics of the concerned 

language would come in handy. To deal with such 

shortcomings, the HMM based speech synthesis was 

introduced. The method basically describes speech 

using parameters, rather than stored exemplars. This 

drastically reduced the memory requirements, leading 

to smaller footprint. Flexibility and robustness were 

some of its key attributes. Despite the popularity, the 

quality of synthesized speech is not up to the mark 

owing to vocoder parameters and modeling accuracy 

of the module. The recent times have however seen a 

paradigm shift in the scenario owing to the artificial 

neural networks. From Wavenet to Google’s 

Tacotron, speech synthesis techniques have advanced 

drastically leveraging on neural networks, but at a 

very heavy computational cost. 
This paper can thus be seen as an attempt to study 

this tradeoff between synthesized speech quality and 

computational cost incurred therein. MATLAB 

software has been used to implement the first phase 

of the project, whereas for the second part, Google’s 

Tacotron has been re-implemented to compare the 

results. 

 

II. RELATED WORK 

 

In the present state of affairs, one can easily 
categorize speech synthesizing techniques in two 

major halves namely, the rule based speech synthesis 

and data driven speech synthesis. Where on one hand, 

rule based speech synthesis work in accordance with 

a set of standard rules to produce speech waveform, 

on the other hand we have the data driven speech 

synthesis, which as the name suggests, largely 

operates on several hours of recorded datasets. As a 

result, the later technique outperforms the former in 

terms of naturalness as the datasets are very human. 

However, this doesn’t guarantee a better intelligibility 

though, which only a set of standardized rules can 
deliver. The major categories of rule based speech 

synthesis include formant synthesis and articulatory 

synthesis. The formant synthesis largely tries to 

mimic the human vocal tract model, with decent 

precision by simulating formant frequencies and 

amplitudes. The articulatory synthesis is a notch 

higher as it tries to model the entire human articulator 
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behavior directly, thereby making it the most difficult 

yet most satisfying techniques of the lot. However the 
results can be worst if the modeling isn’t accurate. 

Under the data driven speech synthesis, we mainly 

have the concatenative synthesis, unit selection 

synthesis and the HMM synthesis. Concatenative 

synthesis is a very popular technique and an 

intelligible one too. It is nothing but concatenating or 

amalgamation of various units in sequence to form a 

feasible speech waveform. The longer the selected 

units, better the speech quality. Unit selection 

synthesis is an improved version of the concatenative 

synthesis, with more than one instances of most 

probable unit to be selected. The concerned unit is 
selected keeping in mind the target cost and the 

concatenation cost. At a time when researchers were 

struggling with these techniques, a fresh wave of 

HMM based synthesis came to their rescue. It dealt 

away with the shortcomings of concatenative 

synthesis mainly by cutting down the amount of data 

it required. The quality was however inferior to the 

unit selection synthesis, but the other factors certainly 

pull up the HMM based speech synthesis. And with 

the recent rise in the popularity of machine learning, 

an altogether different dimension of synthesis has 
come into play. 

 

III. METHODOLOGY 

 

The first phase of the project is run on the MATLAB 

2014 version framework. The entire project can be 

categorized into two subsequent halves: (1) Image to 

text conversion (2) Text to speech conversion. For 

this purpose, an artificial neural network is created 

that shall act as a classifier. The network used here is 

the feed forward neural network with an input layer, 

two hidden layers and an output layer. The network is 
trained on several character datasets thereby enabling 

it to recognize any input character fed to it. Once the 

training process is completed, a trained neural 

network is attained. Now whenever the user inputs 

any text to the program, this is compared with our 

trained neural network and matched accordingly. As a 

result, a voice message is expected on successful 

matching of the text characters. This voice message is 

obtained using the TTS module of the program. 

For the TTS module, we initialize our function with 4 

set of arguments namely, text, voice, pace and 
sampling frequency. After this, once it is confirmed 

that SAPI exists, the program is directed to the next 

consequent step of checking for input string. The 

Speech Application Programming Interface or SAPI, 

which is nothing but an API developed to facilitate 

the use of speech recognition and speech synthesis 

within Windows applications. Technically, the 

Microsoft’s SAPI works as a narrator by lending its 

voice database for the text to speech conversion. 

Additionally, all these APIs come in handy for 

software developers intending to work around with 

speech synthesis and recognition using some standard 

set of interfaces, accessible from a variety of 

programming languages. After both the conditions 
namely, existence of SAPI as well as first input as a 

string are satisfied, a local default speech server (SV) 

is created. Later on voices are invoked from default 

interface. Block diagram depicts the flow of the text 

to speech using Microsoft Speech Application 

Programming Interface (SAPI). It is necessary to 

have the SAPI 5.1 SDK installed. For TTS, the base 

class is SpVoice. The audio format is mono, 16 bit, 

16k Hz by default. By pace one means the rate of 

speech used in TTS. PACE ranges from -10 (slowest) 

to 10 (fastest) and default will be 0. Sampling 

frequency (FS) is the sampling rate of the speech 
which can be set to any FS kHz, where FS could be 

any one of the following: 8000, 11025, 12000, 16000, 

22050, 24000, 32000, 44100, 48000 and the default 

on is 16 KHz. 

 

For the later part of the project, just for the sake of 

comparison, the Google’s Tacotron model is re-

implemented using Tensorflow. Since the aim behind 

re-implementation is mere comparison of the output 

speech quality obtained in both procedures, i.e. using 

MATLAB versus using a more advanced platform 
such as Tensorflow, one need not train the entire 

network. Instead one can choose from the existing 

open source pre-trained Tacotron model. The model 

has been trained on the very popular LJ Speech 

dataset, which is a public domain speech 

dataset consisting of 13,100 short audio clips of a 

single speaker reading passages from 7 non-fiction 

books. 

 

 
Figure 1:  Flow chart of the TTS Module. 
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Figure 2:  Neural Network Training in MATLAB 

 

IV. EXPERIMENTAL RESULTS 

 

For the purpose of comparison, mean opinion score 

(MOS) tests have been conducted on a set of 14 

males and 11 females of mixed generation of adults. 

These tests have been crowd funded by local people 

over a span of 24 hours. The subjects were made to 

come up with an appropriate score on a scale of 1 to 5 

for both samples from the TTS using MATLAB as 

well as the Tensorflow implementation of Tacotron. 

The concerned subjects were given headphones for 

better perception of sound and were offered with 

various phrases/ sentences as per their understanding. 

The scores had to be given based on the naturalness 
of the produced output. For the TTS module using 

MATLAB, a score of 2.98 was obtained as compared 

to the definitely better score of 4.22 corresponding to 

the Tacotron. 

 

V. CONCLUSION 

 

The results clearly show how the Tensorflow model 

has outperformed our MATLAB model of Text- To- 

Speech. However, one cannot neglect the weeks of 

training one has to go through using the Tensorflow 

model. The computational cost makes it slightly 
unaffordable for practical day to day life. The time 

and space complexity can however be reduced by 

improving the networks for faster convergence. 

Having said so, the comparison results are always 

subject to one’s primary objective. Thus, it is always 

a compromise that one is willing to make for the 

larger picture. 
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