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ABSTRACT 

Concatenative synthesis concatenates segments of pre-

recorded natural human speech. It requires database of 

previously recorded human speech covering all the 

possible segments to be synthesised. Segment might be 

phoneme, syllable, word, phrase, or any combination. 

Concatenative speech synthesis is currently the most 

practical method for the generation of realistic speech. 

There mainly two types of issues in concatenative 

synthesized speech. These are spectral discontinuity and 

joining cost of concatenative synthesized sound. When 

the join between two speech units is clearly audible, it 

refers to discontinuity. The synthesized speech can sound 

very natural if the discontinuities at the concatenation 

points are inaudible. But when these joins are audible, 

their presence can be very frustrating to the listener and 

it also reduces the overall perceived quality of 

synthesized speech. The join cost in unit selection is used 

to represent the compatibility of two consecutive units. 

This may also determined as the weighted sum of sub-

costs such as: Differences in F0 and amplitude. 

Mismatch in different spectral parameters, like MFCC 

(Mel Frequency Cepstral Coefficients), LPC (Linear 

Predictive Coding Coefficients).  

Detection of spectral mismatch at joining points is done 

by following some steps. The knowledge of WaveFile 

Format is required. Waveform Audio File 

Format (WAVE, or more commonly known as WAV due 

to its filename extension) is a Microsoft and IBM audio 

file format standard for storing an audio bitstream 

on PCs. 

 

1. INTRODUCTION     

Speech Synthesis is the process of converting text 

into speech. Basically, it is the artificial production 

of human speech. There are mainly three methods 

used to build Text To Speech (TTS) systems. They 

are: Articulatory, Formant and Concatenative 

synthesis                [1]. Concatenative speech 

synthesis is a technique in which we select the 

appropriate units from the speech inventory and join 

them to get the required speech. There are different 

sizes of speech units such as phones, di-phones, 

syllables, words or sentences in speech database. 

The quality of synthesized speech gets affected by 

the size of stored speech units. If the size of the 

speech units is larger then the quality of synthesized 

speech is better and it will sound natural but the 

flexibility of the TTS system is reduced. Whereas if 

smaller sized speech units are used for 

concatenation then it will provide more flexibility 

with reduced quality. Therefore, selection of 

appropriate speech units is very important. 

The speech we get after concatenating the units may 

be generated by using any concatenated speech 

technique such as di-phone based, corpus based or 

hybrid based technique. They all suffer from some 

problems which are not still completely resolved. 

Although there is a lot of work done, in the field of 

Concatenative speech synthesis in the past decades, 

there is scope for further improving the naturalness 

of the synthesized speech while trying to reduce the 

footprint of the speech inventory. 

 1.1 CHALLENGES IN CONCATENATIVE 

SYNTHESISED SOUND 

1.1.1 SPECTRAL DISCONTINUITY IN 

CONCATENATED SPEECH 

One of the major problems in concatenative 

synthesis is the occurrence of audible 

discontinuities between two successive 

concatenative units. When the join between two 

speech units is clearly audible, it refers to 

discontinuity. The synthesized speech can sound 

very natural if the discontinuities at the 

concatenation points are inaudible. But when these 

joins are audible, their presence can be very 

frustrating to the listener and it also reduces the 

overall perceived quality of synthesized speech. 

Databases containing longer speech units and the 

variety of output is limited there will be lesser 

concatenation points. In systems where speech is 

created by combining large number of smaller 

https://en.wikipedia.org/wiki/Microsoft
https://en.wikipedia.org/wiki/International_Business_Machines
https://en.wikipedia.org/wiki/Audio_file_format
https://en.wikipedia.org/wiki/Audio_file_format
https://en.wikipedia.org/wiki/Audio_file_format
https://en.wikipedia.org/wiki/Personal_computer
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speech units, there is an increase in the number of 

joins and hence discontinuities [2]. 

1.1.2 JOIN COST 

The join cost in unit selection is used to represent 

the compatibility of two consecutive units. 

This may also determined as the weighted sum of 

sub-costs such as: 

1. Differences in F0 and amplitude. 

2. Mismatch in different spectral parameters, like 

MFCC (Mel Frequency Cepstral Coefficients), LPC 

(Linear Predictive Coding Coefficients).  

 

2. RELATED WORK 

It is extremely tough to make a machine which 

sounds identical to human. Hence the best text to 

speech(TTS) algorithm ever made sounds robotic, 

until and unless human speech itself is involved in 

it. But it is not possible to create a database of each 

and every word possible in any language. Syllable 

based Concatenative Speech Synthesis (CSS) leads 

to formation of new words from existing words in 

data base. Improper concatenation with respect to 

position of the syllable leads to spectral mismatch. 

A first step to overcome this is to estimate spectral 

mismatch with respect to position of the syllable. 

Kawachale et al. [3] propose a method based on 

Power Spectral Density (PSD) to estimate position 

dependent spectral mismatch. This can be done by 

plotting power spectral density of 10 millisecond 

samples of original, properly concatenated (PC) and 

improperly concatenated (IC) words. These samples 

are then made noise free to neglect their low 

amplitude peaks. 

Stylianou [4] presents two novel approaches to the 

problem of synchronization of speech frames with 

an application to concatenative speech synthesis. 

Both methods are based on the processing of phase 

spectra without decreasing the quality of the output 

speech. The first method is based on the notion of 

center of gravity and the second on differentiated 

phase data.  

Speech signal processing technique that deals with 

the problem of spectral discontinuity in the context 

of concatenated waveform synthesis is discussed by 

Singh and Singh [5]. It involves the post-processing 

of the synthesized speech waveform in time 

domain. This technique is implemented on different 

single channel Punjabi wave audio files which were 

created by concatenating different Punjabi syllables. 

A listening test was conducted to evaluate the 

proposed technique, and it was observed that the 

spectral discontinuity is reduced to a large extent 

and the output speech sounds more natural with the 

reduction of audible noise. Although the proposed 

technique works in a manner similar to TD-PSOLA 

but the results produced by these two methods are 

different. 

The problem of determining an objective measure 

to represent human perception of spectral 

discontinuity in concatenative speech synthesis was 

discussed by  Kirkpatrick [2]. Such measures are 

used as join costs to quantify the compatibility of 

speech units for concatenation in unit selection 

synthesis. No previous study has reported a spectral 

measure that satisfactorily correlates with human 

perception of discontinuity. An analysis of the 

limitations of existing measures and our 

understanding of the human auditory system were 

used to guide the strategies adopted to advance a 

solution to this problem. 

A spectral envelope estimation algorithm can be 

used to achieve high-quality speech synthesis 

(Morise [6]). The concept of the algorithm is to 

obtain an accurate and temporally stable spectral 

envelope. The algorithm uses fundamental 

frequency (F0) and consists of F0-adaptive 

windowing, smoothing of the power spectrum, and 

spectral recovery in the quefrency domain.  

Takamichi et al. [7] proposed that statistical 

parametric speech synthesis offers various 

advantages over concatenative speech synthesis. 

The synthetic speech quality is still not as good as 

that of concatenative speech synthesis or the quality 

of natural speech. One of the biggest issues causing 

the quality degradation is the over smoothing effect 

often observed in the generated speech parameter 

trajectories. Global variance (GV) is known as a 

feature well correlated with the over-smoothing 

effect, and the effectiveness of keeping the GV of 

the generated speech parameter trajectories similar 

to those of natural speech has been confirmed. 

However, the quality gap between natural speech 

and synthetic speech is still large. In this paper, 

modulation spectrum (MS) of the generated speech 

parameter trajectories is a new feature to effectively 

quantify the over-smoothing effect.  

Speech synthesis method that combines a natural 

waveform concatenation based speech synthesis 
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method and our baseline plural unit selection and 

fusion method.(Tamura et al. [8]) Two main 

features of the proposed method are (i) prosody 

regeneration from selected speech units and (ii) 

using multiple speech units at non-adjacent 

segments.  

A time-domain deterministic plus noise model 

based hybrid source modeling framework is 

presented for improving the quality of statistical 

parametric speech synthesis system by Narendra 

and Rao [9]. In this approach, the excitation signal 

is modeled as a combination of deterministic and 

noise components. Time-domain pitch-synchronous 

analysis is performed on the excitation or residual 

signal.  

Erro [10] presented a new formulation of the radial 

cepstral post filtering method that enables the 

application of different post filtering factors to low 

and high frequencies. The transition between bands 

will be smooth and controllable through an 

adjustable cut-off frequency. The proposed 

algorithm can be implemented by means of a simple 

multiplicative matrix of which an analytical 

expression is derived. The new method provides a 

flexible framework to tackle issues related to the 

quality and intelligibility of synthetic speech. 

 

3. METHODOLOGY 

Before following the technique the complete 

knowledge regarding the wavfiles and about its 

format is required. The following methodology has 

been adopted to detect the discontinuity points and 

to find the joining points with minimum joining 

cost.   

3.1 REQUIREMENT  

First of all inventory of recorded speech units 

required for concatenation is to be generated. The 

speech units are concatenated to form a wavfile of 

Standard format given by Microsoft or IBM. 

Synthetic speech is produced by concatenating 

speech units selected from a large database, or 

inventory, which contains many instances of each 

speech unit with varied prosodic and spectral 

characteristics. Hence, by selecting an appropriate 

sequence of units, it is possible to synthesize highly 

natural-sounding speech. The selection of the best 

unit sequence from the database is typically treated 

as a search problem in which the best sequence of 

candidates from the inventory is the one that has the 

lowest overall cost 

3.2 DETECTION OF DISCONTINUITY 

When the join between two speech units is clearly 

audible, it is known as discontinuity. It is very 

frustrating to listener. The synthesized speech can 

sound very natural if the discontinuities at the 

concatenation points are inaudible. Detect the 

discontinuities of concatenated speech waveforms 

for producing natural sounding speech and this can 

be done through following steps: 

a. In the first stage we read the WavFile 

Header of standard WavFileFormat. WavFile 

Header is of 44 bytes which explains different 

chunks of audio file. A WAVE file is often just a 

RIFF file with a single "WAVE" chunk which 

consists of two sub-chunks – a "fmt" chunk 

specifying the data format and a "data" chunk 

containing the actual sample data. This form is 

called as "Canonical form".   

b. In second stage, we read the actual data. It 

consists of data samples of size 2 bytes. The values 

of data samples are in hexadecimal form and we 

convert them into decimal form. The values of data 

samples may be positive, negative or zero. A single 

sample has large number of samples. For Example 

for a wavfile there are 650613 number of samples.  

c. In third and final stage we compare the data 

samples. For comparison set the threshold value to 

get discontinuity points. If the difference between 

the values of two samples is greater than threshold 

then there is discontinuity. Threshold is minimum 

or maximum value (established for an attribute, 

characteristic, or parameter) which serves as a 

benchmark for comparison or guidance. If the value 

set as a threshold is small then there are more 

number of discontinuity points and if that value is 

larger then the number of discontinuity points 

decreases. For example the value of sample no. 12 

is 1275 and the value of sample no. 13 is 668 then 

there is discontinuity at sample no.13.   

3.3 FINDING JOINING POINTS 

An ideal join cost should correspond with human 

perception of discontinuity; producing a large 

measure when an audible discontinuity is present 

and a measure of approximately zero when the join 

is inaudible. 

The ideal join cost is one that, although based solely 

on measurable properties of the candidate units—
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such as spectral parameters, amplitude, and F0—

correlates highly with human listeners’ perceptions 

of discontinuity at concatenation points. In other 

words, the join cost should predict the degree of 

perceived discontinuity. A join cost is computed 

using a join cost function, which generally uses a 

distance measure on some parameterization of the 

speech signal. 

Then we find the joining points for concatenative 

speech units with minimum concatenation cost. For 

this we take two Wav files which we want to 

concatenate. Now we compare the last 50 samples 

of first wavfile and first 50 samples of other wavfile 

to get minimum difference between any two 

samples of these wavfiles.The samples where the 

difference is minimum that is the joining point for 

two wavfiles with minimum joining cost. 

 

4. RESULTS AND DISCUSSION 

After getting the complete knowledge regarding the 

WaveFile Format, read the WaveFile using code in 

any language. Firstly read the header of WavFile. It 

provides the value of each chunk present in header.  

Then, read the data samples of WaveFile and 

compare those samples to detect the differences in 

them. For comparison we set threshold value like 

200,500. If the difference between two samples is 

greater than threshold value then there is 

disturbance or discontinuity in concatenated speech. 

Table1: It represents discontinuity detection of few 

sample values based on threshold 

Sample 

number 

Value Discontinuity 

detection 

… … … 

… … … 

14 683 Yes 

15 -341 Yes 

16 -350 No 

17 421 No 

18 634 No 

19 311 Yes 

20 97 Yes 

… … … 

… … … 

 

The input for this is a concatenated Punjabi speech 

waveform that is generated by joining together 

different syllables of Punjabi. Our goal is to create 

as output a final speech waveform that is free from 

distortion even when its tempo is increased or 

decreased. 

Then we find the joining points for concatenative 

speech units with minimum concatenation cost. For 

this we use two Concatenated WavFiles. We read 

the samples of these WavFiles and compare the last 

50 samples of first WavFile with the first 50 

samples of another WavFile to get minimum 

difference between any two samples of these 

wavfiles.The samples where the difference is 

minimum that is the joining point for two wavfiles 

with minimum joining cost. 

Table2: It shows concatenation point based on 

difference between few values of two sample files: 

First 

WavFile 

Sample 

no. 

Value Second 

WavFile 

Sample 

no. 

Value Difference  

… … … … … 

… … … … … 

650425 -21 45 -12 9 

650426 -9 46 3 6 

650427 0 47 -9 9 

650428 27 48 -6 21 

650429 48 49 -21 27 

… … … … … 

… … … … … 

 

In this case the minimum difference is zero at 

sample number 650399 and 19. Therefore that is the 

joining point with minimum joining cost. 

 

5. CONCLUSION 

The primary objective of this work is to determine 

the spectral mismatch at concatenation points. In 

concatenative synthesis the speech waveform is 

generated by concatenating pre-recorded speech 

units. Concatenative synthesis is a data-driven 

technique and quality depends critically on 

coverage in the speech database. In order for a 

sound to be produced it must be represented in the 

database. A concatenative synthesizer can produce 
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natural sounding speech as it uses recordings of 

natural speech. The quality of concatenative 

synthesis is inconsistent and the likelihood of 

consistently producing output speech at the 

maximum possible quality is low. 

The second objective is to find the minimum joining 

cost for speech units. The selection of the best unit 

sequence from the database is typically treated as a 

search problem in which the best sequence of 

candidates from the inventory is the one that has the 

lowest overall cost. This cost is often decomposed 

into two costs: a target cost (how closely candidate 

units in the inventory match the specification of the 

target phone sequence) and joins cost (how well 

neighboring units can be joined). If, as is usually the 

case, the cost functions used to compute these costs 

take into account only properties of the fixed target 

sequence and local properties of the candidates, the 

optimal unit sequence can be found efficiently by a 

Viterbi search for the lowest cost path through the 

lattice of the target and join costs. 
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