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ABSTRACT:   

 
Speech is essential to communicate between humans, as it enables to share information. 
Stuttering is fluency disorder that affects the prolongation of sounds, syllables, phrase or words, 
flow of speech, an instinctive repetition and silent pause or blocks in communication. This 
instinctive speech disorder involves significant problems with the normal fluency and flow of 
speech. An important front end pre-processing method called Voice Activity Detection (VAD) 
is used to detect the presence or absence of speech in short segments of stuttered speech. The 
conventional VAD is desirable to extract the speech signal, based on Frame Energy and Zero 
Crossing Rate, which contain Voiced, Unvoiced or Silence (VUS) signals. In order to improve 
the VAD, Particle Swarm Optimization (PSO) is proposed. The main objective of this paper is 
to update the energy threshold based on conventional method and PSOVAD method. The 
performance of the proposed PSOVAD is tested with objective parameters like Front End 
Clipping (FEC), Mid-Speech Clipping (MSC), Over Hang (OVER) and Noise Detected as 
Speech (NDS). The experimental results suggest that PSOVAD segments the Tamil continuous 
speech signal into voiced, unvoiced and silence efficiently under poor SNR conditions. 
 

Keywords: Voice Activity Detection, Short-Time Energy, Zero Crossing Rate, Threshold and 
Particle Swarm Optimization,  

 

[1] INTRODUCTION  

In the modern days, most of the people receive their information in the form of speech signals. 

Today, speech communication is not only for face-to face interaction, but also between 
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individuals at any moment, anywhere, via a wide variety of modern technologies media, such as 

satellite communications, wired and wireless telephony, voice mail and internet. The recognition 

accuracy of a machine is, in most cases, far from that of a human listener, and its performance 

would degrade dramatically with small modification of speech signals or speaking environment. 

Due to the large variation of speech signals, speech recognition inevitably requires complex 

algorithms to represent this variability [15]. Census of India 2011 reported that, 1,998,535 

persons were affected by speech disorder [3]. A typical speech signal consists of two main 

divisions. One carries the speech information, and the other contains silent or noise sections that 

are between the utterances, without any verbal information [1]. An important hindrance, affecting 

most of the speech processing systems, is the environmental noise and its harmful effect on the 

system performance [5]. Voice active detector is an important component in different speech 

processing systems for speech encoding, speech recognition and hands-free telephony. Detection 

of voiced and unvoiced speech signal is an unresolved problem in speech processing which 

influences many applications such as combined noise reduction or real- time speech transmission 

on the internet, discontinuous transmission, echo cancellation schemes in the context of telephony 

and robust speech recognition. Identifying the speech regions from an acoustic stream is 

recognized as VAD. Segmentation of voiced speech and unvoiced speech is not as trivial as it 

emerges, and most of the VAD algorithms fail when the level of background noise increases. 

During the past few decades, many researchers have extended various approaches for identifying 

voiced speech on a noisy signal and also speech processing performance has been evaluated. The 

primitive process of most VADs in present day consists of a feature extraction step followed by 

a decision part. In feature extraction, the acoustic parameters are extracted from the input speech 

signal for discrimination of speech and non-speech region. The acoustic parameters of the 

conventional methods are short-time energy, zero-crossing rates, spectral difference and pitch 

period. Then, the decision part makes utilization of this acoustic parameter with certain decision 

parameter rules to determine the VAD results [11]. The decision rules could be complex statistical 

model or simple threshold values the conventional method shown in [Figure-1] Speech is 

produced by vocal tract and vocal cords, while articulation the vocal cords vibrated and produced 

voiced signal. When vowels are spoken voiced signal consist of stable frequency for some 

duration. Two-third of human speech consists of voiced signal which is important for 

intelligibility. Unvoiced speech signal are irregular and the vocal cords do not vibrate when the 

constants are spoken. When excitation is not provided to vocal tract, the resultant speech signal 

is silent [6].  

Particle Swarm Optimization is a meta-heuristic population based stochastic process, initially 

proposed by Russell Eberhart and James Kennedy in 1995[4]. PSO algorithm is emulated from 

the behavior of swarm such as birds flocking, group of animals and fish schools. Each individual 

called as particle flows through a multidimensional search space.  The movements of the particles 

have their own velocity, based on the evaluation of fitness function best position of the particle 

known as pbest and the entire swarm best position named as global best (gbest).  Update the 

velocity and the position of the each particle until the solution is found.  
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The proposed work is implemented with Aathichudi which consists of 13 different continuous 

Tamil stuttered speech and sample speech signal as shown in [Figure-2]. Initially, speech signals 

are sampled and Hamming Window is applied for each frames. Each frame features are extracted 

by using typical parameter like Short Time Energy (STE), Zero Crossing Rate (ZCR), 

Normalized Auto Correlation (NAC) and Auto-Correlation Periodicity. Extracted features assist 

to take Voice Activity Detection decision. The VAD is evaluated using four conventional 

objective parameters like Front End Clipping (FEC), Mid-Speech Clipping (MSC), Over Hang 

(OVER) and Noise Detected as Speech (NDS).  In order to segment the VUS speech signal, 

optimized PSO based VAD which optimizes the short term energy threshold is proposed. Its 

energy is optimized to detect VUS speech signal using zero crossing rate and short time energy. 

Initially, energy is obtained from the classical method that detects the voiced speech.  In order to 

improve the voice activity detection, the threshold energy is optimized using Particle Swarm 

Optimization.   

This article is organized as follows. Section II discusses related work done in voice activity 

detection in the area of speech recognition system. Section III explains the methodology and 

evaluation of objective parameter. Section IV explains the analysis of results using four objective 

parameters. Section V presents the conclusion. 

 

 

 

 

Figure: 1. The Conventional Voice Activity Detection (VAD) Method 
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Figure: 2. Sample Speech Data for Tamil Continuous Speech Represents ‘Aram Seiya Virumbu’ (அஅஅஅ 

அஅஅ அஅஅஅஅஅஅஅ ) from ‘Aathichudi’ 

 [3] METHODOLOGY  

[3.1] SPEECH ACQUISITION 

Tamil speech signal contains Aathichudi of 13 continuous words which is recorded by Samsung 

Galaxy SM-G355H. Initially, 6 females and 2 males of various ages were allowed to record the 

continuous speech with background noise. The recorded speech signal is labeled and stored in 

.wav file format with sampling rate of 44100 Hz and 16 bits per sample used on mono channel. 

The database consists of 13 different audio from 8 speakers. In order to detect the voiced, 

unvoiced and silence speech, the recorded speech signal is given as input.  

Voice Activity Detection is a major part of speech pre-processing to extract only the voiced 

speech from the acquisition. The zero crossing rate and short term energy is combined to form 

temporal features for determining the onset and termination of speech boundaries which can be 

extracted from the speech samples. 

 

[3.2] FRAME DIVISION 

The recorded analog stuttered speech input is sampled periodically with sampling rate and 

frequency. The speech signal is split into a number of frames and to minimize the signal 

discontinuities at the each edge of the frames hamming windowing is applied [8]. 

 

[3.3] FEATURE EXTRACTION 

Most of the conventional VAD method features are extracted from the from the Short-time 

Energy, Zero Crossing Rate (ZCR) and Auto correlation. In order to detect the speech region into 

voiced, unvoiced and silence, zero crossing and energy is treated as major component in the voice 

activity detection.  

 

[3.3.1] SHORT TERM ENERGY (STE) 

Speech is produced from the vocal tract with time varying excitation of amplitude and energy 

which results in non-stationary speech signals. Hence, the significance for speech processing is 

to identify the changes in energy by time which combining with short term regions of speech 

signals. Energy associated with unvoiced region is low compared to voiced region and silence 

speech consists of negligible or least energy therefore short term energy is used for voiced, 

unvoiced and silence classification of speech [13]. Short term energy speech signal can be derived 

from the total energy which is represented in the following equation (1).  

 ET = ∑ s2

∞

m

(m)                                           (1) 

where ET is the total energy and s(m) is discrete time signal. 

 Total energy present in the frame samples from m=0 to m=N-1, where length of the frame 

can be represented as N and the computed energy of speech will be zero outside the frame length 

which is represented as 

 

 ET = ∑ s2

N−1

m=0

(m)                                               (2) 
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Framing and windowing after nth speech frame becomes  

                                          sw (m) = s(m).w(n-m)        (3) 

where w(n) is hamming windowing used for time domain parameter estimation, where n is the 

number of samples rate or shift at which the short term energy is computed for every sample. 

Energy variation in case of speech is comparatively slow. Short Time Energy can be represented 

in equation (4) and the result of ZCR of speech signal and STE is shown in [Figure-3]. 

 

E(n) = ∑ (s(m). w(n − m))
2

∞

m=−∞

                  (4) 

 

[3.3.2] ZERO CROSSING RATE (ZTE) 

Zero Crossing Rate is defined as the number of times zero axes crossed per speech frame. If the 

number of zero crossing rate is high, the given speech signal contains more frequency information 

which is known as unvoiced speech. Also, if the number of zero crossing rate is less, then the 

speech signal contains low frequency information which is recognized as voiced speech [2]. 

Thus, frequency content of the signal is obtained indirectly from the Zero Crossing Rate which 

is typically computed using frame size 10-30ms. ZTE of constant signal is given by equation 5. 

𝑍(𝑛) = ∑ |𝑠𝑔𝑛[𝑠(𝑚)] − 𝑠𝑔𝑛[𝑠(𝑚 − 1)]|

∞

𝑚=−∞

                (5)         

   where 𝑠𝑔𝑛[s(m)] =  1 if s(m) ≥  0 

                                                                       = −1 if s(m) <  0 

ZTE is number of times the speech signal changes sign of weighted average within time window 

and ZTE of non-stationary signal is given by, 

             𝑍(𝑛) =
1

2𝑁
∑ 𝑠(𝑚). 𝑤(𝑛 − 𝑚)

𝑁−1

𝑚=0

       (6) 

                                                  𝑤(𝑛) =
1

2𝑁
 𝑖𝑓 0 ≤ 𝑛 ≤ 𝑁 − 1  

     or else = 0  

If successive samples have different algebraic signs of s(m) and s(m-1), then zero crossing rate 

is counted and the equation (4)  |𝑠𝑔𝑛[𝑠(𝑚)] − 𝑠𝑔𝑛[𝑠(𝑚 − 1)]| equal to  1. 

If successive samples have same algebraic signs of s(m) and s(m-1), then zero crossing rate is 

not counted and the equation (4)  |𝑠𝑔𝑛[𝑠(𝑚)] − 𝑠𝑔𝑛[𝑠(𝑚 − 1)]| equal to 0.  

The voiced and unvoiced classification of speech signal is shown in [Figure-4].   
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Figure: 3. Sample Zero Crossing Rate and Short Time Energy of Speech Signal Contains ‘Aram Seiya 

Virumbu’ (அஅஅஅ அஅஅ அஅஅஅஅஅஅஅ ) from ‘Aathichudi’ 

 

[3.3.3] NORMALIZED AUTO-CORRELATION COEFFICIENT 

Autocorrelation function is used to identify the similarities of speech characteristics with respect 

to time. The normalized autocorrelation coefficient function C(τ) gives the correlation between 

adjacent samples of the signal which usually varies between -1 and +1. This value of C(τ)  for 

voiced signal is close to unity and highly correlated because of the frequency concentration in 

the low frequencies, and for unvoiced signal, it is close to zero.  The normalized correlation 

coefficient at unit delay is defined by equation (7). 

 

𝐶(𝜏) =
∑ 𝑠(𝑛). 𝑠(𝑛 − 𝜏)𝑁

𝑛=𝜏

√(∑ 𝑠2𝑁
𝑛=𝜏 (𝑛). (∑ 𝑠2(𝑛)𝑁

𝑛=0 )

                                    (7) 

       where 𝜏 = 1  

 

 

 

[3.3.4] AUTO-CORRELATION PERIODICITY 

The autocorrelation of a periodic function has periodicities in itself and repeats forever. A 

periodic signal corrupted with noise has a periodic autocorrelation whose undulations decrease 

in amplitude across lags [13]. A truly uncorrelated signal will have an autocorrelation delta 

function centre at lag zero. The energy present in all non-zero lags was zero for the uncorrelated 

signal and high for the periodic signal. The Fourier transform of the autocorrelation function, is 

the power spectrum of the original signal. The power spectrum of a voiced segment has more 

energy in the lower frequency half band than the higher frequency half band. An unvoiced frame 

or a noise frame tends towards the opposite of voiced frame.  
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Figure: 4. Voiced and Unvoiced Classification of Speech Signal 
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[3.4] PROPOSED METHOD 

In order to segment the speech region into voiced, unvoiced and silence, zero crossing and energy 

is treated as a major component in the voice activity detection. The speech signal temporal feature 

is extracted from the energy and zero crossing rate which is initially optimized by PSO. To 

improve the detection of active speech signal efficiently, the Particle Swarm Optimization is 

proposed. Short time energy threshold is computed from each incoming frame. Each frame 

energy threshold is considered as particles in the PSO, the number of particles is present in the 

search space with random initialization of position and velocity. Each particle evaluates the 

objective function at its present location. The particle movement is determined through the search 

space by combining its own previous current and best position with those of one or more members 

of the swarm. The next iteration will take place With some random order after the particles have 

been moved. Eventually, the swarm as a whole, like a flock of birds together foraging for food, 

is likely to move adjacent to an optimum of the fitness function[5]. Each individual particle 

present in the solution space is adjusted with three dimensional vectors of the solution space. The 

current position of the particle is p(i) and its velocity is v(i), the particle’s best position is pbest 

and neighborhood’s best position is gbest. Each time, the position of the particle is updated by 

adding a velocity v(i) to the current position until the condition is satisfied. The neighborhood’s 

best threshold obtained from the PSO is given as input to the short time energy. The PSO 

threshold energy is compared with incoming frame energy threshold. If the produced frame 

energy is greater than the PSO threshold, then the speech frame is evaluated as voiced speech. 

Otherwise it is unvoiced or silence. This threshold validation is continued till the end of the frame. 

Ultimately, VAD makes decision after computing each frame energy threshold. The PSO affords 

better prediction results which are shown in the [Figure-5].  
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Figure: 5. PSO based Zero Crossing Rate and Short Time Energy 
 

The following steps explain PSO based frame energy threshold detection method. 

Step 1: Initialization: Short time frame energy threshold as particle of size m are generated with 

random positions p(i), velocities v(i), and parameters such as constriction coefficient and random 

numbers have to be defined. 

Step 2: Fitness Evaluation: Each particle is evaluated with sphere fitness function to choose the 

best threshold. The mathematical representation of sphere objective function is given in equation 

8. 

𝑓(𝑥) = ∑ 𝑥𝑖
2𝑑

𝑖=1   (8) 

Step 3: Identify the individual best: For each iteration, based on the evaluation of fitness function 

(maxima) individual best particle (pbest) is identified. 

Step 4: Identify the neighborhood best : The current particle p(i) with pbest value is evaluated. 

If current value is better than pbest, then it is assigned to the current value and p(i) equal to the 

current location v(i). The neighborhood best particle is obtained and its index is assigned to the 

variable gbest. 

Step 5: Updating the velocity and position :  After each iteration, the velocity and position of the 

particle is updated according to the following mathematical equation 9 and 10. 

v (i+1) = χ [v(i) + 𝜑1 (pbest – p(i) + 𝜑2 (gbest – p(i))]     (9) 

p(i+1) = p(i)+ v(i)          (10) 

where  

    χ  = 2|2−𝜑 − 𝜑2−4𝜑 |  

      = 𝜑1+ 𝜑2,  

    𝜑1 =c1*r1  

    𝜑2 =c2*r2 

v (i+1) = velocity of ith particle  

p(i+1) = Position of ith particle  

χ = constriction factor (The constriction coefficient guarantees convergence of the particles over 

time and also prevents collapse) 

c1 = c2 = 2.0  

pbest = Personal best  

gbest = Neighborhood (social) particle best g 

Step 7: Repeat the steps from 2 to 6 for maximum number of iterations (1000), and predetermined 

conditions of frame energy threshold value to be met. 

Step 8: Continuous evolution of swarm in problem space –PSO algorithm offer pbest and gbest 

candidate solution (best threshold value) after an evaluation of predefined runs. 

Step 9: The resultant global best threshold value is applied for processing short time energy. 

 

[3.5] VAD DECISION 

The detection module breaks the VAD, and even with a robust feature, a poorly designed 

detection module will cause an unacceptable probability of error. The performance of a VAD 

method is evaluated using the objective parameters. The ideal VAD decisions are obtained by 

manually marking a clean speech recorded in a quiet environment for speech and non-speech 
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periods. VAD is evaluated using four objective parameters, namely, Front End Clipping (FEC), 

Mid-Speech Clipping (MSC), Over Hang (OVER) and Noise Detected as Speech (NDS). 

 

[3.5.1] Front End Clipping (FEC) 

Front End Clipping occurs when speech is misclassified as noise while passing from noise into 

speech region. FEC is evaluated using following equation (11) 

 

     𝐹𝐸𝐶 =
𝑁𝐹

𝑁𝑠𝑝𝑒𝑒𝑐ℎ
. 100   (11) 

 

where 𝑁𝐹, is the number of samples misclassified as noise when passing from noise to speech 

and        𝑁𝑠𝑝𝑒𝑒𝑐ℎ   is total number of samples of speech from an ideal VAD. 

 

[3.5.2] Mid-Speech Clipping (MSC)  

Mid-speech clipping occurs when speech is misclassified as noise during the utterance. The MSC 

measure is obtained from the equation (12) 

 

     𝑀𝑆𝐶 =
𝑁𝑀

𝑁𝑠𝑝𝑒𝑒𝑐ℎ
. 100   (12) 

 

where 𝑁𝑀, is the number of samples misclassified as noise during an utterance. 

 

[3.5.3] Over Hang (OVER)  

OVER is the measure of noise interpreted as speech while passing from speech to non-speech or 

noise period. OVER is computed using the equation (13) 

 

                     𝑂𝑉𝐸𝑅 =
𝑁𝑂

𝑁𝑠𝑖𝑙𝑒𝑛𝑐𝑒
. 100                                       (13) 

 

where 𝑁𝑂, is the number of samples interpreted as speech while passing from speech to silence 

period and 𝑁𝑠𝑖𝑙𝑒𝑛𝑐𝑒,  is the total number of samples from silence period of an ideal VAD. 

 

[3.5.4] Noise Detected as Speech (NDS)  

This is a measure of noise interpreted as speech within a silence period. The NDS is determined 

by the equation (14) 

               𝑁𝐷𝑆 =
𝑁𝑁

𝑁𝑠𝑖𝑙𝑒𝑛𝑐𝑒
. 100                                          (14) 

where 𝑁𝑁  refers to the number of samples interpreted as speech while in silence period. 

 

[4] RESULT AND ANALYSIS 

The proposed work is implemented in MATLAB R2013a computational platform. To validate 

the effectiveness of the proposed method, the objective parameter is evaluated and compared 

with PSO.  FEC and MSC collectively give the amount of clipping and are called as clipping 

errors (FEC+MSC). OVER and NDS measures give the false alarm percentages in the detected 

voiced and unvoiced segment which is known as insertion errors together (OVER+NDS). The 

experimental results obtained from this study demonstrate that, the temporal feature extracted 
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from windowed signal improves the Voice activity Detection effectively. The performance 

measures of Front End Clipping (FEC), Mid-Speech Clipping (MSC), Over Hang (OVER) and 

Noise Detected as Speech (NDS) is determined, and compared with conventional VAD method 

and proposed PSO based VAD method, which is analyzed in the following section. 

 The FEC is clipping introduced from noise to speech region. The conventional method 

FEC is high when comparing to the proposed PSO based VAD method. The proposed PSOVAD 

method FEC error is enormously minimized for the samples S4, S7, S8, S9, S10 and S13 of 

accuracy as 89.48%, 97.30%, 92.58%, 88.75%, 94.75% and 96.17%. The overall error rate of 

proposed PSO based VAD is decreased to 89.35% when comparing to conventional method 

which is shown in [Figure-6].  

 The MSC is due to speech misclassified as noise. From the experimental result, the 

proposed PSO based VAD method reduces 63.74% of overall MSC error when comparing to the 

conventional method. The proposed method achieves no error for the samples S3, S5, S9, S10 

and S13 which is shown in [Figure-7]. Over Hang is caused by noise interpreted as speech.  The 

proposed method decreases to 80.69% of overall insertion error when comparing to the 

conventional method. The proposed PSOVAD method samples S4, S8 and S11 have no insertion 

error also, which greatly reduces the insertion error for the samples S1, S2, S6, S9 and S12 of 

error ratio as 99.08%, 99.22%, 93.44%, 91.53% and 95.60% which is shown in [Figure-8]. The 

Noise 

  

Detected as Speech for the proposed PSOVAD method produces no insertion error when 

comparing to the conventional method which is shown in [Figure-9]. The error rate of objective 

parameter was evaluated and compared with conventional and PSOVAD method. The proposed 

PSOVAD method minimizes the error rate as FEC 89.35%, MSC 63.74%, OVER 80.68% and 

NDS 100% which is shown in Table I. 

 

Table I. COMPARING THE PERFORMANCE OF THE CONVENTIONAL METHOD AND PROPOSED 

PSOVAD METHOD  

VAD  Error Rate Objective Parameter 

FEC MSC OVER NDS 

Proposed PSOVAD 2.21% 6.95% 3.58% 0% 

Conventional VAD 20.75% 19.17% 18.58% 38.01% 
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Figure: 6. Objective Parameter Evaluation based on Front End Clipping 

 

 

Figure: 7. Objective Parameter Evaluation based on Mid-Speech Clipping 
 

 

Figure: 8. Objective Parameter Evaluation based on Over Hang 
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Figure: 9. Objective Parameter Evaluation based on Noise Detected as Speech 

 

 

[6] CONCLUSION AND FUTURE WORK 

Voice Activity Detection is a complex problem, and many authors proposed a lot of solutions to 

classify the active speech. Any VAD algorithm needs a Feature Extraction, a Decision Module 

and a Decision Smoother. By combining multiple features and using optimal thresholds with a 

robust decision smoother, VAD errors can be greatly reduced. The basic idea of the algorithm is 

to calculate a set of features from the signal which are designed to analyze properties which 

differentiate speech and non-speech. The threshold computation output determines whether the 

signal is speech or not. The proposed PSOVAD improves the detection of active speech 

efficiently than the conventional method. The experimental results have demonstrated that the 

proposed PSOVAD outperforms competing conventional VAD providing exact detection of 

voiced and unvoiced region. The PSOVAD method performance is analyzed based on the 

objective parameters under noise environments, for both male and female speaker. From the 

result, it is observed that PSOVAD approach exhibits very good performance compared to the 

conventional VAD. In future, the work can be extended to compare with different VAD methods 

like linear energy-based VAD (LED), a pattern recognition approach to voiced-unvoiced 

classification and VAD based on statistical measures, etc. 
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