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Abstract: Voice Activity Detection (VAD) is a method which 

is important in the field of Speech and Audio processing 

applications. The performance of most audio processing is 

dependent on the performance of Voice Activity Detection. 

An ideal voice activity detector needs to be independent of 

background noise. This paper presents a review of voice 

activity detection methods implemented using FPGA. 
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I. INTRODUCTION 

An important drawback affecting most of the speech 

processing systems is the environmental noise and its 

harmful effect on the system performance. Examples of such 

systems are the new wireless communications voice services 

or digital hearing aid devices. In speech recognition, there are 

still technical barriers inhibiting such systems from meeting 
the demands of modern applications. Numerous noise 

reduction techniques have been developed to reduce the 

effect of noise on the system performance and often require 

an estimate of the noise statistics obtained by means of a 

precise voice activity detector (VAD). A regular voice 

conversation consists of several moments of silence. A 

typical voice conversation consists of 40 to 50 percent 

silence. Since there is not any voice going through the 

network for 40 percent of a voice call, some bandwidth can 

be saved by deploying Voice Activity Detector (VAD). With 

VAD, the gateway looks out for gaps in speech. It replaces 
those gaps with comfort noise (background noise). Thus, an 

amount of bandwidth is saved. However, there is a trade-off. 

There is a small time (in order of milliseconds), before the 

codec detects speech activity followed by a period of silence. 

This small time results in the front-end clipping of received 

voice. To avoid activation during very short pauses and to 

compensate for clipping, VAD waits approximately 200 ms 

after speech stops before it stops transmission. Upon 

restarting transmission, it includes the previous 5 ms of 

speech along with the current speech. VAD disables itself on 

a call automatically if ambient noise prevents it from 

distinguishing between speech and background noise. Along 
with that undesirable noise is detected and eliminated. VAD 

aims at improving the performance of speech communication 

systems in noisy environments. It mainly deals with 

suppressing background noise from a noisy signal. VAD 

recovers speech periods that is masked by the acoustic noise. 

Among all features, the short-term energy and zero-crossing 

rate have been widely used because of their simplicity. 

 

 

 
Fig1: Block Diagram of VAD system 

The rest of the paper is organized as follows. In section II 
literature survey. In Section III, the existing voice activity 

detection methods are briefly reviewed. The results different 

parameters needed to be considered while designing a VAD 

system are discussed in Section IV. Finally, the paper is 

concluded in Section V 
 

II. LITERATURE SURVEY 

Francesco Beritelli, Salvatore Casale and Alfredo Cavallaro 

proposed a discontinuous transmission based on 

speech/pause detection represents a valid solution to improve 

the spectral efficiency of new-generation wireless 

communication systems. In this context, robust voice activity 
detection (VAD) algorithms are required, as traditional 

solutions present a high misclassification rate in the presence 

of the background noise typical of mobile environments. 

This paper presents a voice detection algorithm which is 

robust to noisy environments, thanks to a new methodology 

adopted for the matching process. More specifically, the 

VAD proposed is based on a pattern recognition approach in 

which the matching phase is performed by a set of six fuzzy 

rules, trained by means of a new hybrid learning tool. A 

series of objective tests performed on a large speech 

database, varying the signal-to-noise ratio (SNR), the types 
of background noise, and the input signal level, showed that, 

as compared with the VAD recently standardized by ITU-T 

in Recommendation G.729 annex B, the fuzzy VAD, on 

average, achieves an improvement in reduction both of the 

activity factor of about 25% and of the clipping introduced of 

about 43%. Informal listening tests also confirm an 

improvement in the perceived speech quality [4]. Vijay k 

Subramaniam, Vishwanath M Reddy and Sathyanarayana S 

Rao proposed architecture of an Adaptive Noise Canceller 

(ANC) with low signal distortion for implementation on a 

FPGA. The proposed ANC reduces the reverberation effect 
in the processed speech, by using an adaptive step size 

algorithm. It consists of two adaptive filters: a main filter 

(MF) and a Sub-filter (SF). The step size for the main filter is 

adjusted based on the estimated input SNR by the sub filter. 
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This paper addresses the selection of design parameters and 

trade-offs' involved in real time implementation of the ANC 

on the FPCA obtained by Matlab simulations [6]. Pratik P. 

Shah, Kinnar G. Vaghela and Anil J. Kshatriya have 
proposed a VAD (Voice activity detection) technique that 

can detect the non speech segment from the speech signal. It 

is also shown that it can work powerfully in an unpredictable 

noise ambience [9]. 

 

III. VAD METHODS 

There are two methods in which VAD can be implemented. 

 Time domain  

 Frequency domain  

 

Most commonly used methods are as follows. 
A. Zero Crossing Detection  

Zero crossing rate can be defined as the number of times the 

successive samples in a speech signal have different 

algebraic signs or the amplitude of signal crosses the value of 

zero. Equation 1 defines the zero crossing count, __ as, 

 
Where 

___ [_ (_)] = 1 , _[( _)] ≥ 0 

−1, [( _)] < 0 
[ _] = 1/2_, 0≤_ ≤_-1 

0, h____ e 
N is the duration of the window used in the method. Zero 

crossing rate indicates the presence or absence of speech in 

the input signal. If the zero crossing rate is high, the frame is 

considered to be unvoiced and if it is low, the frame is 

considered to be voiced frame. 

 
B. Short-Time Energy  

Short-time energy calculation is another parameter used in 

the classification of voiced and unvoiced segments. If the 

energy of the incoming frame is high, the frame is classified 

into voiced frame and if the energy of the incoming frame is 
low, it is classified into unvoiced frame. The short-time 

energy of the frame, _ _ denoted by __ is defined according 

to the equation (2) as 

 
(2) 

Where 

 
In this method hamming window is used which give much 

attenuation outside the band pass when compared to the 

rectangular window. 

 
C. LED: Linear Energy-Based VAD  
In the previous method, the threshold remained as a constant 

through the entire process. This method works on the 

principle of updating the threshold value adaptively. 

Full-Band Energy 

The full-band energy measure calculates the energy of the 

incoming frames. This energy, __ is given by the equation 
(3) 

 
(3) 

 
Where, __ is the energy of the j-th frame and if (_) is the i-th 

sample of speech and the length of the frame is N samples, 

then frame j, __ is represented by equation (4) as 

 (4) 

(5) 

Where, __ is the initial threshold, v is the number of frames 

whose individual size is 80 samples which is equivalent to 

10ms sampled at 8 KHz frequency. The speech signal is 

divided into frames of 10ms duration at 8 KHz sampling 

frequency. This corresponds to 80 samples per frame. The 

energy of the incoming frame is calculated according to the 

equation (3) and compared to the estimated threshold. If the 

energy of the frame is greater than the threshold, the frame is 

judged as a voiced frame. Otherwise, the frame is considered 

to be an unvoiced frame and the new threshold is calculated 

as per the equation (6) 
Where, __, is the updated threshold value, __,_ is the 

previous threshold value, ________ is the energy of the 

recent unvoiced frame and, 0<_<1. In this method, the 

coefficient p takes the value of 0.2 [10]. 

 
D. ALED: Adaptive Linear Energy-Based VAD  

This method is an improvement of the previous method of 
linear energy-based detector (LED). The coefficient „p‟ in 

the equation (2.6) is limited to constant value which is 

insensitive to the varying noise statistics. To overcome this 

limitation, __, the energy threshold is computed using the 

second order statistics of the unvoiced frames [10]. A buffer 

of „m‟ silence frames is used in this meth od. When a new 

silence frame is detected, it is added to the buffer by 

discarding the oldest frame. The variance of this buffer is 

calculated in terms of its energy according to the equation (7) 

The background noise in the speech signal is detected by 

comparing the variance of the buffer before the addition of 
the new silence frame with the variance of the buffer after a 

new silence frame has been added to the buffer. If _2 __ 

denotes the variance of the buffer before the addition and 

_2__ denotes the buffer after the addition, a change in 
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background as in equation (8) indicates that 

 

Hence, a new rule is formulated to vary p in equation (6) by 

the table (1) 

Table 1: Value of „ p‟ depending on _
2

new/_
2

old 

 
 

IV. VAD DESIGN PARAMETERS 

In a voice activity method, speech must be classified as either 

noise or voice. For this, the signal is divided into contiguous 

frames. A real-valued non-negative parameter is associated 

with each frame. For the time-domain algorithms, this 

parameter is the average energy content and number of Zero 

Crossings of the frame. For the frequency-domain 

algorithms, this parameter is the spectrum and variance of the 

spectrum of a frame. If this parameter exceeds a certain 

threshold, the signal frame is classified as ACTIVE else it is 

INACTIVE. 
 

A. Choice of Frame Duration 

ACTIVE Frames that are transmitted are queued up in a 

packet-buffer at the receiver. This allows them to playing 

audio even if incoming packets are delayed due to network 

conditions. Consider, a gateway system having a buffer of 3-

4 packets. Having frame duration of 10ms allows the 

gateway system to start playing the audio at the receiver‟s 

end after 30 to 40ms from the time the queue started building 

up. If the frame duration were 50ms, there would be an initial 

delay of 150-200ms, which is unacceptable. Therefore, the 

frame duration must be chosen properly. Current gateway 
systems use 5-40ms frame sizes. The specifications for toll 

quality encoding of speech for all VAD algorithms are: 

8 kHz sampling frequency  

256 levels of linear quantization (8 Bit PCM)  

Single channel recording. Advantage of using linear PCM is 

that the voice data can be transformed to any other 

compressed code (G711, G723, and G729). Frame duration 

of 10ms, corresponding to 80 samples is used for time 

domain algorithms and 8ms for frequency domain (64 = 26), 

to avoid padding in DCT calculations used in VAD 

algorithms. 
 

B. Energy of a Frame 

The energy of a frame indicates possible presence of voice 

data and is an important parameter for VAD algorithms. Let 

X(i) be the ith sample of speech. If the length of the frame 

were k samples, then the jth frame can be represented in time 

domain and frequency by a sequence as, 

 (9) 

(10) 
We associate energy Ej with the jth frame as 

(11) 

where, Ej = energy of the jth frame and fj is the jth frame 

that is under consideration. 

 
C. Initial Value of Threshold 

The starting value for the threshold is important for the 

evolution of the threshold, which tracks the background 

noise. An arbitrary initial choice of the threshold is prone to 

a poor performance. Two methods are proposed for finding a 

starting value for the threshold. Method 1: The VAD 

algorithm is trained for a small period by a prerecorded 

sample that contains only background noise. The initial 

threshold level for various parameters is computed from 

these samples. For example, the initial estimate of energy is 
obtained by taking the mean of the energies of each sample 

as in 

(12) 
where, Er = initial threshold estimate, 

ʋ= number of frames in prerecorded sample. 

Similarly, the initial threshold for variance of spectrum is 

obtained using 

(13) 
We have taken a prerecorded sample of 5 seconds, i.e., 500 

frames in time domain and 625 frames in frequency domain. 

Method 2: Though similar to the previous method, here we 

assume that the initial 200ms of the sample does not contain 

any speech; i.e., these initial 20 frames are considered 

INACTIVE. Their mean energy is calculated as per Eq.12. 

We set ʋ = 20. 

A fixed threshold would be ‟deaf‟ to varying ac oustic 

environments of the speaker. 

 
V. CONCLUSION AND FUTURE WORK 

Various VAD detection methods are observed and procedure 

to be followed is studied. A robust VAD method using zero 

crossing rate and short time energy method will be designed 

using a Altera Quartus Software and implemented using 

FPGA. 
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