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Abstract—Speech Enhancement by suppressing 
uncorrelated acoustically added noise has been a challenging 
topic of research for many years. These are the primary 
choice for real time applications due to the simplicity and 
comparatively low computational load. This paper shows 
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. The technique is mostly done in microprocessors 
or DSP processors because of their flexibility. But there are 
several advantages of FPGA over DSP processors like high 
cost per logic element related to these processors makes 
them improper for large scale use. From the experimental 
results, VAD method is implemented on the FPGA chip. 

I. INTRODUCTION 
The problem of enhancing speech degraded by additive 
background noise has been widely studied in the past and it 
is still an active field for dissertation as well as research. 
Noise, added acoustically to speech, can degrade the 
performance of digital voice processors used for speech 
recognition, compression and authentication. In many 
applications, such as mobile communication, audio noise 
reductions, efficient noise cancellation techniques are 
needed, which require a low computational load. Noise 
suppression and speech enhancement techniques can be used 
to improve Signal to Noise Ratio (SNR), to lower the 
variance and to emphasize the important features of the 
speech signal. 

With the rapid development of microprocessors 
and DSP processors, acoustic noise suppression has been 
widely implemented with microprocessors or digital signal 
processors. These approaches provide flexibility and are 
suitable for many applications. However due to their very 
high cost per logic element microprocessors and digital 
signal processors are not suitable for widespread use.  

In recent years, FPGA-based hardware 
implementation technology has been used for signal 
processing field successfully due to advantages of their 
programmable hard-wired feature, fast time to market and 
reusable IP (Intellectual Property) cores. Their cost per logic 
element is reasonable too. Besides, the FPGA based system 
can get a very high speed level, since it can carry out 
parallel processing by means of hardware mode. Thus, one  
Of the motivating factors of this work is the high capability 
of modern FPGA. 

II. VOICE ACTIVITY DETECTION TECHNIQUE FOR 
SPEECH SIGNAL 

Let, assume that a windowed noise signal n(k) has 
been added to a windowed speech signal s(k), with their sum 
denoted by x(k)[1].Then 
x(k)= s(k) + n(k)                                    (1) 

A.  Short Time Energy of Speech Signal 

Generally, the amplitude of the unvoiced speech segments is 
much lower than that of the voiced one and the amplitude of 
the speech signal varies with time. These amplitude 
variations are represented by the energy of the speech 
signal. Short time energy can be defined En as[4]: 
En  = ∑_(m= -∞)^∞▒[x(m)w(n-m)]2                 (2) 

The nature of the short time energy representation 
is determined by using of the appropriate window. We used 
hamming window in our model which gives much greater 
attenuation outside the bandpass than the comparable 
rectangular window. 
 h(n) = 0.54 – 0.46 cos(2πn/(N-1)) , for  0≤n≤N-1 
         = 0,       otherwise                (3) 

The attenuation of this window is independent of 
the window duration. Increasing the length, N, decreases the 
bandwidth, Fig. 1. If N is too small, the energy of sample En 
will fluctuate very rapidly depending on the exact details of 
the waveform. If N is too large, the energy of sample En 
will change very slowly. Thus it will not adequately reflect 
the changing properties of the speech signal. So the short-
term energy En can be used to distinguish voiced/unvoiced 
speech, distinguish voiceful /voiceless sound, etc. 

 
Fig. 1: Short time energy of speech signal[4] 
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En is a variety measure of squared signal 
magnitude. In some occasion, we can use another measure 
of variety in speech magnitude called average short-term 
magnitude Mn

[4]. 
Mn = En = ∑  ∞

    ∞ x(m)|w(n-m) = |x(n)|*w(m)   (4) 
For voiced speech, energy is mainly below 3.4kHz 

and for unvoiced speech, energy is mainly above 3.4kHz  
As shown in the block diagram, Fig.2, voice speech 

is detected when ZCR < E else it is detected as unvoiced 
speech signal. The rate of zero crossing is normally too high 
for noisy frames. 

 
Fig. 2: Block Diagram of VAD 

B. Zero Crossing Rate Detection 

If successive samples have different algebraic signs, a zero 
crossing is said to occur in the context of discrete-time 
signals. The rate at which zero crossings occur is a simple 
measure of the frequency content of a signal. Zero-crossing 
rate is a measure of number of times in a given time 
interval/frame that the amplitude of the speech signals 
passes through a value of zero[4]. 

Since speech signals are broadband signals, 
interpretation of average zero-crossing rate is much less 
precise. Rough estimations of spectral properties can be 
obtained using a representation based on the short time 
average zero-crossing rate. 

 
Fig. 3: Computation of Voiced and Unvoiced Speech 

Signal[4] 

Mean ZC rate for unvoiced speech is 49 per 10 
msec interval and Mean ZC rate for voiced speech is 14 per 
10 msec interval. 

A definition for zero-crossings rate[4] Zn is 
Zn = ∑   ∞

∞ sgn [x(m)] – sgn[x(m-1)] w(n-m)       (5) 
where 

sgn [x(n)] = 1,   for x    
                   = -1,  for x                   (6) 

  w(n) =  
  

 ,  for 0       

           = 0,  otherwise                  (7) 
The energy of voiced speech is found below about 

3 kHz. This is because of the spectrum fall of introduced by 
the glottal wave. Most of the energy is found at higher 
frequencies for unvoiced speech. There is a strong 
correlation between zero-crossing rate and energy 
distribution with frequency since high frequencies imply 
high zero crossing rates and low frequencies imply low one. 
It should be a reasonable generalization that if the zero-
crossing rate is high, the speech signal is unvoiced and if the 
rate is low, the speech signal is voiced. 

III. USE OF FPGA 
In this paper, FPGA is used to implement the functional 
blocks like short time energy calculations, zero crossing rate 
calculations and takes the decision whether voiced speech is 
present or unvoiced speech is present in actual speech 
signal. Simulation results are shown for the Xilinx Spartan3 
Device, XC3S400. 

IV. SIMULATION RESULT AND ANALYSIS 
As shown in Fig. 5, Speech 1 sampled is read by using 
Xilinx 9.1i. All speech sampled are stored in buffer and they 
are read by using readline function. As shown in the Fig. 6, 
at the riding edge of the clock pulse and en = ‘1’,  sampled 
values are  read from the buffer, perform the short time 
energy  calculation and stored result into the output file by 
using writeline function. 

 
Fig. 5:  Short time energy calculation using Xilinx 9.1i ISE 

As shown in Fig. 7, Speech 2 sampled is read by 
using Xilinx 9.1i. All speech sampled are stored in buffer 
and they are read by using readline function. As shown in 
the Fig.7, at the riding edge of the clock pulse and en = ‘1’,  
sampled values are  read from the buffer, perform the short 
time energy calculation and stored result into the output file 
by using writeline function.  

As shown in Fig. 9, entire speech signal is framed 
and buff1 is used to store the speech samples which are read 
through the readline function. The size of each buffer is 80 
(integer). ZCR for each frame has been calculated when en 
= 1 and wr =0. The dataout1 signal is used to calculate the 
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ZCR for each frame. The buff3 is used to store the sampled 
value before writing it to the output file.  

 
Fig. 6: Short time energy calculation of Speech 

If ZCR is less than 14, then it is assumed that the 
corresponding frame contains speech only otherwise it is 
considered as noise. To write data to the output file, the en 
signal is cleared to 0 while wr signal is set to 1. If frame 
contains the speech signal, then valid sampled values are 
stored into the output file by using writeline function. If 
frame contains noise, then the amplitude of the samples are 
assign to zero and stored it into the output file. 

 
 

Fig. 7: Zero crossing rate calculation by using Xilinx ISE 
9.1i 

As shown in the Fig. 7, if the ZCR of the frame is 
greater than 14, then the value 0 is assigned to each sample 
of the frame. If ZCR of the frame is less than 14, then the 
value of the sample remains as it is. 

Voiced speech and unvoiced speech are present in 
speech signal. As shown in Fig. 9, if voiced speech is 
detected in speech signal then VAD flag bit =1, otherwise 
VAD flag bit = 0. 

 
Fig. 8: Removing Noise from Speech using ZCR 

 
Fig. 9 : Voice Activity Detection using Xilinx 9.1i 

 
Fig. 10: Detection of Voiced and Unvoiced Speech Using 

VAD 

V. CONCLUSION 
From these simulation results, it is concluded that VAD 
(Voice activity detection) is an efficient method to 
distinguish unvoiced speech segment from the voiced one in 
speech signal. If a speech segment is detected as unvoiced 
speech segment, then it assigns the value 0. If a speech 
segment is detected as voiced speech, then the value of the 
voiced speech segment remains as it is. It can remove the 
noise from the unvoiced speech signal but not from the 
voiced speech. So it is better to use the frequency domain 
algorithms for the cancellation of noise from voiced speech 
as well as unvoiced speech segment. 

VI. FUTURE WORK 
Various algorithms for noise cancellation in frequency 
domain can be implemented which provides better 
performance than time domain approaches. 
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