
IJEEDC, ISSN (P): 2320-2084, (O) 2321–2950, COE, Bharti Vidyapeeth, Deemed University, Pune, Special Issue-1 April-2015 

Implementation Of Noise Suppressor Using Zero Frequency Filtering Technique 
 

23 

IMPLEMENTATION OF NOISE SUPPRESSOR USING ZERO 
FREQUENCY FILTERING TECHNIQUE 

 
1DR. S. SUBHA RANI, 2G. ARAVINDA GOUTHUM, 3K. R. RADHAKRISHNAN, 4N. SATHYA 

 
1Professor and Head, 2M.E., VLSI Design 

3,4Assistant Professor, Department of ECE, Department of ECE, PSG College of Technology, Coimbatore, Tamilnadu 
Email: ssr@ece.psgtech.ac.in, aravindgouthum81@gmail.com, sathya.kns@gmail.com 

krr@ece.psgtech.ac.in 
 

 
Abstract- In an increasingly noisy environment, methods of eliminating noise are becoming more important. The objective 
of this paper is to present a comprehensive coverage of available literature on the techniques used for active noise 
cancellation in speech signals and to showcase the performance of one such effective method. Acoustic noise cancellation 
has applications in wide variety of problems in industrial operations, manufacturing and consumer products including 
mobile phones. This paper reviews the recent developments in noise cancellation which includes the principle, adaptive 
filter algorithms, zero frequency filtering technique and their advantages and limitations. In addition to the above mentioned 
wide concepts, one such efficient method is implemented and experimented with a noisy signal and the results are also 
discussed in this paper. 
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I. INTRODUCTION 
 
The most frequent problem in speech processing is 
the consequence of interference noise in speech 
signals. Interference noise in a certain way modulates 
the speech signal and reduces its clarity. Interference 
noise is produced from acoustical sources such as 
ventilation equipment, echoes, crowds, and in general 
with any type of signal that interferes with the speech 
signals. 
 
Noise Cancellation is a much sought after process 
nowadays with the increase in environmental noise 
due to various reasons. Initially Passive Noise 
Cancellation was followed everywhere because of its 
effectiveness. But with the increase in environmental 
noise, the methods of passive noise cancellation just 
began to become a burden to the user. This led to 
invent of the concept of Active Noise Cancellation 
which uses phase cancellation techniques to cancel 
out the noise. Sound is a  pressure wave, which 
consists of a  compression phase and a  rarefaction 
phase. The working of a Noise Cancellation speaker 
is as follows: it emits a sound wave with the same  
amplitude but with inverted phase (also known as  
antiphase) to the original sound. The intersection of 
these waves to form a new wave is called  
interference, and the method used to effectively 
cancel each other out is called  phase cancellation. 
 
Phase cancellation is the process of generating a 
signal with the same amplitude and frequency but 
with inverted phase so that it cancels out the 
incoming noise. Nowadays Active Noise Cancellation 
is done with more advanced filters, digital signal 
processors and adaptive algorithms.Active Noise 
Cancellation achieved by phase cancellation 
techniques is used in the famous Sony Xperia Z2 

headsets shown below in Fig.1. The Basic blocks 
used for this process are shown below in Fig .2. 
 

 
Fig.1 Sony Xperia Z2 Headsets. 

 

 
Fig.2 Basic Noise Cancellation Blocks.METHODS 

 
A. Based on Group Delay Function  
 
Group delayis a measure of the time delay of the 
amplitude  envelopes of the various  sinusoidal 
components of a signal through a DUT (device under 
test), and it is a function of frequency for each 
component. Instant of Significant Excitation indicates 
the instant where the glottal closure takes place 
within a pitch period in the voiced speech signal. The 
method is primarily based on the characteristics of the 
global phase of minimum phase signals. The short-
time Fourier transform of linear prediction residual is 
calculated and the average slope of the unwrapped 
phase of the above is calculated as a function of time. 
Positive Zero Crossings of the phase slope function 
occurs at certain instants and those instants are 
identified as significant excitations. This method is 
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used in [1]. The method is discussed in a source-filter 
context of speech production. The characteristics of 
the filter used do not disturb the method that is 
employed. The influence of the type, length, and 
position of the analysis window is also discussed in 
[1]. The method produces efficient results for all 
types of voiced speech whether male or female 
speech but only under noise-free conditions. Its main 
disadvantage is that it is highly computation intensive 
and not robust to noise. 
 
B. Based on Hilbert Envelope and Group Delay 
Function 
 
This is a time-effective method employed for 
determining the accurate instants where the 
significant excitations in speech signals takes place. 
The significant excitations corresponds to the instants 
of glottal closure (epochs) in the case of voiced 
speech, and sometimes to random excitations like 
onset of burst when considering the case of non-
voiced speech. This method consists of two phases: 
the first phase determines the approximate epoch 
locations using the Hilbert envelope of the linear 
prediction residual of the speech signal.  
 
The second phase determines the accurate locations 
of the instants of significant excitation by computing 
the group delay around the approximate epoch 
locations derived from the first phase. The above 
method is applied in [2].  
 
The accuracy in determining the instants of 
significant excitation and the time complexity of the 
this method is compared with the group delay based 
approach. This method is time effective when 
compared to the previous method of applying group 
delay function completely. It is not that much 
computation intensive but the computation efficiency 
in this method depends on the window size.  
 
The computation efficiency is inversely proportional 
to the window size. When the window size is small, 
the computation efficiency will be high but some 
epochs will be missing. When the window size is 
high, the computation efficiency will be low and the 
number of missing epochs also decreases. The 
number of approximate instants of epoch locations 
for both male and female speakers identified using 
Hilbert Envelope is tabulated in Table I. 

 
C.  Based on Zero Frequency Resonator 
 
This method is used for characterization of certain 
important features of excitation of speech, namely, 
detecting the regions in which the glottal activity 
takes place and estimating the strength of excitation 
in each glottal cycle. 

 
 

TABLE I 
NUMBER OF APPROXIMATE EPOCH INSTANTS 

DERIVED USING HILBERT ENVELOPE 
 

 
 
The basic assumption that is followed in this method 
is that the excitation to the vocal-tract system can be 
approximated by a sequence of impulses of 
completely varying strengths. The effect due to an 
impulse signal in the time-domain is spread 
uniformly across the spectrum in frequency-domain 
including at zero-frequency. The main feature of a 
Zero Frequency Resonator is to extract the excitation 
source characteristics from speech signals by the 
process of filtering out most of the time-varying 
vocal-tract information. The obtained instants of 
glottal closure and excitation strengths are found to 
be in match when compared with the regions of 
glottal activity and the strengths of excitation 
estimated from the speech signal recorded electro-
glotto-graph signals. This method is applied in [3]. 
The performance of this method is tested under 
various noisy environments at varying levels of 
degradation. The usage of a zero frequency resonator 
to extract epochs is an efficient method when 
comparing the previous methods. The advantages of 
this method are that it is computationally simple and 
accurate. The performance of this Glottal Activity 
Detection (GAD) method under various noisy 
environments is tabulated below in Table II. 
 

 
TABLE II 

PERFORMANCE OF GAD UNDER VARIOUS NOISE 
ENVIRONMENTS 

 
D. Based on NLMS Algorithm 
This method is based on the minimization of the 
squared Euclidean norm of the difference weight 
vector under a stability constraint defined over the 
posteriori estimation error. For this purpose, the 
Lagrangian methodology has been employed in order 
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to put forth a nonlinear adaptation rule defined in 
terms of the product of differential inputs and errors 
which is nothing but the generalization of the 
normalized (N)LMS algorithm. This method is 
employed in [4]. This method yields better tracking 
ability when experimented with AURORA 2 and 3 
speech databases. When compared to standard LMS 
algorithms, they provide an extensive performance 
and an exhaustive comparison with almost the same 
computational load. The other variants include the 
NLMS and recently reported LMS algorithms such as 
the modified (M)-NLMS, the error nonlinearity (EN)-
LMS, or the normalized data nonlinearity (NDN)-
LMS adaptation. 
 

 
Fig. 3. IIR Implementation. 

 
E. Based on Adaptive Filters 
Adaptive filter is an important block of acoustic noise 
cancellation and provides noise reduction without 
prior knowledge of noise and signal. Use of 
conventional filters would lead to distortion in the 
desired speech signal. Hence adaptive filters are 
suitable in the situations where speech and noise 
signals are random in nature. Adaptive filters adjust 
their coefficients based on certain algorithms to 
minimize an error signal. This error signal which is 
an estimate of the noise is used to cancel out the noise 
from the input signal. This method is used in [5].  
 
There are multiple algorithms used in adaptive filters 
such as LMS algorithm, NLMS algorithm, Variable 
step size algorithm, APA algorithm and LMF 
algorithm. If FIR and IIR filter uses same number of 
coefficients, the frequency response of IIR filter can 
better approximate a desired characteristic. This filter 
requires fewer coefficients in most cases especially 
when the desired model has poles and zeros. 
Therefore implementing IIR filter is desirable 
compared to hundreds of taps in FIR filter for some 
application. However IIR filters are seldom used 
because they have the problem of instability, slow 
convergence and phase distortion. The main 
drawback of LMS algorithm is its sensitivity to 
scaling ofinput x(n) which in turn complicates the 
process of choosing an efficient learning rate. An 
efficient learning rate leads to increased stability of 
the algorithm. 

F. Based on FIR Implementation of Zero Frequency 
Resonator  

 
The technique employed in this method for the 
characterization of significant excitations and the 
analysis of glottal activity from the speech signals is 
Zero Frequency Filtering. The originally presented 
filter design in this paper has an infinite impulse 
response (IIR) filter and two successive finite impulse 
response (FIR) filters. This method is applied in the 
form of FIR Implementation in [6]. Its computation is 
analyzed and a simplified form of FIR 
implementation is shown in [7] by employing the 
inherent pole-zero cancellation. Theoretical proofs 
are derived in frequency domain and time domain. It 
is shown that the impulse responses of the 
theoretically derived FIR filter which is a convolution 
of two filters are triangularshaped. The main 
advantages of the FIR filter lies in reduction of 
computational requirements for zero frequency 
filtering. These computational requirements include 
1) use of single-precision floating point and 2) 
stability of the filter. A basic representation of the 
FIR Implementation for the above explained Zero 
Frequency Filtering is shown below in Fig. 4. The 
below shown FIR implementation is also 
implemented using a MATLAB code and the results 
for various real time noises are discussed in the next 
section.  
 

TABLE III 
PERFORMANCE ANALYSIS OF VARIOUS EPOCH 

DETECTION METHODS 
IDR – IDENTIFICATION RATE, MR – MISS RATE, FAR – 

FALSE ALARM RATE, IDA – IDENTIFICATION ACCURACY 
 

 
 

 
Fig. 4. FIR Implementation 
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G. Voiced/Non-Voiced Detection Based on Zero 
Frequency Filtering 
 
This method is applied for voiced/non-voiced 
detection based on epoch extraction. Zero Frequency 
Filtering technique is used to filter out the necessary 
instants of significant excitation which are not 
affected by time varying resonances from vocal tract. 
Usage of zero-frequency filtered speech signal to 
extract the significant excitation instants (or epochs) 
is more efficient. The robustness of this method is to 
extract epochs in the voiced regions, even with the 
smallest amount of additive white noise. This method 
is used to distinguish significant excitation instants in 
voiced regions of the speech signal from that of 
random instants detected in non-voiced regions in 
speech signal. The main feature of this method is that 
it uses the strength of glottal activity instead of using 
the periodicity of the signal. This method is made use 
of in [8]. Performance of this method is studied by 
using TIMIT and CMU ARCTIC databases and two 
different noise types, white and vehicle noise from 
the NOISEX database, at different signal-to-noise 
ratios (SNRs). This method performs similar or better 
than the popular normalized cross-correlation based 
voiced/non-voiced detection used in the open source 
utility wave-surfer, especially at lower SNRs. The 
standard IIR Implementation of the above explained 
Zero Resonator circuit is shown below in Fig. 3. The 
complete comparison of the performance of various 
well known techniques with this technique in terms of 
the epoch identification rate, miss rate, false alarm 
rate and identification accuracy are tabulated below 
in Table III. 
 
II. RESULTS 
 
A Separate Matlab function was used for determining 
the pitch of the input speech signal which is in turn 
used in a Matlab code for extracting the epochs and 
for differentiating the epochs occurring in voiced 
regions from the epochs occurring at the non-voiced 
regions. 
 

 
Fig. 5. Epoch Identification and Differentiation for a welding 

noise 

Zero frequency filtering and voiced/non-voiced 
detection are implemented in Matlab. Application of 
the obtained Matlab code was used for analyzing 
multiple real time signals. The output waveform for 
the above Matlab code when applied for a real time 
welding noise is shown in Fig. 5. The first subplot 
indicates the epochs of the original signal with real 
time noise. The second subplot indicates the epochs 
of the original signal along with the additive white 
noise. The third subplot indicates the epochs present 
only in the voiced regions that are obtained after 
eliminating the epochs in the unvoiced regions. The 
obtained voiced epochs are then used to reconstruct 
the original signal. 
Application of the same Matlab code was also used 
for analyzing the epochs in a real time vehicle noise. 
The output waveform when analyzing a real time 
vehicle noise using the Matlab code is shown in Fig. 
6. 
 

 
Fig. 6. Epoch Identification and Differentiation for a vehicle 

noise 
 

After zero frequency filtering is performed, the 
remaining spurious epochs in noise region are 
eliminated by setting threshold on certain parameters 
like pitch, jitter, etc.,. The number of epochs in each 
stage for various noise signals is shown in Table IV. 
 

TABLE IV 
EPOCHS AT EACH STAGE OF THE VOICED/NON-VOICED 

DETECTION 

Noise Type 
 

 
Epochs after zero 

frequency 
filtering 

Epochs after 
spurious epochs 

elimination 
   

Vehicle Noise 1264 326 
   

Welding Noise 958 412 
   
 
CONCLUSION 
 
Various Methods have been discussed in the literature 
for efficient Active Noise Cancellation. Each of the 
methods described above has a limitation of their own 
in cancelling the noise in speech signal but an 
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efficient and optimal algorithm can be designed by 
studying in detail about the parameters of different 
types of noise and the way they affect the speech 
signal. When the desired signal is independent of 
computation intensity and accuracy, methods based 
on Hilbert Envelope and group delay can be 
employed. If both computation intensity and accuracy 
are an important for the desired signal, then methods 
based on zero frequency resonators can be employed. 
If both the computation intensity and the convergence 
rate are important, then methods based on adaptive 
algorithms can be employed. Use of zero frequency 
filtering technique to eliminate noise with improved 
accuracy would be the scope for future research. 
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