
International Journal of Electrical, Electronics and Data Communication, ISSN(p): 2320-2084, ISSN(e): 2321-2950 

Volume-7, Issue-9, Sep.-2019, http://iraj.in 

Anti Aliasing Filter Design for Multi Nonlinearity Systems 

 

66 

ANTI ALIASING FILTER DESIGN FOR MULTI NONLINEARITY 

SYSTEMS 
 

1
PUSHPALATHA PONDRETI, 

2
MADDULA .NAIMISHA 

 
Assistant Professor, ECE 1M. Tech. Student 

E-mail: 1pushpalatha86@gmail.com, 2ratnanaga1712@gmail.com 
 

 
Abstract - Aliasing is a fundamental problem in nonlinear signal processing, particularly when memory less nonlinearities 

are simulated in discrete time. A conventional remedy is to operate at an oversampled rate. In the digital s ignal processing 
signal undergoes a nonlinear operation; its bandwidth is expanded, leading to a spurious mirroring of components back to the 
baseband. A new aliasing reduction method is proposed here for discrete-time memory less nonlinearities, which is suitable 
for operation at reduced oversampling rates. Aliasing is particularly problematic in audio applications. The method employs 
higher order anti derivatives of the nonlinear function used. The first order form of the new method is equivalent to a 
technique proposed recently by Parker. Higher order extensions offer a considerable improvement over the first anti 
derivative method, in terms of the signal-to-noise ratio. A commonly used method to reduce aliasing in memory less 
nonlinearities is oversampling, in audio applications, the input signal is typically unsampled by a factor 8 or 16 using an 

appropriate interpolation factor. The main disadvantage of oversampling is the proportional increase in the operation count.  
Interpolation/Decimation filters add to the workload per sample. A major new consideration will be the determination of 
numerical stability conditions for such antialiasing methods and will form the basis for future investigations. 
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I. INTRODUCTION 

 
Speech is one of the oldest and most natural means of 

information exchange between human beings. We, 

humans, speak and listen to each other in a human-

human interface. For many years, people have tried to 

develop machines that can understand and produce 

speech as humans do so naturally. Speech processing 

is the mathematical analysis and application of 

electrical signals for information storage and retrieval 

that results from a speech. The area of speech 

processing generally can be subdivided into the broad 

overlapping categories of speech analysis, coding, 
enhancement, synProject, and recognition. Speech 

analysis is the study of the speech production 

mechanism in order to generate a mathematical 

model of physical phenomena. 

The study of coding endeavors to store speech 

information for subsequent recovery. Enhancement, 

in contrast, is the process of improving the 

intelligibility and quality of noise-corrupted speech 

signals. The generation of speech from coded 

instructions is known as speech synProject. Speech 

recognition is the process of synProject in reverse; 

namely, given a speech signal, produce the code that 
generated it. It deals with an analysis of the linguistic 

content of a speech signal. 

The earliest attempts to build systems for Automatic 

Speech Recognition (ASR) were made in the 1950s 

based on acoustic phonetics. These systems relied on 

spectral measurements, using spectrum analysis and 

pattern matching to make recognition decisions, on 

tasks such as vowel recognition. 

Filter bank analysis was also utilized in some systems 

to provide spectral information. In the 1960s, several 

basic ideas in speech recognition emerged. 

Zero-crossing analysis and speech segmentation were 

used, and dynamic time alignment and tracking ideas 
were proposed. 

 

 
Fig1: Block diagram of Digital Speech Processing system. 

 

II. PROCEDURE 

 

LITERATURE REVIEW 

Source-filter models form the foundation of many 

speech processing applications such as speech 

coding, speech synProject, speech recognition, and 

speaker recognition technology. Usually, the filter is 

linear and based on linear predictions. It neglects the 

nonlinear structure known to be present in the speech 
production mechanism.While this approach has led to 

great advances in the last 30 years, a fully automatic 

speech-based interface to products, which would 

encompass real-time speech processing as well as 

language understanding, is still considered to be 

many years away. The replacement of the linear filter 

with nonlinear operators (models) should enable us 

toobtain an accurate description of the speech. This, 

in turn, may lead to better performance of 

practicalspeech processing applications. 

 

PROPOSED WORK 

A commonly used method to reduce aliasing in 

memory less nonlinearities is oversampling. In audio 

applications, the input signal is typically up sampled 

by a factor of 8 or 16 using an appropriate 
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interpolation filter.  A new aliasing reduction method 

is proposed here for discrete-time memory less 
nonlinearities, which is suitable for operation at 

reduced oversampling rates.A techniquewas proposed 

by PARKER, that method employs higher order 

antiderivatives of the nonlinear functions.Zolzer 

introduced a harmonic mixer model for polynomial 

nonlinearities of finite order.The main part of this 

work was conducted in June 2016, during a visit by. 

Esqueda, J.D.Parker, V.Valimaki to the University of 

Edinburgh. According to the Sampling Theorem, any 

signal can beaccurately reconstructed from values 

sampled at uniform intervals as long as it is sampled 

at a rate at least twice the highest frequency present in 
the signal. Nonlinear wave shaping has been part of 

the toolbox of musical signal processing. 

 

PROPOSED SYSTEM 

In this Project, we present a new discrete-time 

aliasing reduction method for memory less 

nonlinearities, based on discrete differentiation of 

higher order antiderivatives.The proposed idea of 

differentiating antiderivatives is related to previous 

antialiasing synProject methods called the differential 

polynomial waveform.This Project proposes an 
approach to aliasing suppression suitable for the 

simulation of memory less nonlinearities in discrete 

time. 

 

 
Fig2: SNR of sinewaves under (a) hard and (b) soft clipping 

implemented trivially (fs = 44.1 kHz), oversampled by 6 (OS = 

6), employing oversampling by factor 2 and, the first-order 

method (p=1) and the proposed antiderivative forms (p=2, 3) 

 

EQUATIONS 
This Project deals with memory less nonlinearities of 

the form: 

𝑦 𝑡 = 𝐹0((𝑥 𝑡 ) 
Here, x(t) is an input signal, and y(t) is an output 

signal; both are assumed defined for t∈ R. F0 is a 

real-valued mapping, Two typical examples of 

memory less nonlinear mappings are the saturator, 

defined by 

𝐹0 𝑥 =
1

2
( 𝑥 + 1 −  𝑥 − 1 ) 

And the soft-clipping nonlinearity, defined by 

𝐹0 𝑥 = tanh(𝑥) 

In a recent Project, Parker. Presented a novel 
algorithm for the reduction of aliasing in discrete-

time memory less nonlinearities, and suitable for 

operation at a non-oversampled rate. It takes on a 

particularly simple form: 

𝑦𝑛 =
𝐹1

𝑛 − 𝐹1
𝑛−1

𝑥𝑛 − 𝑥𝑛−1
 

Only the single memory less nonlinearity has been 

discussed here.one observation that can be made 

about the antialiasing method that it represents an 

approximation to 

𝑦 𝑥 =
𝑑𝐹1

𝑑𝑥
        or  𝑦 𝑡 =

𝑑𝐹 1
𝑑𝑡
𝑑𝑥

𝑑𝑡

 

 

III. RESULTS 

 

The proposed system is designed, developed, coded, 

implemented and tested in the Mat lab environment 

and the simulation results are presented as follows. 

Linear filtering is for antialiased oscillators. Given 

that neither property a) nor b) is necessary in the 
approximation of (9), generalizations beyond the 

nested structures presented here could aid in finding 

antialiasing methods for which such attenuation is 

reduced. 

 

 
Fig3: SIGNAL AND DOWNSAMPLED SIGNAL 

 

 
Fig5: SAMPLING THE SIGNAL 
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Fig4: SAMPLED SIGNAL IS DOWN SAMPLED 

 

 

 
Fig6: RECONSTRUCTING SAMPLED SIGNAL 

 

 
Fig7: RECONSTRUCTED SIGNAL 

 

 
Fig8: APPLYING LINEAR FILTER 

 
Fig9: ALIASING FREE SIGNAL 

 
Fig10: COMPARING OF RESULTS 

 

IV. CONCLUSION 

 
A new approach to antialiasing for discrete-time 

nonlinearities has been presented here. It is of a 

general character, more efficient than oversampling, 

and does not depend on the particular type of 

nonlinearity, or on a simplification of its functional 

form. It is presented here as a family ofmethods of 

increasing order p of antidifferentiation in the 

nonlinearity, leading, ultimately, to an increasing 

degree of aliasing suppression. As is natural, 

computational cost also scales with the order p. There 

remain many openquestions and avenues for future 
research. A series of discrete approximation which 

a) maintain the nested structure of the underlying 

equation b)for a given order p, are minimal in terms 

of the number of signal values used to compute an 

approximation, which is p+1. An inherent 

characteristic of this family of methods is that of 

spectral shaping of the output; though aliasing is 

suppressed, there can be some attenuation of the 

signal in the high-frequency range. Additional linear 

filtering is one option in this case, as suggested in 

foranti-aliased oscillators. 
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