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Abstract 
 

Multirate digital filters and filter banks find application in 
communications, speech processing, image compression, antenna 
systems, analog voice privacy systems, and in the digital audio 
industry. During the last several years there has been substantial 
progress in multirate system research. This includes design of 
decimation and interpolation filters, analysis/synthesis filter banks also 
called quadrature mirror filters, or QMFJ, and the development of new 
sampling theorems.Polyphase filters are becoming a very important 
component in the design of various filter structures due to the fact that 
it reduces the cost and complexity of the filter by doing the process of 
decimation prior to filtering which reduces the multiplications per 
input sample. In this paper, a basic polyphase filter and its applications 
have been reviewed. 
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1. Introduction 
The world of science and engineering is filled with signals such as images from the 
remote space probes, voltages generated by the heart and brain and countless other 
applications. Digital signal processing is used in a wide variety of applications. Digital 
refers to operating by the use of discrete signals to represent data in the form of 
numbers. Signal refers to a variable parameter by which information is conveyed 
through an electronic circuit. Processing means to perform operations on data 
according to programmed instructions. So, DSP is defined as changing or analyzing 
information which is measured as discrete sequences of numbers. By its very nature 
DSP is a mathematically heavy topic and to fully understand it students need to 
understand the mathematical developments underlying DSP topics. However, relying 
solely on mathematical developments often clouds the true nature of the foundation of 
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Their purpose is to alter the tempo of the discrete-time signals which is realize by 
adding or erase a portion of the signal illustration.Multi-rate systems play a inner role 
in a lot of areas of signal processing, such as strain bank theory and multi declaration 
theory. They are necessary in various typical signal processing techniques such as 
signal analysis, de-noising, density and so forth. During the previous decade, however, 
they have progressively more found submission in new and emerging region of signal 
processing, as well as in some neighboring regulation such as digital infrastructure. 

Rate alter filters, wavelets and sift banks have conventionally been used in a 
amount of digital communications region like timing management, digital modems, 
pre-coding for conduit equalization, wideband infrastructure, pulse form filter design 
etc. They have established recent and growing usage in extend spectrum CDMA 
infrastructure, fractal modulation as well as distinct multi-tone intonation systems  

In (some) subsequent and (most of) third cohort digital recipient architectures, 
Analog to Digital Converters (ADC) illustrates a wideband indication instantly after 
first spectrum conversion to IF. Digital oscillators transfer the range to baseband; 
personages channels are then pull out by low pass FIR filters. The baseband strait are 
extremely oversampled and thus decimation is necessary to bring the illustration rate 
down in agreement with the bandwidth of the indication. Since computations of short 
pass strain have an circumlocutory share in the power expenditure of the radio 
terminal, particular multiplication gratis filters, merge filtering and decimation are 
worn to perform these process professionally. 

These Multi-rate filters also propose a simple and programmable plan process that 
makes them suitable for third cohort wireless scheme.Symbol timing association is 
necessary in digital recipient every time the broadcast signal has accepted through a 
linear-phase declaration channel. If the recipient has no in succession about the 
channel section response, the inward cryptogram will experience an unidentified time 
change. For finest potential exposure, the recipient needs to illustration the cryptogram 
at the accurate moment. Most recipient, consequently, achieve representation timing 
management ahead of recognition. A class of Multi-rate twist namely polynomial 
intermission filters has been damaged for an efficient success with digital process to 
correct symbol timings in the declaration receivers. Another effect of band- limited 
communiqué conduit is the Inter depiction Interference (ISI) at the recipient. To 
mitigate ISI, the transmit symbols are pulse fashioned usually by a heave cosine filter 
that restrictions the frequency inside of the basis symbols. Before pulse determining, 
the transmitted cryptogram are oversampled as well. A number of Multi-rate 
comprehension help to merge pulse shaping and interruption at a fraction of the charge 
compared to the difficulty of traditional interpolation procedure The use of poly-phase 
DFT strain banks in wideband satellite infrastructure systems has been description in 
the past. Poly-phase strain bank channelizers also perform a crucial role in together 
cognitive and software radio troubles addressed in this proposal. 
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6. Conclusion 
In this paper,it is summarize that how to make Polyphase filters applicable for multiple 
sampling rates with the help of interpolator and decimator. Also the efficient use of 
Active and Passive filter for high frequency local oscillator quadrature signals. This 
paper gives us the idea to reduce the complexity of decimator filter and interpolator 
filter circuits in DSP processing where multiple sampling rates are required. 
Advancement in multirate signal processing has widen the scope of digital 
communication . Multi-rate signal dispensation techniques are extensively used in 
several areas of contemporary engineering such as interactions, image processing, 
digital audio, and multimedia. Poly-phase strain bank channelizers also perform a 
crucial role in together cognitive and software radio troubles addressed in this 
proposal. 
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