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Abstract— Multirate systems are most commonly used in 

Digital Signal Processing (DSP). Systems that use more than 

one sampling rates in the digital signal processing are called 

multirate DSP. Multirate DSP consists of decimation and 

interpolation which are rate conversion techniques. 

Decimation reduces the sampling rate whereas interpolation 

increases the sampling rate of the signals. In this paper, some 

of the multirate signals processing techniques are discussed 

and FIR filter designs are implemented using different 

windowing techniques. The performances provided by those 

techniques are compared based on SNR, RMS, MSE, ENBW 

and correlation. 
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I. INTRODUCTION 

Multirate signal processing is the processing of signals at 

more than one sampling rate by the discrete time systems. 

Various structures in digital audio signal processing 

frequently function at different sampling rates. The 

connection of such systems requires a conversion of 

sampling rate. The process of converting a signal from one 

sampling rate into another sampling rate is called sampling 

rate conversion. There are two sampling rate conversion 

techniques in multirate DSP which are decimation and 

interpolation. The process of decimation and interpolation 

are done by using up sampler and down sampler. 

Decimation is the process of reducing the sampling rate by a 

factor and Interpolation is the process of increasing the 

sampling rate by a factor. Down sampling is a process of 

removing some samples without low pass filtering. A signal 

is down sampled when it is oversampled that is when the 

sampling rate is greater than Nyquist rate.  The combined 

operation of filtering and down sampling is called 

Decimation. Up sampling is the manner of placing zero 

valued samples among original samples to increase the 

sampling rate. Multirate techniques are used in the 

acquisition of high quality data, spectral analysis with high 

resolution, design and implementation of narrow band 

digital filtering and sub-band coding of speech signal. 

Window techniques and filters are widely used in speech 

processing and digital signal processing. A mathematical 

function that is zero-valued outside the selected interval is 

considered as the window function. Windowing technique is 

very popular, effective method because this technique is 

simple, convenient, fast and easy to understand.  A filter is 

used to remove unwanted signal and allows only the desired 

signal. Different types of filters are available based on the 

applications. Low Pass Filter (LPF) allows only low 

frequency band and attenuates high frequency band whereas 

High Pass Filter (HPF) allows only high frequency band and 

attenuates low frequency band. A filter which has finite 

impulse response is considered as Finite Impulse Response 

(FIR) filters. During the implementation of FIR filters, it has 

no feedback and it is also called as non-recursive filter.    

 

II. LITERATURE SURVEY 

Ashraf M. Aziz (2009) proposed a structure of two channel 

Quadrature Mirror Filter (QMF) with low pass, high pass 

filters, decimators and interpolators to perform sub-band 

coding of speech signals in advanced area. In numerous 

applications of digital signal processing, for example, media 

transmission frameworks, one is confronted with the issue of 

changing the sampling rate of a signal, either expanding it or 

diminishing it by some amount. In media transmission 

frameworks that transmit and get different sorts of signals, 

there is a requirement to handle the different signals at 

various rates proportionate with the corresponding 

bandwidth of the different signals. This paper addresses the 

issue of sampling rate conversion and multirate signal 

processing in the computerized area. The proposed structure 

decays a signal into low frequency and high frequency 

segments. The execution of the proposed structure is 

contrasted with the execution of the delta-modulation 

encoding systems. The outcomes demonstrate that the 

proposed structure essentially diminishes the mistake and 

accomplishes significant execution change contrasted with 

delta-modulation encoding systems.  

Maurya A.K. and Deepak Nagaria (2011) exhibited 

decimation and interpolation procedures of multirate signal 

processing which are rate change methods. Decimation 

system is utilized for diminishing the sampling rate and 

interpolation method is utilized for expanding the sampling 

rate. The decimation and interpolation have the six very 

important personalities in the multirate signal processing. 

Characters, first to third are decimation characters and 

fourth to sixth are interpolation characters. All the six 

characters are depicted and checked by the some graphical 

results with the assistance of MATLAB programming. The 

favorable position is interpolation can change the sampling 

rate of the signal without changing its unique substance. The 

burden of this paper is decimation without filtering can 

cause degradation in the signal because of aliasing. 

Saurabh Singh Rajput and S.S. Bhadauria (2012) 

grew low pass finite impulse response filter utilizing an 

effective adjustable window function taking into account 

Blackman window. Digital filtering is one of the principle 

basic parts of digital signal processing, so digital filters are 

broadly utilized as a part of numerous digital signal 

processing applications. In this window function for a fixed 

length the transmission capacity of main and side lobe 

amplitude can be fluctuated by changing the value of 

attenuation. In a few applications for example Fast Fourier 

Transform (FFT), signal processing  and estimation where 

higher side lobe attenuation  is required contrasted with 

Hamming window this kind of channels can assume 
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extremely significant part. The Blackman window can 

likewise be utilized for these sorts of utilizations however 

the Blackman window has a more extensive main lobe 

width. In this work, firstly speech signal was recorded in 

wave position after that designed finite impulse response 

filter connected to this recorded discourse signal. Signal 

correlation between the first speech and separated speech 

signal demonstrates that the high recurrence segment of 

discourse sign has altogether evacuated by utilizing this 

finite impulse response low-pass filter. The burden of this 

paper is that Blackman window gives higher side lobe 

attenuation compared with Hamming window and the width 

of the main lobe is marginally more prominent than 

Hamming window function. 

Vijayakumar Majjagi (2013) utilized rate 

conversion procedures of multirate signal processing to 

design a sub-band coding arrangement of an ideal four 

channel Quadrature Mirror Filter (QMF) bank. In customary 

speech processing applications, speech signal is encoded 

utilizing fixed number of bits over the whole speech signal 

band. The Quadrature Mirror Filter banks are the key 

building obstructs for spectral splitting. QMF bank permits 

complete disposal of amplitude and phase distortion of the 

recreated signal. The low pass separated signal is decimated 

and encoded with more number of bits and high pass filtered 

signal is additionally destroyed and encoded with less 

number of bits. These streams are multiplexed and 

transmitted. In the output side the received signal is 

demultiplexed and decoded. The signal is gone through the 

interpolators and after that through the combination 

channels in order to recreate the speech signal. The remade 

signal is contrasted with the first speech signal. 

Dolly Agrawal and Divya Kumud (2014) presented 

multirate signal processing methods, for example, 

decimation and interpolation by integer factors and after that 

exhibited how the two procedures can be joined to acquire 

sampling rate change by any rational component. In 

different utilizations of digital signal processing, there is 

dependably an issue of changing the sampling rate of a 

signal by some amount. The procedure of transformation of 

one sampling rate to another is called sampling rate 

conversion and the system that utilize various sampling rates 

in the handling of digital signals are called multirate digital 

signal processing. These days, high quality data acquisition 

and storage systems are getting advantage of multirate 

systems. The impediment of this paper is that the impacts of 

aliasing for decimation and pseudo images for interpolation 

are made while designing the multirate systems. 

Prajoy Podder, Tanvir Zaman Khan, M.Muktadia 

Rahman and Mamdudul Haque Khan (2014) proposed 

windowing systems for the comparison of execution of 

Hamming, Hanning and Blackman window based on their 

magnitude response, phase response and equivalent noise 

bandwidth in time and frequency domain utilizing matlab 

simulation. Window technique is utilized in the developing 

field of image processing, pattern recognition, computer 

vision and other digital signal processing applications. A 

window function is a mathematical function that is zero-

esteemed outside of some picked interval. At the point when 

another function is multiplied with a window function, the 

result is additionally zero-esteemed outside the interval. To 

watch the responses FIR filter of low pass, high pass, band 

pass and band stop filters have been designed. Looking 

simulation consequences of various window, Blackman 

window has best execution among them and the response of 

the Blackman window are more smooth and perfect when 

contrasted with Hamming and Hanning windows. The 

fundamental downside is that the Blackman window has 

higher equivalent noise bandwidth. 

Jagriti Saini and Rajesh Mehra (2015) displayed 

comparative examination of speech signal utilizing different 

windowing methods such as Hamming, Hanning and 

Blackman window. As every communication system 

comprises of three main parts that are transmitter, channel 

and receiver. The level of power transmitted from 

transmitter end chooses its capacity to travel up to longer 

distance with least distortion. For investigation, first of all a 

signal out of sound frequency range is chosen and after that 

a little partition of this signal is extracted utilizing framing 

strategy. The subsequent signal frame is gone through 

Hamming, Hanning and Blackman window and their 

particular power spectral densities are calculated. To 

investigate power substance of signal Fast Fourier 

Transform is utilized. It can be gotten from the reproduced 

results that the Blackman window contains almost double 

power when contrasted with Hamming and Hanning 

window. So for long distance communication Blackman 

window is utilized. The drawback of this paper is that the 

losses happen while travel long distance. 

Suresh Babu, D.Srinivasulu Reddy and 

P.V.N.Reddy (2015) utilized windowing techniques and the 

execution of Hamming, Hanning and Blackman windows 

are mainly compared depending on their magnitude 

response, phase response for designing the FIR low pass and 

high pass filters utilizing matlab. In speech processing and 

digital signal processing applications, window systems are 

generally utilized. A function which is a numerical function 

that is zero-esteemed outside the picked interval is 

considered as window function. The responses of FIR low 

pass, high pass filters can be gotten from its outline. In this 

paper, on looking at the simulation results utilizing different 

windows, we watched that Blackman window creates better 

results among them. 

Lalima Singh (2015) built up speech signal analysis 

strategy taking into account Fast Fourier Transform (FFT) 

and Linear Predictive Coding (LPC). These procedures are 

utilized to extract and compress a few elements of speech 

signal for further processing. FFT is utilized to change over 

the word signal into spectrum however FFT require just 

complex worth. LPC is used to compress the signal and 

different spectrum from unique signal spectrum is gotten. In 

this paper five samples of single word is taken by same 

individual. These samples are examined utilizing FFT and 

LPC as a part of matlab. After investigation various 

parameters of tests are gotten for FFT and LPC range 

exclusively. The primary restriction of this paper is that the 

spectrum investigation is complex procedure of breaking 

down the speech signal into comparative parts. 

Lalitha R. Naik and Devaraja Naik R L (2015) 

exhibited a low rate speech coder taking into account sub-

band coding technique. Speech coding framework is used to 

transmit speech signal with highest possible quality utilizing 

the slightest possible channel capacity. Sub-band coding is a 

technique where the speech signal is subdivided into a 
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several frequency groups and every band is digitally 

encoded independently. The audible frequency range 20Hz 

– 20 KHz is splitted into frequency sub-groups utilizing a 

bank of finite impulse response filter. Then the output of 

every filter is sampled and encoded. At the output, the 

signals are de-multiplexed, decoded and demodulated and 

afterward summed to recreate the signal. Coding test 

demonstrate that this new sub band speech coding system in 

view of multi rate sampling is used to obtain the high 

compression ratio coding of speech signal. It gives an 

adaptable variable bit rate speech coding and suits packet 

switching system. This paper mainly focusing the 

comparison of correlation values for various clean speech 

signals and correlation values for in the wake of adding high 

amplitude noise to the same speech signals. Taking 

correlation tests demonstrate that its execution is fulfilling. 

III. RESULTS AND DISCUSSION 

In the survey paper [1] the Mean Square Error (MSE) of the 

quadrature mirror filter and the delta modulation encoding 

system are compared for different values of Signal to Noise 

Ratios (SNR). The better performance is provided with 

higher SNR and lower MSE. 

SNR (dB) QMF DM 

-3 7.08 13.53 

-1 3.29 7.62 

0 1.77 3.81 

1 0.11 1.61 

3 0.01 0.34 

Table 1: Comparison of Mean Square Errors 

In the survey paper [11] decimation and 

interpolation of multirate signal processing are performed 

with six important identities. In the decimation process, 

third identity is considered as the more general version of 

second identity and in the interpolation process sixth 

identity is considered as the more general version of fifth 

identity. 

In the survey paper [18] low pass finite impulse 

response filter is implemented using Blackman window 

function. Higher frequency component of the speech signal 

is removed by using the FIR low pass filter. Blackman 

window provides higher side lobe attenuation and has wider 

main lobe width. 

In the survey paper [24] Quadrature Mirror Filter 

(QMF) is designed and implemented using sampling rate 

conversion techniques. QMF minimizes the amplitude and 

phase distortion of the reconstructed signal and hence output 

is the perfect reconstruction of the input speech signal. 

In the survey paper [3] sampling rate conversion of 

multirate signal processing is performed using up and down 

sampler. Multirate signal processing techniques are needed 

to handle signals of different bandwidths which require 

various sampling frequencies.  

In the survey paper [13] FIR LPF, HPF, BPF and 

BSF are designed and the performance of Hamming, 

Hanning and Blackman windows are compared based on 

their magnitude, phase responses and Equivalent Noise 

Bandwidth (ENBW).The response of the Blackman window 

is more smooth and perfect and ENBW is higher for 

Blackman window. 

Window (N=64) ENBW 

Hamming 1.3783 

Hanning 1.5238 

Blackman 1.7542 

Table 2: ENBW Calculations 

In the survey paper [4] performance of various 

windows are compared and their corresponding power 

spectral densities are calculated. Blackman window contains 

almost twice power as that of other windows. So for long 

distance communication Blackman window is used. 

In the survey paper [22] performance of the 

Hamming, Hanning and Blackman windows are compared 

based on their magnitude and phase responses for designing 

the FIR low pass, high pass filters. The responses of the 

Blackman window are smooth and perfect. 

In the survey paper [7] five samples of single word 

is selected by same person which are then analyzed by using 

FFT and LPC and various parameters of speech signals are 

obtained. 

 S1 S2 S3 S4 S5 

Mean 1.78 1.84 1.98 2.12 2.63 

Median 0.25 0.31 0.57 0.48 0.98 

RMS 5.97 5.6 5.10 7.30 6.49 

Table 3: Parameter Values for FFT Spectrum 

 S1 S2S S3S S4 S5 

Mean 0.211 0.15 0.21 0.23 0.15 

Median -7.16 -7.80 -9.6 -10.0 -0.12 

RMS 48.12 50.16 53.78 58.6 47.81 

Table 4: Parameter Values for LPC Spectrum 

In the survey paper [9] sub-band coding of speech 

signal method is performed and the performance is 

compared based on correlation values for different clean 

speech signals and the correlation values for different 

corrupted speech signals. 

S. 

No. 

Speech Signal 

Name (wav format) 
Samples 

Correlation 

Value 

1. Clean_S 22529 0.8313 

2. ENG_FEMALE 24326 0.9221 

3. ENG_MALE 16060 0.9020 

Table 5: Correlation Values for Different Clean Speech 

Signals 

S. 

No 

Speech Signal 

Name (wav format) 
Samples 

Correlation 

Value 

1. Clean_S 22529 0.4345 

2. ENG_FEMALE 24326 0.5899 

3. ENG_MALE 16060 0.3905 

Table 6: Correlation Values for Different Corrupted Speech 

Signals 

IV. CONCLUSION 

In this survey paper some of the multirate signals processing 

techniques are discussed and FIR filters are designed and 

implemented using different windowing techniques. 

Multirate signal processing minimizes the computational 

requirements, produces less finite word length effect and 

requires low filter order, less storage for the filter 

coefficients. In all cases, it is observed that the Blackman 

window provides better performance results among other 

windows. So Blackman window is more suitable for 

designing FIR filters.  
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