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ABSTRACT 

 
The finite impulse response filters are well known to have some 
desirable properties like stability, linear phase response. The main 
drawback of these filters is the large amount of arithmetic 
operations needed in implementation, especially for the filters 
with narrow transition band. In order to cope with the 
computational complexity of sharp narrowband FIR filters, the 
interpolated FIR (IFIR) filter technique is introduced. The basic 
idea of it is to implement the filter as a cascade of two FIR 
sections. 
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1. INTRODUCTION 

 
 A multi rate system is characterized 
by the property that the signals at different 
sampling rates. Such systems are used for 
video and audio processing, communication 
systems, general digital filtering, transform 
analysis and more. The two basic operations 
in multirate systems are decreasing and 
increasing the sampling rate of signal. The 
former is called decimation, or down-
sampling and the later is called interpolation, 
or up-sampling. 

Interpolator 
 
 The interpolation is a process of 
increasing the sampling rate by a factor of  
M. An interpolator is symbolically shown in 
Figure 1. 
 

 
Fig. 1 Interpolator 
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 It is achieved by an up sampler 
followed by a low pass filter ( )ωjeG whose 
impulse response is( )ng . 
In time domain, it is defined by 
 

( )nY  = ( )MnX /  for   
n=0, ±M, ±2M  = 0                      (1) 
Otherwise               
 
 This operation inserts m-1 zeros 
between the sample values and reindexes the 
time scale. This increases the clock rate by a 
factor of m as shown in figure 2. 
 

 
 

Fig. 2 Interpolation process 

The interpolation has two effects. 
i. Stretching the time axis indices a 

compression in frequency domain. 
ii. Forcing the signal to pass through the 

zeros between samples.  
In the frequency domain, we have 
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On the unit circle, Y (ejω)=X (ejωM) 
 
 That is, in ( )ωjeY , the frequency 
spectrum of ( )nx which extends between 0 
to 2π will be compressed between 0 to 2π/M 
and from 2π/M to 2π the compressed images 
of ( )ωjeX will appear. To get the desired 
interpolated signal, ( )ny  is filtered by a low 
pass filter with cutoff frequency π/M and 
this filter is called interpolation filter or 
image rejection filter. The interpolator is 
also known as Expander. 
 

Decimation 
 

 The decimation is a process of 
reducing the sampling rate of a signal by a 
factor M. The schematic of a process of 
decimation is shown in Figure 3. 
 

 
 

Fig.3 Decimator 
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 A full band signal is passed through 
a filter (low pass/ high pass / band pass) and 
its output is sub sampled to get the 
decimated version of the input. Typically, a 
low pass filter is used in the place of
This restricts the bandwidth so as to avoid 
aliasing due to sub sampling of the 
sequence. This filter is called as an 
aliasing filter. The decimator is also known 
as down sampler or sub sampler
compressor. In the time domain, the 
decimation of sequence ( )nx

means ( )ny = ( )Mnx . The compression is a 
time variant process.  
 
This paper is organized as follow
II gives the Interpolated FIR filter approach.
IFIR Highpass & Bandpass Filter
presented in section III. Section IV gives 
Results.  Conclusions are given in Section 
V. 
 
2. THE INTERPOLATED FIR 
    APPROACH 
 
 Principle is explained first for 
narrow band LPF, whose cut-
are considerably lower than the sampling 
rate. Figure 4 shows the two stages IFIRF.
 

 
Fig .4 Interpolated FIR filter

 
 Both filter stages are processed at 
the same sampling rate, means the sampling 
rate of output is same as that of input.
 The transfer function of the first 
stage ( )LzG is a function of
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Principle is explained first for 
-off frequencies 

are considerably lower than the sampling 
rate. Figure 4 shows the two stages IFIRF. 

 

Fig .4 Interpolated FIR filter 

Both filter stages are processed at 
the same sampling rate, means the sampling 

t is same as that of input. 
The transfer function of the first 

is a function of Lz . It can be 

implemented, for example with a transversal 
filter with the transfer function 
which each delay element 1−z
by a series of l delay elements, equivalent to 
an element Lz − as shown in figure 5.
equivalent to inserting l-1 zeroes between 
the original coefficients of ( )zG

 

 
Fig.5: Transversal filter (G

 
 
 While moving from 

( )ΩjLeG , the frequency response is 
compressed by a factor of L and L
frequency responses are produced as shown 
in Figure 6. 
 

 
Fig 6.   Amplitude frequency responses 

( )ΩjeG  and ( )ΩjLeG  

476 

497) 

implemented, for example with a transversal 
filter with the transfer function ( )zG  in 

1 is replaced 
by a series of l delay elements, equivalent to 

as shown in figure 5. This is 
1 zeroes between 

) . 

 

( )Lz  

( )ΩjeG  to 
, the frequency response is 

compressed by a factor of L and L-1, image 
frequency responses are produced as shown 

 

Fig 6.   Amplitude frequency responses  
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 The frequency response in the 
baseband of ( )ΩjLeG is L times narrower than 
the frequency response ( )ΩjeG  of the 
prototype, when the same numbers of 
coefficients are used. The subsequent filter 

( )zI  is used to eliminate the image transfer 
functions. The overall filter ( )zH = ( )LzG .

( )zI  Then consists of the baseband 
components of ( )LzG . 
 
      The compression of the spectrum 
reduces the computational complexity by a 
factor of L. However, we must also add in 
the complexity given by anti-imaging filter

( )zI . With an approximate choice of the 
factor L, the filter slope of ( )zI  can be, made 
substantially less steep, when compared with 
the required filter ( )zH , so that in general 

( )zI has only small number of coefficients. 
       
 Note that the filter ( )LzG  in Figure 4 
cannot be operated at a sampling rate that 
has been reduced by a factor of L. In each 
delay chain LZ − , L different i/p values are 
stored, which are processed at the original 
sampling rate. All of these contribute to the 
final output signal ( )ny . All filter operations 
are performed at the original samplingrate 
with the coefficients

( ) ( ) ( ) ( )1..............2,1,0 −Nhhhh . The actual 
benefit of this method is that the number of 
coefficients is reduced. 

 
Design Procedure for IFIR Filter 
 
 Let us consider the synthesis of the 
filter ( )zH  given the cutoff frequencies 

PΩ  
and

SΩ .  

Step 1: Find  a  suitable  interpolation  factor  
L  such that first image frequency  response 
can  be  separated  from  the  base  band  
frequency  using  a  filter    ( )zI with  low 
complexity. 
 
Step 2: The  prototype  ( )zG   is  to  be  
designed  with  the  passband  cutoff  
frequencies  
 

PGP L Ω=Ω ., and  
 

the stopband cutoff frequencies   
 

SGS LΩ=Ω .,  

 
Step 3: The passband cutoff frequency 

IP,Ω

of the anti-imaging filter ( )zI can be chosen  
as 

PΩ (as the required filter ( )zH ), 
PIP Ω=Ω .,
 

 
Step 4: The  Stopband  cutoff  frequencies 

IS ,Ω of ( )zI  must be   
SIS L Ω−=Ω /2, π  

which is shown in figure 7. 
         The required passband ripple Pδ of 
the filter ( )zH  must be distributed among the 
passband ripple of the filter  ( )zG  and ( )zI . 
 
( )( ) pIPGP δδδ +=++ 11.1 .,                     (4) 

 

If the ripple Pδ  is small we can use the 
approximation. 
 

( ) ( ) PIPGP δδδ ≅+ .,                              (5) 

 
If the stopband ripple Sδ  of ( )zH  is known 

then for the stopband ripple of the filter 
( )zG  and ( )zI . 
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( ) ISSSIPGS S ,,,, 1. Ω≤Ω≤Ω=+ δδδ  

And 
( ) πδδδ ≤Ω≤Ω=+ FSSGPIS S ,,,, 1.    (6) 

 
Provided Pδ  is small it is possible to make 
further approximation

SISGS δδδ ≈= ,,
. 

 
3. IFIR HIGHPASS AND BANDPASS  
    FILTER 
        
 In the above cases considered the 
interpolation filter ( )zI  was used to select 
the passband of ( )LzG , and remaining 
passbands. However it is also possible to 
implement ( )zI  as Highpass and Bandpass 
Filter. Using same Kernel filter ( )LzG then 
produces an IFIR Highpass or Bandpass 
Filter. 
      It is also possible to derive a 
Highpass Interpolated Filter fHP(n)from the 
Lowpass interpolated, this is done by 
changing the sign of every second 
coefficient: ( ) ( ) ( )nfnf LP

n
HP .1−= . 

 
4. SIMULATION RESULTS 
 
Interpolated FIR HPF Filter and 
Subfilters  
 
 We have designed IFIR filter with 
specifications in table 1. Then a 
conventional filter design using the Parks 
McClellan algorithm would require an order

233=N . The IFIR design for interpolated 
factor 2=L  with single-stage of ( )zI  uses 
N=182. Notice that the system ( ) ( )zIzG 2  has 
linear phase property since ( )zG and ( )zI have 
this property. 

Table 1 Specifications for the design. 

1 Sampling frequency 2000Hz 

2 Passband Edge Frequency     0.09π 

3 Stopband Edge Frequency     0.11π 

4 Passband Ripple                     0.02 

6 Stopband Attenuation             0.001 

 

 
 

Fig.8  Frequency response of IFIR HPF and its 
subfilters 

 

 Figure 8, shows the frequency 
responses for the IFIR LPF filters with 
single-stage ( )zI and 2=L  as well as the 
frequency responses for the subfilters, ( )zI  
and ( )2zG .   
 

Interpolated FIR HPF Filter and 
Subfilters  
 
 The Highpass interpolated filter can 
be derived from the lowpass interpolated 
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filter shown in Figure 8. This is done by 
changing the sign of every second 
coefficient of the IFIR lowpass filter. The 
frequency response of IFIR highpass filter as 
well as the frequency responses for the 
subfilters, ( )zI  and ( )2zG  is shown in Figure 8. 
 
5. CONCLUSIONS 
 
       IFIR filter design methodology 
decomposes the sharp narrow pass band 
filter into a periodic model filter and an 
image suppressor. The Interpolated FIR 
design is computationally very efficient and 
also this approach offers less complexity in 
filter design phase. 
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