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 •   In decimation and interpolation, the sampling rate conversion is achieved 

by integer factor (because D and I are integers) 

•  When sampling rate conversion is required by non-integer factor, it is 

possible to perform sampling rate conversion by a rational factor 1/D 

•  The Sampling rate conversion by a factor 1/D, involves the following steps 

1. Perform interpolation by a factor I 

2.   Filter  the output of interpolator using a lowpass filter (anti-imaging filter) 

with bandwidth 𝛑/I 
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 3. The output of anti-imaging filter is passed through another lowpass filter 

(anti-aliasing filter) to limit the bandwidth of the signal to 𝛑/D 

4. Finally the signal bandlimited to 𝛑 / D  is decimated by a factor D 

• The process of sampling rate conversion by a factor I/D is shown. In order 

to preserve the spectral characteristics of x(n), the interpolation has to be 

performed first and decimation has to be performed next 

• The two lowpass filters with bandwidth 𝛑/I and 𝛑/D  can be combined to a 

single lowpass filter with a bandwidth minimum among 𝛑/I, 𝛑/D as shown 
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 •  Consider the sampling rate converter, which performs sampling rate 

conversion by a factor I/D. Here, the discrete time signal x(n) is first 

upsampled by an integer factor I, then bandlimited using a lowpass filter and 

finally downsampled by an integer factor D  
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 •  Let, x(n) = Input signal 

•  x(n/I) = v(l) = Upsampled version of x(n) 

•  w(l) = Bandlimited version of v(l) 

•  w(Dl) = y(m) = Decimated version of w(l) 

•  Let X(ejω), V(ejω), W(ejω) and Y(ejω) are spectrum of the signals x(n), v(l), 

w(l) and y(m) respectively 

•  For interpolation by an integer factor I, the frequency spectrum of output 

signal of interpolator is given by equation  

 V(ejω)= X(ejωI) 
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•   Let, h(l) = Impulse response of the lowpass filter 

•   H(ejω) = Frequency response of the lowpass filter 

•   The lowpass filter is designed to have a cutoff frequency ωc  which is given  

by minimum among 𝛑/I, 𝛑/D  
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 •  Therefore, the output spectrum of lowpass filter W(ejω) can be written as 

 

 

 

 

•For decimation by an integer factor D, the frequency spectrum of output 

signal of decimator is given by    
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 •  Since there is no aliasing in the output, the above equation can be evaluated 

for k=0 alone 

 

 

 

 

 

 

• The above eqn is the spectrum of sampling rate converter by a rational factor I/D 
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 •   Digital Filter Banks: A digital filter bank is a set of bandpass filters. The digital filter 

banks can be classified into two types. They are 

1. Analysis filter banks 

2. Synthesis filter banks 

• Analysis Filter Banks: An analysis filter bank is a set of bandpass filters with 

common input as shown. The analysis filter bank is used for spectrum analysis in 

which a signal is divided into a set of sub-band signals 

• The analysis filter bank consists of M numbers of sub-band filters so that the input 

signal x(n) is divided into M-numbers of sub-band signals v0(n), v1(n),v2(n),...vM-1(n) 
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 • Here H0(z), H1(z),H2(z),......HM-1(z) are transfer function of M-numbers of bandpass 

filters. 

• Synthesis Filter Banks: A synthesis filter bank is a set of bandpass filters used to 

combine or synthesis a number of sub-band signals into a single composite signal as 

shown 

• The analysis filter bank accepts M numbers of sub-band filters w0(n), w1(n), 

w2(n),.......wM-1(n) combined to give a signal y(n) 

• In fact the synthesis filter bank perform the reverse process of analysis filter bank. 

Here G0(z), G1(z),G2(z),......GM-1(z) are transfer function of M-numbers of bandpass 

filters. 
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 • In sub-band coding of speech signals, the speech signals is divided into sub-bands, 

decimated, encoded and transmitted to the receiver system 

• On the receiver side the sub-band signals are decoded, interpolated and synthesized 

into the original speech signal 

• In the transmission side, the input signal is split into M-numbers of non-overlapping 

frequency bands using an analysis filter bank consisting of M-numbers of bandpass 

filters. The output of each bandpass filter is decimated by a factor of D. The output of 

decimators are encoded and transmitted 

• On the reception side, the received sub-band signals are decoded and then 

interpolated to recover the missing samples 
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 • The output of interpolators are applied to a synthesis filter bank consisting of          

M-numbers of bandpass filters to recover the original signal 
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 • The QMF banks are filter banks with complementary frequency response. The basic 

building blocks of QMF bank is a two channel quadrature mirror filter (QMF) 

• A two channel QMF consists of an analysis section and  a synthesis section as shown 
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 • The analysis section consists of a lowpass filter and highpass filter with symmetrical 

frequency response with centre of symmetry at 𝛑/2 as shown. The output of the 

filters of analysis section are decimated by 2 and transmitted 

• In the synthesis section, the received signals are upsampled/interpolated by 2 and 

passed through two filters, whose frequency responses are selected to exactly cancel 

the effect of aliasing due to decimation by spectrum imaging due to interpolation 

• The main advantage of QMF filter is that the aliasing resulting from decimation in the 

analysis section is exactly cancelled by the image signal spectrum that arises dur to 

interpolation. Hence the two-channel QMF section behaves as a linear time invaraint 

system 
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