
Multidimensional Signal Processing Elective Course  

Problem Assignment #2 

 
 

 

1. Design a digital band-pass filter that can be used to filter ECG signals given the 

following specifications: sampling rate 250 Hz, low cutoff frequency 1 Hz, high cutoff 

frequency 45 Hz, passband ripple < 1dB, stopband attenuation 60 dB. Compare the 

designs from different FIR/IIR digital methods and state your preferred method and why. 

 

2. Compute the Fourier transformation for the following shapes: 

 

  
3. Verify the projection slice theorem using projections of a rectangular function of width 

a and height b at angles 0°and 90°. 

 

4. In an embedded DSP system, a DSP processor that allows real-time processing of data. 

The DSP system computes the spectrogram for a biomedical signal under the following 

conditions: sampling rate: 10 kHz, window size= 128, number of windows to compute 

per second=100, a hamming window is used in each case and averaging is not used. 

Design a suitable digital signal processing method to do that and estimate the processing 

power required (in terms of an order of computations/second). 

 

5. In infrared spectroscopy system, it is desired to calculate an accurate power spectrum 

for a biomedical signal. Assume that the sampling rate is 1 MHz and the number of 

samples acquired is 100000 samples. Design an algorithm to calculate the power 

spectrum of the data given that the desired frequency domain resolution is 1 kHz. Make 

sure that the SNR of the resultant power spectrum is optimal.       
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5. Answer the following question with either True (T) or False (F) and give your reasons: 

 

a. The theory of infinite impulse response digital filters has roots in analog filter 

design methods.  

b. Windowing is mainly used to reduce the length of the data to be processed by 

FFT and consequently reduces the required computation time. 

c. The discrete Fourier transform is an approximation for discrete time Fourier 

transform. 

d. It is possible to completely recover an analog signal from its digital samples if the 

sampling rate was higher than the bandwidth of the signal. 

e. Sampling rate required for a given signal is usually much higher than the 

sampling rate required for the quadrature version of the same signal.   

f. Spectral leakage has the same source and meaning as Gibbs ringing. 

g. Power spectrum estimation is best used for signals with time-varying frequency 

content. 

h. Stability in digital filters means correct computations without overflow or 

underflow. 

i. It is possible to optimize both the main lobe width and side lobe magnitude 

simultaneously using different windows. 

j. Spectrograms are two dimensional images with a horizontal axis of time and 

vertical axis of frequency. 

k. The only Fourier transform property used in DTFT is the time-domain sampling 

resulting in a periodic Fourier transform. 

l. Linear convolution cannot be computed using the DFT. 

m. Real signals always have a symmetric Fourier transformation magnitude. 

n. Fourier transformation properties change in its multidimensional extensions. 

 

 

 

 


