
CSE166 – Image Processing – Midterm
Instructor: Prof. Serge Belongie

https://sites.google.com/a/eng.ucsd.edu/cse-166-fall-2012/
2:00-3:20pm Wednesday November 7, 2012.

On this exam you are allowed to use a calculator and one 8.5” by 11” sheet of notes. The total
number of points possible is 35. In order to get full credit you must show all your work. Good
luck!

1. (10 pts) Indicate T for True or F for False for each question and provide a brief justification
for your answer.

(a) The Fourier Transform of a Gaussian is a Gaussian.

(b) The system H[f(x)] = f(2x) is shift invariant but not linear.

(c) The first row or column of the DFT matrix W is known as the Nyquist component.

(d) The Gaussian function is a discrete approximation to a binomial kernel.

(e) The DFT of an odd symmetric function is purely imaginary.

(f) If f(x) is a narrow box, then F (u) is a wide sinc.

(g) R−G, B − Y and (R+G+B)/3 are color opponent channels.

(h) The first step of Canny edge detection is convolution with an LoG filter.

(i) The 8-point DFT of f(x) = sin(πx/2) has exactly 2 nonzero values.

(j) A 16-point FFT decomposes the problem into 16 2-point DFTs.

2. (5 pts) Consider the system H[f(x)] = 1
2f(x)f(x− 1).

(a) Is this system linear? If it is linear, what is the impulse response?

(b) Is this system shift invariant?

3. (10 pts) As discussed in class, histogram equalization works perfectly in the continuous case,
but only approximately in the discrete case.

(a) What is the quantity that is either continuous or discrete in this problem?

(b) Write down the expression for histogram equalization in both cases.

(c) The transformation used in histogram equalization corresponds to a well known function
in probability and statistics. What is this function?

(d) Explain why histogram equalization only works approximately in the discrete case. Pro-
vide an illustration to support your answer.

4. (10 pts) Let h1(x) denote a piecewise continuous function that is equal to 1/a for x ∈
[−a/2, a/2] and zero elsewhere. Clearly label the axes in all plots in this problem.

(a) What type of filter is h1(x): lowpass, bandpass, or highpass?

(b) Write down the Fourier Transform of h1(x) and sketch it. Call it H1(u).

(c) Create a new filter h2(x) by convolving h1(x) with itself. Draw a sketch of h2(x).

(d) Explain how to obtain the Fourier Transform of h2(x) in terms of H1(u).

(e) Suppose we repeatedly convolve h1(x) with itself. What function does the resulting signal
start to resemble? What is its Fourier Transform?


