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Academic Year 2023-2024, Semester 2
Biomedical Engineering Major, Class of 2021 / Biomedical
Engineering (Upgraded Undergraduate), Class of 2023
"Digital Signal Processing' Exam Paper A

Duration: 90 minutes, Closed-book Exam
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Note: Students are expected to uphold the principles of honesty and integrity, abide by
exam discipline, and refrain from cheating. Any violation of exam rules will be dealt with
strictly in accordance with the "Shanghai University of Medicine and Health Sciences
Student Disciplinary Regulations."

Score | Gradedby | Part 1: Multiple Choice Questions (20 questions, 2 points each,

40 points total. Select the correct answer; no points will be

Wang )
30 awarded for unanswered or incorrect answers.)
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1.The sequences x(n)={0, 1/2, 1, 3/2}, h(n) {1, 1, 1}are given. The length of their convolution sum
is ¢ )

A4 B.5 C.6 D.7
2. x(n) = Acos (57m /8+ 7[/6) ,The period of the sequenceis ( )
A.16 B.16m C.S5 D.5w

3.1If a continuous-time signal is ideally sampled and satisfies the Nyquist sampling theorem without spectral
aliasing, it can be accurately reconstructed usinga ()
16 m
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A.Ideal low-pass filter B.Ideal high-pass filter ~C.Ideal band-pass filter D.Ideal band-stop filter
4.Which of the following systems is linear?  ( )

Ay(n) = Re[x(n)] B.y(n) = kx(n) +m
cy(n) = [x(m)]* D.y(n) = Lh=—x x(m)

5. Which of the following linear time-invariant systems is non-causal?  ( )
A. h(n) = Zu(n) B. h(n) = —a"u(—n—1)
C. h(n) = 0.5"u(n) D. h(n) = &(n)

6.Generally, the region of convergence for a () sequence is a circle with the radius equal to the smallest
pole magnitude of X(z)

A .Left-sided B.Right-sided C.Two-sided D.Causal
7.X(z)=1/(1-zY),]z|>1, the x(n)is ( )

A.u(n) B.u(-n) C.-u(n) D.-u(-n-1)
8. Z[x(n)]=X(z), 1<|z|<2, the Z[x(-n)]is ( )

A X(-2),1<|z|<2 B.X(-2),0.5<|z|<1 C.X(1/2),1<|z|<2 D. X(1/2),0.5<|z|<1
9. The imaginary axis in the S-plane corresponds to the () in the Z-plane ( )
A. Imaginary axis B.Real axis C.Unit circle D.Ray

10. Given the signal x(n)={4,3,2,1}if x,(n) =x((n—-2)),R,(n), thenxi(n)is ¢ )

A xi(n)={1,2,3,4} B. xi(n)={2,1,4,3}
C. x1(n)={2,4,1,3} D. xi(n)={4,3,2,1}
N-l
11. The expression for the DFT of a sequence is X (k) = Zx(n)Wli,m » From this, the length of the
n=0

sequence in the time domain and the interval between two adjacent frequency points in the

transformed frequency domain are ()

A N2E B N-1,2% c. N2 b N-1,-2%
N N N+1 N+l

12. Which of the following statements about the properties of the Discrete Fourier Transform (DFT) is

incorrect? ( )
A.The DFT is a linear transformation
B.The DFT has implicit periodicity
C.The DFT can be viewed as the sampling of the sequence's Z-transform on the unit circle
D.The DFT can precisely analyze the spectrum of continuous signals
13. Regarding the FFT, which of the following statements is incorrect? ( )
A.The FFT is a new type of transform
B.The FFT is a fast algorithm for the DFT
C.The FFT can be divided into time-decimation and frequency-decimation methods

D.The base-2 FFT requires the sequence length to be a power of 2
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14. For an N-point radix-2 FFT with N=2L (where L is an integer ) , the number of stages of butterfly

operations required is  ( )

A.N B.L C.2L D.2N
15. Which of the following is not a commonly used indicator for characterizing filter performance in
practice? ()

A Filter order ~ B.Maximum passband attenuation C.Minimum stopband attenuation =~ D.Passband
cutoff frequency
16. For a Butterworth low-pass filter with order N=2, the number of poles in the magnitude-squared
functionis ¢ )

A.2 B.4 C.6 D.8
17. For a Butterworth low-pass filter with order N=4 i, , the angular spacing between the

poles of Ha(s) Ha(-s) on the S-planeis ¢ )
A.1/2 B. /4 C. /6 D. n/8

18. If a Butterworth low-pass filter requiresd, = 4dB, then‘H (jQp )‘ is ( )

A.0.2 B. 0.37 C.0.63 D.1
19. Which step in the design process of an IIR digital filter is incorrect?  ( )

A. Convert the given digital filter specifications into analog low-pass filter specifications

B. Design a normalized analog low-pass filter prototype Han(s) based on the converted
specifications

C.Transform Ha(s)into Han(s)

D. Convert the analog filter into a digital filter

20. Given the difference equation of a filter: y(n) =—0.5y(n—1)+x(n) , , its system function is

( )
A H(Z)—; B H(Z)—;

' 1+0.527" ' 1-0.52""

A A
CH(Z)=—"—— D. H(Z)=——"——
2) 140527 2) 1-0.527"

Score | Gradedby | Fart2:True or False (10 questions, 1 point each, 10 points
total. Mark V for correct statements and x for incorrect

Bai ones.)
9
Baodan
1. Sampling a continuous signal in the time domain results in a
periodic extension of its spectrum in the frequency domain. C v
2.The system represented by y(n)=g(n)x(n) is time-invariant. C x )

3.The region of convergence for a right-sided sequence is the exterior of a circle with radius
equal to the largest pole magnitude of X(z). C D
4.The Z-transform on the unit circle is equivalent to the Laplace transform of the sequence.
C x )
5.Increasing the data length N during spectrum analysis can improve physical resolution.
Therefore, zero-padding at both ends of the signal can enhance physical resolution.
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C x )
6.Spectral leakage and aliasing are inseparable. Leakage can cause aliasing because it spreads the
spectrum, potentially allowing high-frequency components to exceed the folding frequency,
leading to distortion. C N
7.A digital filter is a discrete-time system that can selectively remove certain frequency
components from the input signal to achieve signal processing. GRS
8.The poles of the Butterworth low-pass filter function Ha(s)Ha(-s) are distributed on an elliptical
circumference in the S-plane. C x )
9.Mapping an analog filter to a digital filter involves transforming the Z-plane into the S-plane.
« A )
10.An FIR filter with h(n)={0,1,3,1,2} has linear phase. C x )
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1.According to the Nyquist sampling theorem, to avoid distortion when sampling a band-limited

signal, the sampling frequency f, and the signal's highest frequency fiyq. must satisfy the

relationship: f.22f

2.A linear system must satisfy both additivity and decomposability

3.For a linear time-invariant system with impulse response h(7) = a™u(mn) (where @ is a real

constant), the condition for system stability is 0< z a,< o
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4.The bilateral Z-transform of a discrete sequence x(n) is defined as X(z)

5.Methods for finding the inverse Z-transform include the contour integral method (residue

theorem),__ partial fraction decomposition , and the power series method (long division).
6.1f Z[x(n)]=X(2), then Z[x(n+m)]= x(mz)
N-1
7.The Fourier transform of a sequence is defined as DTFT[x(n)]= z x( )e Jon
n=0
8 The N-point DFT of (1) .
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9.A continuous periodic time-domain signal is necessarily aperiodic discrete in the

frequency domain.

10.The basic computational unit of the radix-2 FFT algorithm is the .

11.The magnitude response of a Butterworth filter depends on N. As the filter
order N _increase __, the passband becomes flatter, and the transition band becomes
sharper.

12.Common methods for mapping analog filters to digital filters include  frequency response

invariant method , the step-invariant method, and the bilinear transform method.

13.Physically realizable filters typically include a between the passband and stopband.

14.FIR filters can achieve strict low frequency characteristics while allowing arbitrary

magnitude responses.

15.In the basic IIR structures, direct Form II requires fewer __ section  than direct Form L.
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Part 4: Short Answer Questions (4 questions, 5 points each, 20

points total)
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1.Given the sequence x(n)=sin(nm/4)+sin(nm/6), determine its period.

14 EEF x(nd=sin(n = /) +sin(n = /6), R x(n) K,
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Take the least common multiple of T1 and T2 as 24.
Thus, the period of x(n) is 24.

2. For the sequence x(n)=0.5", find its Z-transform and region of convergence.
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3. If a general-purpose computer takes 100 ps to compute one complex multiplication and 20 s for

one complex addition, calculate the time required to compute a 1024-point DFT directly and using the
FFT.

Directly calculate the DFT complex multiplication
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addition of complex quantities

calculate the DFT by FFT ~ complex multiplication
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addition of complex quantities

4. Design a Butterworth filter meeting the following specifications: passband edge

frequency {1 = 157 rad/s | maximum passband attenuation &, = 3dB , stopband edge

frequency {1, = 25m rad/s | and minimum stopband attenuation &, =20dB . The

coefficients of the normalized filter system function are provided in Table.
Table 1: Coefficients of the Normalized Filter System Function

a, 1, ity f, flg g a1~ fig flg
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1.4142

2

2

2.6131

3.4142

2.6131

3.2361

5.2361

5.2361

3.2361

3.8637

7.4641

9.1416

7.4641

3.8637

4.494

10.0978

14.5918

14.5918

10.0978

4.4940

5.1258

13.1371

21.8462

25.6884

21.8462

13.1371

5.1258
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5.7588

16.5817

31.1634

41.9864

41.9864

16.5817

31.1634

5.7588
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6.3925

20.4317

42.8021

64.8824

74.2334

64.8824

42.8021

20.4317

6.3925
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