SGN-11007 Introduction to Signal Processing 17.10.2019

SGN-11007 Introduction to Signal Processing,
Final Exam, 17.10.2019,
Sari Peltonen

e Own calculators can be used in the exam.
» You may take the examination paper with you.

1. (a) Analog signal consists of a single sine wave with the frequency 500 Hz. A system

samples the signal at intervals of T = s s.

i. What is the Nyquist frequency? (1p)
ii. Does aliasing happen? (1p)
iii. What is the observed frequency of the sine wave in the digital signal after the
sampling? (1p) )

(b) Calculate the DFT of the sequence x(n) = (—1, 0,2,3,0,0,-3,3) using the FFT algo-
rithm. You can skip part of the calculations by utilizing this information: the DFT
of the sequence (—1,2,0,-3) is (—2,—1 — 5i,0,—1 + 5i) and the DFT of (0,3,0,3) is
(6> O) _6> O) (3p)

2. An infinitely long impulse response of a filter is shown in Figure 1.

(a) Is the filter an FIR or IIR filter? Justify. (2p)
(b) Give the transfer function of the filter. (2p)
(c) Is the filter stable? Why / why not? (2p)
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Figure 1: Impulse response of Task 2.

3. The signal x(n) with the sampling rate 25 kHz should be converted to a signal with the
sampling rate 15 kHz. Determine the steps of the conversion as a block diagram using
resampling ((T_L] and M) and low-pass filtering (H(z) ). Specify the passband and
stopband intervals of the required low-pass filters in normalized frequencies, when the
frequencies on the interval 0 — 3.75 kHz are to be preserved. (6p)
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4. Design using the window design method a filter (i.e. find out its impulse response) satis-
fying the following requirements:

Stopband [12 kHz, 16 kHz]
Passband [0 kHz, 10 kHz]
Passband ripple ' 0.5dB
Minimum stopband attenuation 20dB
Sampling frequency 30 kHz

Use the tables below. (6p)

5. (a) When designing an LDA classifier for the data in Figure 2, the covariance matrices of
the classes were found to be:

172 0 1/2 3
-9 o=l )
What is the vector w for this LDA classifier? (4p)

(b) What is the class of the sample (—3, —4) when you classify it with the LDA classifier.
Justify the selection of the class. (2p)
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Figure 2: Material of Task 5.
Tables
Ideal Impulse response when
filter type n#0 n=>0
Low-pass 2f sinc(n - 27f,) 21,
High-pass —2f.sinc(n - 27tf,) 1—2f,
Band-pass | 2f;sinc(n - 27tf;) — 2fisinc(n - 27tfy) 2(f, —11)
Band-stop | 2fisinc(n - 2ntfy) — 2f;sine(n - 27tfy) | 1—2(f, —f4)
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Name of Transition Passband | Minimum Window expression w(n),

the window | bandwidth ripple stopband when In| < (N —1)/2

function (normalized) | (dB) attenuation (dB)

Rectangular | 0.9/N 0.7416 21 1

Bartlett 3.05/N 04752 |25 —

Hanning 3.1/N 0.0546 44 0.5 + 0.5 cos (%2%)

Hamming | 3.3/N 0.0194 53 0.54 4 0.46 cos (Z)

Blackman | 5.5/N 0.0017 | 74 042 4 0.5 cos (Z) + 0.08 cos (*2%)
Equations

—~b + +/b? —4ac

X’ +bx+c=0&x =
2a

=
2
]

Xo(m) +w"X; (n), whenn=0,1,2,...,N/2 —1
X(n) =Xo(n —N/2) + WX (n —N/2), whenn =N/2,N/2+1,...,N—1

Some Wikipedia pages that might be useful

Buppose two classes of observaiions have means [iy, §, and covariances By, Xy Then ihe ingar combination of features @ - & wil
have means & « Ji; and varances & 8 for i = 0, 1. Fisher defined the separation between these iwo disiriuions to be the ratio
of the varlance behween the classes 1o the vardance withio the classes’

. G’gbetwean . {{é'ﬁ'i *‘{‘:‘En}g - (ﬁ' {;‘i'l wﬁ[}))z

by - ) fd 4 =4 =7 N ¥
& ithin wz*zlw e wTEg’w @ (g -+ Ty i
This measure Is, in some sense, 3 measure of the signal-lo-naise ralio Bor the class tabelling. It car be shows thal the maxmum
separalion ocowrs when

B e (To + 5B, - By)

Winen the assumpiions of LDA ane satisfied, the above equation is equivalent to LDA.

Be sura i note that the vector 4 is the normal to e discriminant hypamilane As an exampiz, in a two dmensional prablam, the line
that best divides the two groups ks perpendictiar io 4.
Generally, the data points 1o be discriminated are projected onio 0 then e threshold that best separates the data is chosen from
analysis of the one-dimensional distribution. There is no general rule for the threshole. However, if projections of paints from both
classes exhibit approximately the same distributions, a good cholce wouid be the hyperplane betwesn projections of the wo means,
i« jiy and @ - fi, . In this case the parameter ¢ in threshold condition i - 3 > ¢ can be found explicity:
P Lorags  lorg o
=W gl + i) = 5 By iy — Sl 55y
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A more condensed B of the differonce eguation &

1 (& g "
yln] = P ; Zbia;[n -4} - Eajy[n — 4]

St} el

which, whan resrranged, becomes:

o £
S ayln— =3 bzln—i

3= =D

To find the fransier unction of the fiker, we frst ake the Z-transfornt of each side of the above equalion, where we use the Uime-shift

property 1o oblain
Q ] s .
S V(e = b X(2)
J=h i=0 -

We deling the ransfer functon o bes
Y(z)

H{z) = ——
©= %)

P -
g:i:{} h‘ z

| Zf;in a5z

Consziderng that in most IR filter designs coafficient &g 5 1. the IR filter transfer function takes the more traditional form

v}iu ih_;‘»:—i
H(z) = =T
1+ E%l azz

invarsion of 2 x 2 matrices | edt |

The cofacior equation listed sbave yields the following result for 2 x 2 matrices. inversion of these matrices can be done as follows:

AmimabdM 1 [d=b]_ 1 d ~b
T le d]  detA|l—c e ad-bel—c a]

Techniques e | |
Conceptual approaches {o sample-rate conversion include: converting to an analog continuous signal. then re-gampling at the naw
rate. or cafcdlating the salues of e new samples dirsclly from the old samples. The latter approach i5 more sabisfaclory, since it
infroduces less noise and distortion P! Two possible implementation methods are a5 follows:
1. if the ratio of the two sample rates is (or can be approximated by 154 a fived rational number U4 generate an intermediate
signal by inserting L — 1 03 between each of the orginal samples. Low-pass filter this signal at half of the lower of the wo raies.
Selact every M-I sample rom the Hitered outpll, to obtain the resull B
2. Treat the samples as geomelric points and create any nesded new polnts by interpolation. Chonosing an interpolation method is
2 irade-off between implementation complexity and conversion quality {atcording 1o application reguirements). Commonly used
are: Z0H (for filpvvideo ramesh. cubic (for Image processing) aad windowed sine funtlinn (or audio).
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