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Sari Peltonen

¢ Oma laskin sallittu.

* Tenttikysymyksii ei tarvitse palauttaa.

1.- (a) Analoginen signaali koostuu yhdest siniaallosta, jonka taajuus on 1200 Hz. Signaa-
lista otetaan naytteitd 155 sekunnin vilein.
1. Miké on Nyquistin rajataajuus? (1p)
ii. Tapahtuuko laskostumista? (1p)
iii. Miksi taajuudeksi mainittu sinitaajuus tulkitaan niytteistimisen jalkeen? (1p)

(b) Laske vektorin x(n) = [1, 8,7, 3]" diskreetti Fourier-muunnos. (3p)

2. (a) Signaalin x(n) niytteenottotaajuus on 40 kHz. Se muunnetaan signaaliksi, jonka
ndytteenottotaajuus on 25 kHz. Signaalin olennaisin informaatio on taajuuskaistal-
la 0 — 12 kHz, joka tulee siilyttia sellaisenaan ilman vaimennusta. Anna tarvittavien
alipadstdsuodinten siirtymékaistat normalisoituina taajuuksina. (Bp)

(b) Tarkastellaan alla olevassa kuvassa katkoviivalla merkittyd kolmen lohkon LTT jar-
jestelméda. Lohkojen H;(z), H,(z) ja H3(z) impulssivasteet ovat
hin) = d8(n—1)+38(n)
hy(n) = 8(n+2)—28(n)+8(n—2)
hs(n) = d(n)—38mn—1).

Miké on kokonaisuuden (x(n) — y(n)) impulssivaste h(n)? (3p)

3. Oletetaan, ettd kausaalisen LTT-jarjestelmédn herite x(n) ja vaste y(n) toteuttavat seuraa-

van differenssiyhtilon:

1—az™

H(z) = T—Tbz) "

missd vakiot a,b € R, a #0jab #0.

(a) Méérita herédtteen x(n) ja vasteen y(n) vilinen differenssiyhtils. (2p)
(b) Milld vakioiden aja b arvoilla jirjestelma on stabiili? (2p)

(c) Piirrd napa-nollakuvio tapauksessa a = —1ja b = 1.(2p)
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4. Suunnittele ikkunamenetelmall suodin (selvitd kisin impulssivasteen lauseke), jonka
vaatimukset ovat seuraavat:

Estokaista [0 kHz, 6 kHz]
Paastokaista [? kHz, 16 kHz]
Pdastokaistan maksimivarahtely 0.5dB
Estokaistan minimivaimennus 43 dB
Naytteenottotaajuus 32kHz

Kéyté oheisia taulukoita hyviksesi. (6p)

5. (a) Tdydenni alla oleva kohinanmuokkauksen lohkokaavio niin, ettd se esittdi ensim-
madisen asteen kohinanmuokkainta. (Bp)

x(n)

Interpolointi

(b) Suunniteltaessa Fisherin lineaarista erottelijaa (LDA) kaksiulotteiselle datalle saatiin
luokkien kovarianssimatriiseiksi ja keskiarvoiksi:

2.0 3 =2 —1 i
C':(O.l o.z) CZ:(—Z 2) “':<1> “2:<2>'
Mikd on vektori w tille LDA-luokittelijalle? (Huomaa, etti pelkka vastaus ei riita.

Kirjoita my®s tarvittavat laskutoimitukset ja kidnni matriisi kdsin ohessa olevalla
muistisaannolla.) (3p)
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Taulukot
Suodintyyppi nlr;l%ulsswaste kun =
Alipaasto 2f.sinc(n - 2nf.) 21,
Ylipaasto —2f.sinc(n - 27tf,) 1 —2f,
Kaistanpaasto | 2f,sinc(n - 27tf,) — 2f;sine(n - 27tfy) 2(f, —f1)
Kaistanesto 2fisinc(n - 27fy) — 2f,sinc(n - 2ntf,) | 1 —2(f, — )
Ikkuna- Siirtymékaistan | Piastokaistan | Estokaistan Ikkunan lauseke
funktion leveys vdrdhtely minimi- w(n), kun
nimi (normalisoitu) | (dB) vaimennus (dB) | [n| < (N —1)/2
Suorakulmainen | 0.9/N 0.7416 21 1
Bartlett 3.05/N 0.4752 25 12
Hanning 3.1/N 0.0546 44 0.5 + 05 cos (£2)
Hamming 3.3/N 0.0194 53 0.54 + 0.46 cos (35—”)
Blackman 5.5/N 0.0017 74 0.42+0.5cos (&)
+0.08 cos (42)

Joitakin mahdollisesti hyodyllisii Wikipedia-sivuja

Suppose two classes of observations have means ;'20, ﬁl and covariances Xy, X, . Then the linear combination of features @ - Z will
have means 0 - ﬁ.- and variances tTJTE;ii} fori = 0, 1. Fisher defined the separation between these two distributions to be the ratio
of the variance between the classes to the variance within the classes:

5= - _ (@ iy — - fig)* _ (@ (A, — fy))?

@ (Zo + 51)d

This measure is, in some sense, a measure of the signal-to-noise ratio for the class labelling. It can be shown that the maximum
separation occurs when

W o (Bg + 1) (@ — fig)

When the assumptions of LDA are satisfied. the above equation is equivalent to LDA.

2 ~T — T -
O vithin W D+ W Tow

Be sure to note that the vector w is the normal to the discriminant hyperplane. As an example, in a two dimensional problem, the line
that best divides the two groups is perpendicular to w

Generally, the data points to be discriminated are projected onto u; then the threshold that best separates the data is chosen from
analysis of the one-dimensional distribution. There is no general rule for the threshold. However, if projections of points from both
classes exhibit apprommately the same distributions, a good choice would be the hyperplane between projections of the two means,
ng l‘u and w - p, In this case the parameter ¢ in threshold condition w « Z > ¢ can be found explicitly:

S L . | R, =
c=w-—2—(u0 +ﬂ1)=§#121}l‘1”‘2‘1‘oznll‘o

Inversion of 2 x 2 matrices [ edit |

The cofactor equation listed above yields the following result for 2 x 2 matrices. Inversion of these matrices can be done as follows: !

A_,_[a b]“‘_ 1 [d~b__ 1 [d—-b]
e d T detA|-c a| ad-be - al
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A more condensed form of the difference equation is:

yln] = = (Z bizn—i] - Y ajyln - 31)
=0 =1

which, when rearranged, becomes:
Q P
Y ajyin— =Y bzl — i
j=0 i=0

To find the transfer function of the filter, we first take the Z-transform of each side of the above equation, where we use the time-shift
property to obtain:

Q P
Z a;z7 7Y (2) = Z biz ' X(z)
=0 i=0

We define the transfer function to be:

Y(z
H(z) = (2)
X(2)
P i
- 21':0 b'z
= EQ =
=0 @5
Considering that in most IIR filter designs coefficient ag is 1. the IR filter transfer function takes the more traditional form’
P .
oz
H(Z) s 21-0 *

1+ Zle a;z7

Techniques [edt)

Conceptual approaches to sample-rate conversion include: converting to an analog continuous signal, then re-sampling at the new
rate, or calculating the values of the new samples directly from the old samples. The latter approach is more satisfactory, since it
introduces less noise and distortion 1! Two possible implementation methods are as follows:

1. If the ratio of the two sample rates is (or can be approximated by)"t 114 a fixed rational number L/M: generate an intermediate
signal by inserting L - 1 Os between each of the original samples. Low-pass filter this signal at half of the lower of the two rates.
Select every M-th sample from the filtered output, to obtain the resuit [5]

2. Treat the samples as geometric points and create any needed new points by interpolation. Choosing an interpolation method is
a trade-off between implementation complexity and conversion quality (according to application requirements). Commonly used
are: ZOH (for film/video frames), cubic (for image processing) and windowed sinc function (for audio).

Kaavoja

—b +vb?2 —4ac

ax’+bx+c=0&x=
2a

X(n) = Xo(n) + wyX;(n), kunn=0,1,2,...,N/2—1
X(M) =Xo(n—=N/2) + w"X;(n —=N/2), kunn=N/2,N/2+1,...,N—1
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