FORMULA SHEET AVAILABLE IN EXAM

The following formulae will be available in the exam:

Notation

All signals and filter coefficients are real-valued unless explicitly noted otherwise.

Unless otherwise specified, upper and lower case letters are used for sequences and their z-transforms.
The signal at a block diagram node V is v[n] and its z-transform is V (z).

e x[n|=|a, b, c,d,e, f] means that x[0] = a, ... ,x[5] = f and that x[n] = 0 outside this range.

R(z), 3(z), 2%, |z| and £z denote respectively the real part, imaginary part, complex conjugate,
magnitude and argument of a complex number z.

Abbreviations

BIBO Bounded Input, Bounded Output

CTFT | Continuous-Time Fourier Transform
DCT Discrete Cosine Transform
DFT Discrete Fourier Transform

DTFT Discrete-Time Fourier Transform
LTI Linear Time-Invariant

MDCT | Modified Discrete Cosine Transform
SNR Signal-to-Noise Ratio

Standard Sequences

e 5[n] =1 for n = 0 and 0 otherwise.
® OScondition[?] = 1 whenever "condition" is true and O otherwise.

e u[n] =1 for n > 0 and 0 otherwise.

Geometric Progression
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Forward and Inverse Transforms

Z: X(Z) = Zojoox[n}z_" x[n] _ 2%1] fﬁX(Z)Zn_le
CTFT:  X(jQ) = [".x(t)e /% di x(t) = 2 [T X(jQ)e ¥ dQ
DTFT:  X(e/®) =Y~ x[n]e /" x[n] = 5= [T X(e/®)elOn
DFT: X[k =Xy ' xlnle /7% xln] = § X X[k
DCT: X[k = X afn] cos -t xf) = 22 2 2N X [k cos 2k
MDCT:  X[k| = ZZNO : x[n] cos w yln] = %287_1 X[k] cos w

Convolution
DTFT:  vin] =x[n]xy[n] =Y x[r]yn—r] & V(e/®) =X (e/?)Y (/)
v =xlabinl e V(€)= X () Y (1) = 5 [T X () ¥ (e/107) d6
DFT:  vifn] = xlin) @ yln) = E (00— ) ol & VK = X[KY [
v[n] = x[n]y[n] & VI = g XK @n Y[k = 5 550 X[Y [(k=7) poqn]

Group Delay

The group delay of a filter, H(z), is Ty (e/?) = _dZHER) o (;ZdH(Z))
Z () denotes the DTFT.

Order Estimation for FIR Filters

Three increasingly sophisticated formulae for estimating the minimum order of an FIR filter with unity
gain passbands:

I M~ 3555
~ 8
2. MNZZACO
3 M~ 1.2—-20log;o b

4.6A0

where a =stop band attenuation in dB, b = peak-to-peak passband ripple in dB and A®w = width of
smallest transition band in normalized rad/s.
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z-plane Transformations

A lowpass filter, H(z), with cutoff frequency @y may be transformed into the filter H(Z2) as follows:

Target H(2) | Substitute Parameters
i (P09
1 s=1_2 . sin 5
Lowpass I N sinE“’“”";
D < (1)1 * 2
N
: -1 s=14 2 cos 5
Highpass == fM}l A= cosEmOﬁ)l)
D> o 2
[ +d
Bandpass —1 = _p=D)=22pt (pi )z A= L( 2 ]> = cot [ 252 ) tan (2)
pancpass = (o) 2Ap T (p— 1) T o(2) P T 2 2
D <D<y 2
—
Bandsto 1 (1=p)—2A2 4 (p+1)22 A= cos 251 ) — tan (252 ) tan (2)
_-pandstop T = ) 2Ar T (1—p)E 2 = Cos(rﬁz;wl)’p = 2 2
@ £ G £ b
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