
Study stimulating test Embedded Signal Processing (ESP) 

Course code 121059, Thursday March 21,2013 , 08:45h - 12:30h. 

In order to make this test you are allowed to use: your own notes, the printed lecture sheets from Bb, 
and at most one book of your choice. You may further use a simple calculator, no modern 
communication equipment, no on-line (or off-line) helpdesk. 

Please do write intelligible, even we cannot give point to undecodable scribbling. 

In total this test has 100 points , distributions of the points as indicated. There are five problems on 
three pages. 

Please read the following line: 

START EVERY PROBLEM ON A NEW SHEET 

Problems: 

I. (I 0) Determine and sketch the impulse response and the frequency response of the filter below for 
the coefficient b equal to I and forb equal to -I: 

2. (I 0) A FIR filter is described by the difference equation: 

y(n) = x(n) + x(n -10) 

a (5) Determine and sketch the frequency response. 
b (5) Determine the response on the input signals: 

with -oo < n < +oo 

1. x( n) = cos 1~ n + 3 sin ( t n + 1~ ) 
2. x(n)=10+5cose;n+f) 

3. (5) The first five points of a 8-points OFT of a series of real numbers {a, b, c, d, e, f, g, h} are {A, B, 
C, D, E}. Determine the remaining three points. What is your answer in case the numbers a - hare 
complex? 



4. (15) Given a filter consisting of a cascade of H 1(z) and H2(z) . H 2(z) is a parallel switching of H 3(z) 
and H4(z). The respective transfer functions are given by: 
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a (5) Determine the frequency response of the filter and draw the structure with registers, adders and 
multipliers. 
b (5) Determine a0, a1 and b1 such that the impulse response of the filter is real and that the transfer 
function satisfies: H(l) = 3 and H(2rr/3) = 6 + 3j~3 
d (5) Give a FIR filter with the same frequency response. Or is this impossible because the filter is IIR? 
Motivate your answer. 

5. (60) The world-famous bass guitarist Benny Oude Alink wants to record his guitar sound in a digital 
way. For this purpose he has built the system as in the figure below. The guitar element gives a small 
voltage signal S 1, which is amplified by the perfectly linear amplifier A. The signal S2 coming from 
the amplifier A is fed into an effect pedal E, which adds distortion. This distorted signal S3 is intended 
to be distorted as it makes the guitar sound better. An analog to digital converter can be either 
connected to S2 or to S3 by a switch and this switch is controlled by the foot of Benny. After the AD 
converter a digital signal processor (DSP) can add digital features . 

I: 

r Sl .............. .s~ 

a) (5) Benny plays a tone of 370Hz on his guitar and this tone induces a pure sine wave at S2 of 
lOOmV RMS . E is bypassed such that S2 is directly fed into the ADC. If he wants to record this tone 
with a Signal to Noise ratio of 80dB, how many bits does the ADC need to have? And what is the 
minimal sample rate fs of the ADC? 

b) (5) The sample rate of the ADC is set to 2k Sample/seconds and Benny presses his pedal to connect 
the distorted signal S3 to the input of the ADC. S3 now has harmonic distortion: S3 has a second, third 
and fourth harmonic component. The amplitude of the first harmonic remains unchanged by E while 
the others are added . Give the spectrum ofthe digital signal S4. For [O .. lkHz] 

c) (5) Benny does not like this sound, because its quite different from how a distorted guitar normally 
sounds if played all analog. (i .e. listen to S3 directly via a linear amplifier and loudspeaker). Somehow, 
the distortion of E does not sound harmonic . Due to what effect is this? 
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d) (15) Then Benny puts an active analog filter just in front of the ADC. The cutofffrequency is chosen 
such that only the first and second harmonics passes through and the third and the fourth harmonics are 
rejected. The filter should be steep so Benny builds a lOth order lowpass filter. Give a passive prototype 
and a gm-C implementation of this filter. In the passive prototype give all the R, L, and C values a 
name ( like R I, Ll and C I) but no values and give expressions for the gm's and C's in the active filter 
based on those names. 

e) (5) He likes the sound now a bit better but he now hears noise in the digital recording which 
apparently comes from the filter. Benny wants to reduce the noise with 14.8 dB while the cut-off 
frequency and linearity of the filter remains the same. How should Benny modify the active analog 
filter to reduce the noise with 14.8dB? 

f) (5) How much dissipates the modified filter now if the original filter dissipated Po? 

g) (2) Benny still wants all the 4 harmonics to be recorded and he tunes the analog filter such that the 
fourth harmonic passes through. Also he tries to increase the sample rate of the ADC until it all sounds 
good again. i.e. all harmonics are correctly represented in the digital domain. How can the filter be 
tuned? 

h) (3) Up to what frequency should he at least increase the sample rate? 

i) (I 0) Benny now wants to add more harmonics to the sound, but the effect pedal E can only make up 
to the fourth harmonic. So he decides to make the higher harmonics (5th ,6th ,i" ,8th ,9th and lOth) in the 
digital domain . He wants to create a digital signal S5 with up to the lOth harmonic . Benny only wants to 
play tones up to 370Hz (so the I oth harmonic is at 3700Hz) but he still uses the minimal sample rate 
required for four harmonics for the ADC as in (h). Give a block diagram of the digital functions that 
Benny can implement to make these I 0 harmonics . 

j) (2) The filter used was a gm-C filter, because it was easy to do the synthesis as the order of the filter 
was very high. Gm-C filters can have a high speed but have a disadvantage. What is this disadvantage? 

k) (3) How can the disadvantage of (j) be exploited in this specific system to make use of it? 
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