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EE 451

Homework #14

DueDecember3, 2001

1. Problem10.8from theText.

2. Considerthesystembelow:
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(a) For
� ���

, make anappropriatelylabeledsketchof �����
	���
 , ������	���
 , and �����
	���
 . Be sureto
labelsignificantamplitudesandfrequencies.

(b) For
� ���

, determineand sketch the magnitudeof the frequency responsefor the overall
system,� ����������� 	�� 
�� .

(c) For
� �� 

, make anappropriatelylabeledsketchof ����� 	�� 
 , ����� 	�� 
 , and ����� 	�� 
 . Be sureto
labelsignificantamplitudesandfrequencies.

(d) For
� �� 

, determineand sketch the magnitudeof the frequency responsefor the overall
system,� ������������	��!
�� .
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3. Supposeyou obtaineda sequence"$# %�& by filtering a speechsignal "('�# )*& with a continuous-timelow-
passfilter with acutoff frequency of 5 kHz andthensampledit ata10 kHz rate,asshown below:
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Lateryoufind thatwhatyoushouldhavedonewasto filter thesignalat3 kHz andsampleit at6 kHz:
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Develop a methodto obtain ",+(# %�& from "$# %�& usingdiscrete-timeprocessing.If your methodusesa
discretetime filter, you shouldspecify the frequency responseof the filter. (You may usean ideal
filter.)

4. You aregivenadigital audiotape(DAT) of somemusic,andareaskedto transferthemusicto a CD.
You want to preserve the informationon the DAT tapewith frequenciesfrom 0 to 20 kHz, with a
passbandripple of at most0.5 dB. Any high-frequency aliasinto a low-frequency signalshouldbe
attenuatedby at least80dB. Designasystemto do this.

(a) Draw a single-stageimplementation(oneup-samplerfollowed by a LPF followed by a down-
sampler)of thesystem,like theonediscussedin class.

(b) What are the specificationsof the low passfilter – gain, passbandfrequency, stopbandfre-
quency?

(c) Supposeyouwantto implementthisfilter with anFIR filter usingaKaiserwindow. Whatorder
of filter do youneed?

(d) UseMATLAB to find thecoefficientsfor your filter. (If theorderof your filter is muchlarger
than3,000,limit theorderto order3,000sothenext partwill not take anexcessive amountof
computertime.) Plot theimpulseresponseof thefilter.

(e) UseMATLAB to generateasignalwith a frequency of 5 kHz, sampledtheDAT frequency:

FS_DAT = 48e3; % DAT Sampling Frequency
F1 = 5e3; % Frequency of input signal
t_DAT=0:1/FS_DAT:0.01; % Time vector at DAT frequency
n_DAT = 1:length(t_DAT); % Indices of times
x1_DAT = cos(2*pi*F1*t_DAT); % Input signal sampled at DAT freq

Processthissignalwith thesystemyoudesignedin Parta,usingthefilter youdesignedin Partd.
To putL-1 zerosbetweeneachsampleyoucando somethinglike this:
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n_up = 1:(length(n_DAT)*L); % Indices of up-sampled signal
x1_up = zeros(size(n_up)); % Start with all samples 0
ii = 1:L:length(n_up); % Find index of samples which will have data
x1_up(ii) = x1_DAT; % Put data into every L’th sample

You canfilter your signalwith MATLAB’ s filter() function, whereh is the impulsere-
sponseof yourfilter:

y1_up = filter(h,1,x1_up); % Filter up-sampled signal with FIR filter h

Youcanthendownsampleto theCD rateby takingevery M’ th sample:

FS_CD = 44.1e3; % CD sampling frequency
y1_CD = y1_up(1:M:length(y1_up); % Take every M’th sample to downsample
n_CD = 1:length(y1_CD); % Indices of down-sampled signals
t_CD = n_CD/FS_CD; % Time vector for down-sampled signal

Plot thesignal -.+*/!01# %�& (vs. )�/!0 ) andcompareit with 23+*054768# %�& (plottedvs. )�05476 ). Do thetwo
signalslook similar?

(f) Repeattheabove partfor aninput signalof frequency 20 kHz.
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