
ECEN 455 Lab 4: Sampling and Quantization

Instructor: Dr. Henry Pfister

Email: hpfister@tamu.edu

Due Monday 4/2/12

Overview:

Modern communication systems rely on conversion of signals from analog to digital and back.

For example, your cellphone must convert the sound of your voice from analog to digital, encode

the digital stream for transmission, and then modulate the digital information onto analog carriers.

In this lab, we explore the effects of sampling and quantization.

For a discrete time signal x1, x2, . . . , xn, the average power is

Px =
1

n

n∑
i=1

|xi|2 .

If the signal xi is quantized to the signal yi, then the quantization noise (or error) signal is zi =

xi − yi. Use the following definitions for your measurements:

SQNR = 10 log10

(
Px

Pz

)
.

Exercises:

1. Scalar Quantization

(a) A simple analog signal consists of the sum of a few sinusoids, with f1 = 200 Hz, f2 = 1000

Hz, and f3 = 3000 Hz. Generate 1 second of this signal sampled at 8 KHz.

x (t) = sin (2πf1t) + 2 cos (2πf2t) + 3 cos
(

2πf3t+
π

4

)
V.

(b) Quantize this signal to 4,8,16 bits with the maximum quantization value equal to the

maximum absolute value of the signal. Compute the empirical SQNR and compare with

the theoretical predictions.

(c) Also, quantize this signal using a uniform dither over one quantization interval. Dither

is an intentionally applied form of noise which is added to signal before quantization,

to randomize the quantization error. Use the function psd to plot the power spectral

density of the original, quantized and quantized with dither signals. What do you notice?

Try adding dither with a triangular pdf over two quantization intervals.



2. Aliasing due to Undersampling

In this part, we will examine the aliasing effect. In particular, we will examine the effect of

different sampling rates (by measuring the frequency content of a reconstructed signal xr (t))

when sampling the following continuous-time signal:

x (t) = sin (wot)

with frequency w0 = 2π (1000) rad/sec.

(a) Create a MATLAB M-file and enter the following code and save it with the file name

ctft.m. This function returns valuesX (samples of the Fourier transform of the continuous-

time signal reconstructed from discrete-time samples x) at sample points f .

function [X,f]=ctft(x,T)

N = length(x);

X = fftshift(fft(x,N))*(2*pi/N);

f = linspace(-1,1-1/N,N)/(2*T);

(b) Create a series of samples of the signal x(t) with sampling rate ws = 2π (8192) rad/sec,

resulting in a sample period T = 1/8192 sec.

(c) Use the function ctft to calculate the Fourier transform. Plot and observe the frequency

content of the reconstructed signal. Is X nonzero at the proper frequency values?

(d) Choose a different sampling frequency ws = 2π (750) rad/sec, resulting in T = 1/750

sec. Create the samples and calculate the frequency content of the reconstructed signal.

Do you see the expected spectrum? Why, or why not?

(e) What is the Nyquist rate for this example? Try different values around the Nyquist rate

for ws, and observe aliasing.

3. Non-Uniform Quantization and Logarithmic Compression

There are four speech wave files (8 KHz/16-bit) on the website. You can read these into

Matlab using wavread and play them through the headphone jack using sound. It is also

possible to record your own wave files using the Sound Recorder application.

(a) Load two of the wave files, plot them versus the time axis, and listen to their content.

(b) Listen to these sound clips again after uniform 8-bit quantization. What is the SQNR?

(c) Design and test an 8 bit nonuniform PCM system using µ-law compressor and expander

(or compander). Test your system using one of the audio signals. Choose a value for µ

which you think will work best for the audio signal. Plot the encoded/decoded waveform

and playback the new signals. How does this compare with the original signal? with the

8-bit uniform quantizer?

(d) What value of µ did you choose and why? What is the SQNR for the audio signal?

µ-Law Compressor F (x) = sgn(x)
ln(1+µ|x|)

ln(1+µ) −1 ≤ x ≤ 1

Expander F−1(y) = sgn(y)(1/µ)((1 + µ)|y| − 1) −1 ≤ y ≤ 1


