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1

Explain how the coding works in each of these still image coding
standards
a) GIF
(1 p)
b) PNG
(1 p)
c) JPEG
(1 p)
d) JPEG-2000
(1 p)

2

a) When coding general audio signals, a psychoacoustic model is
often used to get a more efficient coding. Explain how the
model works.
(2 p)
b) Draw a block schedule over a typical hybrid coder for video
signals and explain how the parts work.
(2 p)
c) Explain what the LBG algorithm is and how it works.
(2 p)

3

A memoryless source has the alphabet A = {a, b, c} with the symbol probabilities P (a) = 0.65, P (b) = 0.25 and P (c) = 0.1.
a) Construct a Huffman code for the source that gives an average
rate of at most 1.3 bits/symbol.
(2 p)
b) Code the sequence a, b, a, a from the source using arithmetic
coding. Give both the resulting interval and the binary codeword.
(2 p)

4

The random variable X is distributed according to the figure below.
X is to be quantized to two levels. Calculate the reconstruction
levels and decision regions such that the expected mean square
error is minimized. Calculate the resulting mean square error.
fX (x) 6
3/2A

1/2A
A/2

A

-

x
(4 p)

5

Linnea wants to construct a coder for transmitting mono audio files
over the Internet.
In order to get a coder that is robust to packet losses, she splits the
audio stream into its odd and even samples, respectively, and codes
the two streams independently of each other, ie given the original
signal Xn she creates two new signals Ym and Zm according to
Ym = X2m , Zm = X2m+1
Assume that Xn is modelled as a stationary gaussian AR(1) process
with mean 0 and auto correlation function RXX (k)
2
RXX (k) = E{Xn · Xn+k } = σX
· ρ|k| , |ρ| < 1

Given that we code Ym and Zm using optimal linear predictors, how
much higher rate must we use to achieve the same signal-to-noise
ratio as an optimal linear predictive coder working directly on the
original signal Xn ? The quantization can be assumed to be fine.
(6 p)

6

Linus wants to use transform coding to code the same type of audio
data that Linnea coded in problem 5. Assume that the audio signal
is modelled as a stationary gaussian process Xn with mean 0 and
auto correlation function RXX (k)
2
RXX (k) = E{Xn · Xn+k } = σX
· 0.95|k|

Given that the transform used is a 4 point Hadamard transform
and that the transform components are Lloyd-Max quantized.
What is the lowest average data rate that can be used if the resulting signal-to-noise ratio (SNR) has to be at least 13 dB?
What is the lowest average data rate that can be used if we LloydMax quantize the signal directly, without using a transform?
(6 p)

