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today

about how computers process audio and video, how they are
compressed, and how they are transferred

digital audio

audio compression

streaming audio, internet radio
video

video compression

before we start, refresh some high school stuff: bits, powers,
and value ranges
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powers and combinations

suppose you have a 3-dial padlock,
with 10 digits per dial (O - 9)

Q: how many possible combinations
are possible?

A: 1000 possible combinations (000 — 999)

10 x 10 x 10 = 108 (10 to the power 3) = 1000

a lock with 3 dials of 10 numbers each has 10° possible
combinations!

a lock with 4 dials of 10 numbers each has 10* possible
combinations

bits, powers, and value ranges

a bit can have 2 possible values: 0 and 1

all possible combinations with 3 bits are:
000, 001, 010, 011, 100, 101, 110, 111

a number built from 3 bits can express 28 possible values
a number built from 8 bits can express 28 possible values
a number built from 16 bits can express 216 possible values

21 =2 28 = 256

22 =4 210 =1024
28 =8 216 = 65536
24 =16

a value expressed by 8 bits is also called a ‘byte’
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bits, powers, and value ranges

Q: so, if you want to store a number with possible values O ..
200, how many bits do you need?

A: 8 bits, because 28 = 256, so values 0 .. 255 are possible

to store a number with possible values 0 .. 10
you need 4 bits, because 22 =8 and 24 = 16

to store a number with possible values O .. 20000
you need 15 bits, because 24 = 16384 and 215> = 32768

to store a number with possible values 0 .. 99
you need 7 bits, because 2 = 64 and 27 = 128

multimedia and streaming

multimedia: literally, two or more media
today we mean:
= continuous (real-time) media

* not necessarily more than one type

better term: streaming media
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audio and the human ear

wikipedia:

“Sound is the vibration of matter, capable of being perceived by
the sense of hearing. ... When the vibrations reach our ears,
they are converted into nerve impulses that are sent to our
brains, allowing us to perceive the sound.”

how fast the vibrations oscillate is what we call their frequency
this value is expressed in Hertz (Hz)
think of Hz (Hertz) as waves per second or times per second

the frequency range of the human ear runs from 20 Hz to
20,000 Hz, other frequencies we cannot hear

audio and the human ear

Stimulus Response

e
(il

waves hit the eardrum; the cochlea transports them to auditory
receptor cells; they convert certain frequencies to nerve
impulses; these are perceived by your brain as sound

(source: wikipedia.org)
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audio and the human ear

the ear can sense sound variations lasting only a few
milliseconds

the eye does not notice changes in light level that last only a
few milliseconds

abrupt variation of a signal of only a few milliseconds affects
perceived sound quality more than it affects perceived image
quality

if this variation is unwanted: jitter

digital conversion of audio waves

audio waves can be represented by taking measurements of the
signal’s amplitude (‘height’) at regular intervals.

this process is called sampling: the repetitive measuring of
something in small time steps

the rate at which you take the measurements is called the
sampling rate or sampling frequency

when you convert analog measured values to discrete (digital)
measurement levels, this process is called quantization
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sampling and quantization example
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(a) a wave over time period T
(b) sampling the wave every AT seconds
(c) quantizing each sample to 4 bits (2* = 16 possible values)
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qguantization

digital representations of samples are never exact!

the samples is figure (c) allow only 9 values, from -1.00 to 1.00
in steps of 0.25

e.g. 8-bit quantization allows for 256 (28) distinct values

quantization noise: error introduced by expressing samples
using a finite number of values

if quantization noise is too large, the ear detects it
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sampling and quantization

obviously, how good the digital result represents the original
signal depends on:

= the sampling rate
= the number of bits used to express the samples

together they determine the number of bits per second that you
use to digitally represent a signal

/\/ ..|III||.,"””|_ "

Analog Signal Digital Signal at 64 kbps Digital Signal at 128 kbps

different frequencies

usually, a sound wave is not a pure sine wave

but a linear sum of sine waves with different frequencies (the
frequency components)
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Nyquist theorem

Nyquist theorem (1924):
if the highest frequency component present in a signal is of
frequency f, then it is sufficient to take samples at frequency 2f

for example:

if a telephone line transmits audio signals up to 3000 Hz (3
KHz), then its signal can sufficiently be sampled at a rate of
6000 Hz (6 KHz). All the detail in the signal can then be
captured by the sampling process.

Faster sampling is not needed, according to Nyquist!

example: the telephone system

sampling frequency
8 KHz (125 microseconds per sample)

Nyquist says: as a result, frequencies above 4 KHz are lost
(human speech is typically 600 Hz — 6000 Hz)

quantization
8-bit samples in Europe
7-bit samples in USA and Japan (7 bits data, 1 bit control)

data rates, or bandwidth, in bits per second (bps):
64.000 bps in Europe
56.000 bps in USA/Japan
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example: audio compact discs

sampling rate: 44100 Hz
quantization: 16-bit (216 = 65536 possible values per sample)
Nyquist says: frequencies above 22050 Hz are lost

using only 16 bits per sample also introduces some quantization
noise, but it is not easy for humans to hear this

bandwidth:

705.6 Kbps (16 * 44100, mono) or 1.4 Mbps (stereo)
transmitting uncompressed CD quality stereo sound in real time
requires very fast communication!

bandwidth is the number of bits per second (bps) required or
available for transmission!

audio compression

1.4 Mbps for transmission of audio is a lot of bandwidth!

compression of the signal is needed to make transmission over
the internet practical

various audio compression algorithms were developed
a compression/decompression algorithm is also called a codec
also called (en-)coding and decoding

MP3 is a very powerful and well known one
there are two main types of compression:

= waveform coding
= perceptual coding
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waveform coding

goal: reproduce the waveform after decoding as accurately as
possible, using as few bits as possible in the coded data

a popular method to do this:

1. transform signal mathematically into its frequency

components (sine-waves at different frequencies) by a
‘Fourier transform’

2. encode the amplitude of each component in a minimal way
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perceptual coding

goal: encode a signal in such a way that
it sounds the same to the human listener
(even though the waveform looks quite
different on an oscilloscope)

based on science of psychoacoustics (how
people perceive sound)

exploits flaws in the human auditory system

‘MP3’ audio compression is a
type of perceptual coding

the key idea of perceptual coding in audio is that some sounds
can be masked by other sounds!

(1) temporal masking

after a loud sound stops, a quiet sound will be inaudible for a
short period of time by humans

because the ear turns down its sensitivity (gain) when the loud
sound starts and it takes some time to turn it up again

after a powerful sound stops in some frequency band, we can
omit some other frequencies from encoding for some time
interval, based on our knowledge of its temporal masking
properties
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(2) frequency masking

would otherwise be audible
a.k.a. the masking effect

MP3 encoding uses frequency masking

is masked by another loud sound

the ability of a loud sound in one frequency band to hide a
simultaneous softer sound in another frequency band, that

it does not encode frequency band used by quiet sound when it

threshold of human audibility
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it is unnecessary to encode any frequency whose power falls

for example, a signal with power of 20 dB at 100 Hz can be
omitted from the encoded signal with no perceptible loss of
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frequency masking: the masking effect

(b) in this example, a
loud signal at 150 Hz
raises the threshold of
audibility for
frequencies near it.

As a result, the 125
Hz signal is now under
the threshold of
audibility.

the 125 Hz signal can be completely omitted from the encoded
signal without loss of perceptible quality

idea: by keeping track of which signals are being masked by
more powerful ‘nearby’ signals, we can omit their frequencies
from the encoded signal, saving bits!
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