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2.4
A

u
d

io
 C

o
m

p
ressio

n

2.4.1
P

u
lse C

o
d

e M
o

d
u

latio
n

A
udio signals are analog w

aves. T
he acoustic 

perception is determ
ined by the freq

u
en

cy
(pitch) and 

the am
p

litu
d

e
(loudness).

F
or storage, processing and transm

ission in the 
com

puter audio signals m
ust converted into a digital 

representation. T
he classical w

ay to do that is called 
p

u
lse co

d
e

m
o

d
u

latio
n

(P
C

M
). It consists of three 

steps: sam
pling, quantization and coding.
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S
am

p
lin

g

T
he analog signal is sam

pled periodically. A
t each 

sam
pling interval the analog value of the signal (e.g., 

the voltage level) is recorded as a real num
ber. 

A
fter sam

pling the signal is no longer continuous but 
discrete

in the tem
poral dim

ension.
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S
am

p
lin

g
T

h
eo

rem
 o

f N
yq

u
ist

In order to reconstruct the original analog signal w
ithout 

loss w
e obviously need a m

inim
um

 sam
pling frequency. 

T
he m

inum
im

 sam
pling frequency fA

is given by the 
sam

pling theorem
 of N

yquist(1924): 

F
o

r n
o

ise-free ch
an

n
els th

e sam
p

lin
g

 freq
u

en
cy fA

m
u

st b
e tw

ice as h
ig

h
 as th

e h
ig

h
est freq

en
cy 

o
ccu

rrin
g

in
 th

e sig
n

al.fA
=

 2
fS
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E
xam

p
le: S

am
p

lin
g

 a S
ig

n
al at D

ifferen
t R

ates

input
w

aveform

(a) S
am

pling rate is m
uch higher than signal frequency

input
w

aveform

clock

clock

sam
pled

output

sam
pled

output

(b) S
am

pling rate is low
er than signal frequency

input
w

aveform

clock

sam
pled

output

(c) S
am

pling rate is at the N
yquist lim

it
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Q
u

an
tizatio

n

T
he range of values occurring in the analog signal is 

subdivided into a fixed num
ber of discrete intervals. 

S
ince all analog values contained in an interval w

ill be 
m

apped to the sam
e interval num

ber w
e introduce

a 
quantization error. If the size of the quantization interval 
is a

then the m
axim

um
 quantization error is a/2.

a

a/2

a/2
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B
in

ary C
o

d
in

g

W
e now

 have to determ
ine a unique binary 

representation for each quantization interval. In 
principle

any binary code does the job. T
he sim

plest 
code (w

hich is in fact often used in practice) is to 
encode each interval w

ith a fixed-size binary num
ber.
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P
C

M
: T

h
e C

o
m

p
lete P

ro
cess

T
he com

bination of the steps sam
pling, quantization 

and binary coding is called P
u

lse C
o

d
e M

o
d

u
latio

n
 

(P
C

M
).

1 2 3 4 5 6 7

001
010

101
011

110
101

111
100

S
am

pling interval
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C
O

D
E

C
s

T
he divides perform

ing A
/D

 conversion and D
/A

 
conversion are called C

O
D

E
C

s
(C

oders/D
ecoders).

A
nalog-

signale

C
O

D
E

C

P
C

M
-S

ignale
A

nalog-
signale

C
O

D
E

C

N
o

te:
A

 m
o

d
em

is used to transm
it digital signals over 

analog links, a co
d

ec
is used to transm

it analog signals 
over digital links.



2.4 A
udio C

om
pression

2.4-9
A

G
raduate C

ourse
on 

M
ultim

edia T
echnology

©
 W

olfgang E
ffelsberg, 

R
alf S

teinm
etz

P
C

M
 T

elep
h

o
n

e C
h

an
n

el

S
am

p
lin

g
 R

ate
S

tarting point: an analog C
C

IT
T

 telephone channel
F

requency range: 300 –
3400 H

z, i.e. audio
bandw

idth: 3100 H
z

(sufficient for speech)

S
am

pling frequency:
fA

= 8 kH
z

S
am

pling period:
T

A
= 1/ fA

= 1/8000 H
z 

= 125 �
s 

T
he sam

pling frequency chosen by C
C

IT
T

 is higher 
than the N

yquistlim
it: for a m

axim
um

 frequency of 
3400 H

z in the signal a sam
pling frequency of 6800 H

z 
w

ould be sufficient.  T
his has technical reasons (noise, 

influence of filters, channelseparation, etc)

2.4 A
udio C

om
pression

2.4-10
A

G
raduate C

ourse
on 

M
ultim

edia T
echnology

©
 W

olfgang E
ffelsberg, 

R
alf S

teinm
etz

Q
u

an
tizatio

n
 o

f th
e A

m
p

litu
d

e

T
he m

inim
um

 num
ber of quantization intervals is 

determ
ined by the understandability of speech at the 

receiver. B
ased on experim

ental experience C
C

IT
T

 has 
chosen 256 quantization intervals.

W
ith standard binary coding w

e thus need 8 bits per 
sam

ple.



2.4 A
udio C

om
pression

2.4-11
A

G
raduate C

ourse
on 

M
ultim

edia T
echnology

©
 W

olfgang E
ffelsberg, 

R
alf S

teinm
etz

B
it R

ate o
f th

e P
C

M
 C

h
an

n
el

W
e conclude that the bit rate of a standard P

C
M

 
channel is8 b

its * 8000/s = 64 kb
it/s
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N
o

n
-L

in
ear Q

u
an

tizatio
n

W
ith linear quantization all intervals have the sam

e 
size, they do not depend on the am

plitude of the signal. 
H

ow
ever it w

ould be desirable to have a sm
aller 

am
ount of quantization noise at sm

all am
plitude levels 

because quantization noise is m
ore disturbing in “quiet 

tim
es“.

T
his goal can be reached w

ith non-linear quantization. 
W

e sim
ply chose larger quantization intervals at higher 

am
plitude values.

T
echnically this can be done by a “signal com

pressor“ 
w

hich preceeds
the coding step. A

t the receiver side an 
expander is used to reconstruct the original dynam

ics.

M
any com

pressors use a logarithm
ic m

apping. In digital 
electronics this is often approxim

ated by a piecew
ise-

linear curve. T
he 13-segm

ent com
pressor curve is a 

typical exam
ple.
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13-S
eg

m
en

t C
o

m
p

resso
r C

u
rve

num
ber of the

quantisation
interval

113 …
 128

49 …
 64

33 …
 48

17 …
 32

16
-

1_
-1

-1/2

¼1/8
1/16
1/32

norm
alised am

plitude
of the signal

½
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D
elta M

o
d

u
latio

n

Instead of coding the absolute values of the am
plitude,the 

difference to the value in the previous interval is coded in
 o

n
e 

b
it. O

nly steps of +
1 or –1 are possible.

C
oding:

1 =
 increasing signal

0 =
 decreasing signal

151413121110  9  8  7  6  5  4  3  2  1    0

S
ignal changes too fast,

coding error

Q ua ntiza tio n  In te rva ls

S
am

pling
interval

tim
e

1   0    1    1    1    1   1    0    0    0   0    0    0    0     1    1    1
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D
ifferen

tial P
C

M
 (D

P
C

M
)

In differential P
C

M
 w

e encode the actual difference 
betw

een the signal values in tw
o adjacent intervals w

ith 
a sm

all num
ber of bits. T

his leads to a bit rate and 
precision betw

een that of encoding the absolute values 
and delta m

odulation.

A
d

ap
tive D

P
C

M
 (A

D
P

C
M

)
T

he dynam
ics

in real audio signals are often such that 
w

e have quiet periods and loud periods. In quiet 
periods (i.e., periods w

ith low
 variance of the am

plitude) 
w

e can encode the signal w
ith few

er bits than in loud 
periods. T

his is called A
d

ap
tive P

u
lse C

o
d

e 
M

o
d

u
latio

n
(A

D
P

C
M

).

F
or exam

ple,A
D

P
C

M
 allow

s us to com
press a H

iF
i

stereo audio signal from
 1.4 M

bit/s to 0.2 M
bit/s w

ithout 
loss of quality.

W
ell-know

n A
D

P
C

M
 algorithm

s are
�

-law
 and A

-law
.
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T
yp

ical S
am

p
lin

g
 an

d
 Q

u
an

tizatio
n

 P
aram

eters

S
am

p
lin

g
 R

ate
8 kH

z
telephony, �

-law
 encoding, S

U
N

A
udio

32 kH
z

D
igital R

adio B
roadcast

44,1 kH
z

A
udio-C

D

48 kH
z

D
igital A

udio T
ape (D

A
T

)

Q
u

an
tizatio

n
8 bits

256 am
plitude levels: speech

16 bits
65536 am

plitude levels: H
iF

im
usic
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2.4.2
A

u
d

io
 C

o
m

p
ressio

n
 w

ith
 

P
sych

o
-A

co
u

stic
M

o
d

els

C
o

m
p

ressio
n

 b
ased

 o
n

 sem
an

tic
irrelevan

ce
W

e rem
ove those parts of the signal at the source that 

the receiver w
ill not be able to hear anyw

ay.

E
xam

p
le: T

h
e M

askin
g

 E
ffect

A
 high-am

plitude signal m
asks out a low

-am
plitude 

signal at an adjacent frequency
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P
sych

o
-A

co
u

stic M
o

d
els

A
u

d
io

L
evel

kH
z

200 H
z

M
asker

500 H
z 

M
asker

2 kH
z

M
asker

5 kH
z

M
asker

M
asking

T
hreshold



2.4 A
udio C

om
pression

2.4-19
A

G
raduate C

ourse
on 

M
ultim

edia T
echnology

©
 W

olfgang E
ffelsberg, 

R
alf S

teinm
etz

E
xam

p
le: M

P
E

G
 A

u
d

io

C
h

aracteristics
C

om
pression to 32, 64, 96, 128 or 192 kbit/s

A
u

d
io

 ch
an

n
els

•
M

ono or 
•

T
w

o independent channels or
•

"Joint S
tereo"

T
ech

n
iq

u
es

•
S

am
pling rates: 32 kH

z, 44,1 kH
z or

48 kH
z

•
16 bits per sam

ple
•

M
axim

um
 encoding and decoding delay: 80 m

s at 
128 kbit/s

A
 p

sych
o

-aco
u

stic m
o

d
el co

n
tro

ls th
e q

u
an

tizatio
n

.
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T
w

o
 T

ech
n

iq
u

es
in

 M
P

E
G

-1 A
u

d
io

V
ery good quality at very 

low
 bit rates

S
im

ple and easy to 
im

plem
ent

O
verlapping dynam

ic 
frequency bands, 
entropy coding 

(H
uffm

an)

S
ub-band C

oding

F
hG

 E
rlangen

Institut für 
R

undfunktechnik,
M

ünchen

A
dvanced S

pectral 
E

ntropy C
oding

M
asking P

attern 
U

niversal S
ub-band 

Integrated C
oding and 

M
ultiplexing

A
S

P
E

C
M

U
S

IC
A

M
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M
P

E
G

 A
u

d
io

 E
n

co
d

er an
d

 D
eco

d
er

E
n

co
d

er

D
igital A

udio
S

ignal (P
C

M
)

T
im

e/
F

requency
Q

uantizer
     and
  C

oding

 F
ram

e
P

acking

P
sychoacoustic

      M
odel

IS
O

/M
P

E
G

/A
U

D
IO

    B
itstream

M
apping

D
eco

d
er

D
igital A

udio
S

ignal (P
C

M
)

IS
O

/M
P

E
G

/A
U

D
IO

    B
itstream

   F
ram

e
U

npacking
R

econstruction
F

requency/
 Tim

e
M

apping
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T
h

ree L
ayers in

 M
P

E
G

 A
u

d
io

1.
S

ubband coding w
ith 32 bands w

ith the  M
U

S
IC

A
M

 
technique

•
H

igh data rate
•

m
ono, stereo, 48 kH

z, 44.1 kH
z, 32 kH

z
2.

S
ubband coding w

ith M
U

S
IC

A
M

, m
ore com

plex  
psycho-acoustic m

odel

•
Interm

ediate 
•

B
etter sound quality at low

 bit rates
3.

T
ransform

ation-based com
pression w

ith the A
S

P
E

C
technique 
•

Low
est data rate

•
S

tereo A
udio in C

D
 quality at less than 128 

kbit/s!

•
M

ono A
udio in telephone quality at 8 kbit/s

M
P

E
G

 audio
layer three, encoded w

ith A
S

P
E

C
, is 

also called M
P

3 (!)
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M
P

3 –
H

isto
ry (1)

A
s early as 1987 the

F
raunhofer

Institut für Integrierte 
S

chaltkreise (Institute of Integrated C
ircuits)

in
E

rlangen
(G

erm
any) began w

ith the developm
ent of 

audio com
pression techniques that took the specific 

properties of the hum
an perceptual system

 into 
account. T

heir technique w
as included into the M

P
E

G
 

A
udio standard of IS

O
 (IS

-11172-3 and IS
 13818-3)

as 
M

P
E

G
 A

udio Layer 3 (M
P

3). T
his

is currently the 
strongest audio com

pression standard in use.

T
he original goal w

as a reduction of the data rate by a 
factor of 12 com

pared to an audio C
D

, w
ithout an 

audible difference.
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M
P

3 –
H

isto
ry (2)

A
s usual, IS

O
 only standardizes the technical param

eters 
and the decoder. T

he inner w
orkings of the encoder 

rem
ain unspecified. T

his gives developers
significant 

freedom
 to develop specific encoding techniques, and 

even get patents for their encoding algorithm
s.

A
s a consequence w

e know
 very little about the exact 

im
plem

entation of the M
P

3 encoder w
ritten by the

F
raunhofer

Institute. E
xact details on their

psycho-
acoustic m

odel are not published. T
he F

raunhofer 
Institute

also holds a patent on its optim
ized encoding 

m
echanism

 for M
P

3.
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M
P

E
G

 A
u

d
io

 L
ayers (1)

M
P

3 subdivides the data stream
 into fram

es. E
ach 

fram
e corresponds to the audio signal in a certain tim

e 
period. It contains 384 sam

ples. T
he sam

ples represent 
values out of 32 frequency sub-bands. T

here are 12 
values from

 each sub-band.
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M
P

E
G

 A
u

d
io

 L
ayers (2)

L
ayer 1

F
req

u
en

cy m
askin

g
:

U
sage of a D

C
T

-based filter. A
t 

any given tim
e the algorithm

 only considers one fram
e. 

T
he

frequences
occurring in this fram

e are subdivided 
into the frequency bands and then filtered.

L
ayer 2

T
em

p
o

ral m
askin

g
:

A
t any given tim

e the algorithm
 

looks at three adjacent fram
es, the current, the 

previous and the next fram
e. T

his allow
s to take 

advantage of tem
poral m

asking effects as perceived by 
the hum

an ear.

L
ayer 3

N
o

n
-lin

ear m
askin

g
:

T
he frequencies are subdivided 

into bands of different w
idths. A

lso, stereo channels are 
encoded differentially, i.e., the difference betw

een the 
tw

o channels rather than the absolute values are 
encoded. T

he last step is a H
uffm

an coding of the 
coefficients.
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L
ayer

1:
P

sych
o

-A
co

u
stic

E
ffect

1. S
en

sitivity o
f th

e h
u

m
an

 ear

2. T
h

e freq
u

en
cy m

askin
g

 effect

E
xp

erim
en

t:
P

lay a tone of 1 kH
z (the m

asking tone) at 
a certain am

plitude (e.g., 60 dB
). T

hen add a test tone 
(e.g., of 1.1 kH

z) and increase its am
plitude until the 

the test tone is heard. T
his w

ill happen at a m
uch 

higher am
plitude than in the quiet.
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L
ayer 1: C

o
m

p
ressio

n

A
pply a sub-band filter to subdivide the signal into 32 

bands (“critical bands“).

F
or each band, define a m

asking curve that indicates at 
w

hich level the signal w
ill be m

asked by adjacent 
bands.

A
lg

o
rith

m
:

•
C

om
pute the energy in each band.

•
If the energy in a band is sm

aller than the m
asking 

threshold of a neighboring band, do not encode the 
band.

•
O

therw
ise encode the band. Q

uantize the 
coefficients w

ith a quantization factor. C
hoose the 

factor so that the quantization error
is sm

aller than 
the m

asking factor (1 bit in the quantization 
corresponds to a noise of 6 dB

).
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L
ayer 1: E

xam
p

le

T
he table show

s the levels of the first 16 out of the 32 
bands.

----------------------------------------------------------------------
B
a
n
d
 
 
1
 
 
2
 
 
3
 
 
4
 
 
5
 
 
6
 
 
7
 
 
8
 
 
9

1
0
 
1
1
 
1
2
 
1
3
 
1
4
 
1
5
 
1
6
 
 

L
e
v
e
l
 
0
 
 
8
 
1
2
 
1
0
 
 
6
 
 
2
 
1
0
 
6
0
 
3
5

2
0
 
1
5
 
 
2
 
 
3
 
 
5
 
 
3
 
 
1

----------------------------------------------------------------------

T
he level of band 8

is 60
dB

. W
e assum

e that is has a 
m

asking threshold of 12 dB
 for band 7 and of 15 dB

 for 
band 9.

T
he level of band 7

is 10
dB

 (< 12 dB
), thus w

e ignore 
it.T

he level of band 9
is 35

dB
 (> 15 dB

), thus encode it. 
C

hoose the quantization factor so that the quantization 
error w

ill be less than 2 bits (12 dB
).

2.4 A
udio C

om
pression

2.4-30
A

G
raduate C

ourse
on 

M
ultim

edia T
echnology

©
 W

olfgang E
ffelsberg, 

R
alf S

teinm
etz

L
ayer 2: P

sych
o

-A
co

u
stic

E
ffect

T
em

p
o

ral m
askin

g
: W

hen w
e hear a loud sound that 

suddenly stops, it takes a w
hile until w

e can hear low
-

am
plitude sounds again.

E
xp

erim
en

t:
P

lay a m
asking tone of 1 kH

z at 60 dB
 

and a 1.1 kH
z test tone at 40 dB

 (the test tone is not 
heard, it is m

asked). S
top the m

asking tone and after a 
short delay also the test tone. V

ary the delay to find the 
tim

e threshold at w
hich the test tone can just be heard.
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L
ayer 2: C

o
m

p
ressio

n

R
epeat the experim

ent w
ith other test tones:

In a w
ay sim

ilar to layer 1, w
e take advantage of this 

tem
poral phenom

enon to m
ask out sub-bands, this tim

e 
those of ad

jacen
t

fram
es.

F
or sim

plification w
e assum

e that a sub-band can m
ask 

out its neighbors only in one
preceeding

and one
succeeding fram

e.
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L
ayer 3: P

sych
o

-A
co

u
stic E

ffect

T
he contrast resolution of the hum

an ear decreases 
w

ith the frequency
of the signal.

In layers 1 and 2 the frequency spectrum
 is subdivided 

into 32 critical bands of identical size. In layer 3, the 
frequencies are distributed in a non-linear fashion, in a 
w

ay so that all bands contribute equally to the 
perception by the ear.

T
h

e “B
ark“

W
e introduce a new

 unit: the B
ark

(nam
ed after

B
arkhausen) 

1 B
ark =

 w
idth of a critical band. 

F
or frequencies <

 500 H
z:  1 B

ark =
 f/100.

F
or frequencies >

 500 H
z:  1 B

ark =
 9+

4 log(f/1000)
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L
ayer 3: C

o
m

p
ressio

n

M
asking T

hresholds on critical band scale:

Layer 3 com
es closer to hum

an perception by choosing 
a m

ore appropriate definition of the sub-bands, based 
on the B

ark.

In addition to frequency m
asking and tem

poral 
m

asking, as in layers 1 and 2, layer 3 also introduces 
the differential coding of stereo signals, as w

ell as an 
entropy encoding of the coefficients based on the 
H

uffm
an code.
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P
erfo

rm
an

ce o
f M

P
3

Q
uality

m
easure: 5 =

perfect, 4 =
 justnoticeable, 3 =

slightly 
annoying, 2 =

annoying, 1 =
very annoying 

R
ealdelay is aboutthree tim

es the theoretical delay.

59 m
s

4+
3.6-3.8

12:1
64 kbit/s

Layer 3

35 m
s

4+
2.1-2.6

6:1
128 kbit/s

Layer 2

19 m
s

---
---

4:1
192 kbit/s

Layer 1 

T
h

eo
r. 

m
in

 
d

elay

Q
u

ality 
at 128 
kb

it/s

Q
u

ality 
at 64 
kb

it/s

R
atio

T
arg

et 
b

itrate
L

ayer
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2.4.3   S
p

eech
 C

o
d

in
g

S
pecial codecs optim

ized for the hum
an voice can 

reach a very high speech quality at very low
 data 

rates.T
hey operate at the norm

al range of the voice, i.e. 
at 300 –

3400 H
z.

S
uch special codecs are m

ost often based on L
in

ear 
P

red
ictive C

o
d

in
g

 (L
P

C
).
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L
in

ear P
red

ictive C
o

d
in

g
 (1)

LP
C

 m
odels the anatom

y of the hum
an voice organs as 

a system
 of connected tubes of different diam

eters.

refl[0]
refl[1]

tu
be 1

tu
be 2 ...

 tub
e p
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L
in

ear P
red

ictive C
o

d
in

g
 (2)

A
coustic w

aves are produced by the vocal chords, flow
 

through a system
 of tubes, are partially reflected at the 

transitions and interfere w
ith the follow

ing w
aves.

T
he reflection rate at each transition is m

odeled by the 
reflection coefficientrefl[0], ...,refl[p-1]. 

W
e can thus characterize the (speaker-dependent) 

production of the voice signal w
ith a very sm

all num
ber 

of param
eters.
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L
P

C
 E

n
co

d
er

T
h

e L
P

C
 A

lg
o

rith
m

•
T

he audio signal is decom
posed into sm

all fram
es of 

fixed length (20 –
30 m

s). F
or each fram

e s[i] w
e 

com
pute p w

eights
lpc[0], .. ,lpc[p-1] so that s[i] is 

approxim
ated by

lp
c[0] * s[i-1] +

lp
c[1] * s[i-2] + ... +

lp
c[p

-1] * s[i-p
]

P
opular values for p are 8 or 14.

•
A

 synthetically generated source signal is used as 
input to the m

odel. T
he generated source can be 

sw
itched betw

een tw
o m

odes: sounding (for vow
els) 

and noise (for consonants).

•
T

he differences betw
een the synthetically generated 

signal and the real voice signal during the fram
e are 

detected and used to re-calculate the prediction 
coefficients

lpc[i].

•
F

or each fram
e the m

ode of excitation (vow
el or 

consonant) and the current values of the param
eters 

are encoded and transm
itted.
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L
P

C
 V

ariatio
n

s

•
C

E
L

P
(C

ode E
xcited Linear P

rediction): W
e not 

only distinguish “sounding“ and “consonant“ but 
m

any m
ore types of excitation. T

hese are pre-
defined by the developers and stored in the form

 of 
a “codebook“. F

or each fram
e w

e transm
it the 

index into the codebook and the
lpc

param
eters.

•
A

C
E

L
P

:
like C

E
LP

, but w
ith an adaptive codebook
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L
P

C
E

xam
p

les

G
.723.1

A
daptive C

E
LP

 E
ncoder

(C
ode E

xcited Linear 
P

redictor).
B

it rate for
G

.723.1:  5,3 kbit/s -
6.3 kbit/s

G
S

M
 06.10

R
egular P

ulse E
xcitation –

Long T
erm

 P
rediction (R

P
E

-
LT

P
)

•
LP

C
 encoding

•
T

he
synthetically

generated
signalis

based
on 

earlier
signalvalues. 

•
B

it rate for
G

S
M

 06.10:  13.2 kbit/s
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S
p

ecial S
p

eech
 C

o
d

in
g

 vs. P
C

M
 C

o
d

in
g
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IT
U

-T
 S

tan
d

ard
s fo

r S
p

eech
 C

o
d

in
g

A
 selectio

n
 fro

m
 th

e G
.7xx-S

tan
d

ard
s:

•
G

.711: 64kbit/s (G
S

T
N

 telephony, H
.323 and H

.320 
V

ideoconferencing)

•
G

.728
LD

-C
E

LP
: 16 kbit/s (G

S
M

 telephony, H
.320 

V
ideoconferencing)

•
G

.729
A

C
E

LP
: 8 kbit/s (G

S
M

 telephony, H
.324

V
i-

deo-telephony)

•
G

.723.1
M

P
E

/A
C

E
LP

 5.3 kbit/s bis 6.3 kbit/s (G
S

T
N

 

V
ideo-telephony, H

.323 telephony)


