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Bitrater

e CD:44.1*2* 16 =1.411 Mbit/s
— 4 bit: 25% => 350 kbit/s later forferdelig

» MP3, AAC etc: 128 kbhit/s ~ CD/12
» Hva er det lure trikset?
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MPEG-1 Audio
Psychoacoustics in sound compression

* How do we hear?

« Digital representation of sounds
» Sound compression
» Psychoacoustics
— Masking 110
; it 011
— Adaptive quantization
; i 001
— Bit allocation 000
o Filterbanks o
101
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1. Tinning
2. @regang 19 1
3. Ytregre p 6
4. Trommehinne
5. Ovale vindu ! 1
6. Hammeren 2
7. Ambolt 3
8. Stigbgylen \
9. Bueganger
10. Sneglehuset 4 5 "
11. Herselnerve
12. @retrompeten Wikimedia Commons
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10SLO The Ear

Auditory
=~ Nerve

=~ Cochlea

£. _Hound
Window

B - Eustachion
Tube
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H The frequency filters of the ear:
Mapping frequency to a location

400 Hz 1600 Hz 6400 Hz
Unwound :

cochlea

_ Displacement
"
8
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Threshold for audible sounds

S

Sound Pressure Level, SPL (dB)

8

10

Reference 0 dB: i ooy (42
20 pPa = 2-10'5 N/m? Kap 5: Frekvensanalyse
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Filterbank Approach
Encoding
—>|Sca_|ing]—>Quantize—>

. ; BIT
Scalin uantize ~
_’I 9 ’—’ Q STREAM

LP-
Source filter A/D

-’{ Scaling HQuantize|—>

PSYCHOACOUSTICY, | BIT
ANALYSIS ALLOCATION

O

Kap 5: Frekvens-
analyse

] wv3uisus
FILTERBANK
MUX
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Decoding is much simpler

—(Scaling[=
BIT L scating| Z
STREAM caling™ <
o8] LP-
G filter
5
s /Scaling ] |
Kap 3: Tidsdomene systemer:
linearitet
Kap 3: Inverse systemer
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e Filterbanks in MPEG-1

I
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| Kap 5: Frekvens-
| analyse av systemer
Kap 6: Digitale filtr

Filter responce [dB]

120 .‘ '|,I :] : | bt l“ ik I' I| : .'- Kap 10: FIR
14D I : FilterdeSign
ey s 10 1 0
Frequency [kHz]
» Polyphase filterbank » Equal width
e 32 subbands, e.g. bw * Not perfect reconstruction

44100/2/32 = 689 Hz
» 512 tap FIR-filters
« 80 adds and mults per output ~ Kap 4: z-transform
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SISO A closer look
x 10
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» The subbands overlap at 3 dB point with the
adjacent bands.

» The leakage to the other bands is small.
» The total response almost adds up to one (0 dB).
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White noise &

e The white noise run e The reconstructed
through the filterbank. sequence ¢
« The samples from — The reconstruction
each band are played error is -84 dB.
in the order of the
subbands. 4

Kap 7: Digital behandling av analoge signaler;
multirate signalbehandling
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'™ Reconstruction Using Nonideal

Filterbanks

Y(!”)= X(e“")1 M21H €“)H] (e“")+

~1

MZjX(e[ Mj L MiH @' )HA (e[ Mj)

~0
 In a perfect filterbank the « The filterbank is
first part is the only part. designed so that the
« The second part consists aliasing is small.
of the aliasing terms.
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Tubthumper, a time domain view

1

05

0

Armplitude

-0.5

-1

I I 1 1 1 | I 1
o 1 2 3 4 ) [} 7 g 9
Time [s]

The red line is the reconstruction error after splitting the
signal in subbands, down sampling and applying the synthesis
filterbank. The reconstruction error is -84 dB and sounds like <t
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= Tubthumper, frequency views

A LR

! T
Han Lu’la ]

Subband 1 2

Center frequency [kHz] | 0.3 | 1.0

5.2 |10.7| 21.7

No subsampling € | ¢

Subsampled 32 times | ¢ |

& | & | €&
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What is this Psychoacoustics
that is used in the Encoder ?

Time/Frequency
Analysis

Quantization

Psychoacoustic
Analysis

Kap 8: Diskret Fourier Transform;
Estimering av effektspektrum

INSTITUTT FOR INFORMATIKK

and
Encoding I

August 2009 - 22




UNIVERSITETET

Masking

We do not hear all sounds. ]
1. Absolute threshold of hearing: — |
2. Masking: One sound is inaudible in the

¥4 Masking Tone
EEN sking Thresl
&
L — h
| —
2
in
Ba

presence of another sound.

1. Simultaneous masking
— Noise Masking Tone
— Tone Masking Noise
— Noise Masking Noise

e Pre masking (2 ms) EE:E I \
it o] |, o~

« Post masking (100 ms) ¥ ==t
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Sound Pressure Level (dB)

; UNIVERSITETET
“hdle” 1 OSLO

Noise Masking Tone

Filtered Noise | Tone 1, 820 Hz Tone 2, 410 Hz Noise Noise
Center 410 Hz | 5 dB below noise |5 dB below noise + +
Width 111 Hz Tone 1 Tone 2

Not masked | Masked

NS NS (s NE ¢
o 7 e YOU can not hear a sinusoid that lies in
o = the same critical band as a filtered noise if the
: e sound pressure level is below a certain threshold.
= This effect also stretches out beyond the critical
| ::mnw. Freq. (Hz) band
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* Tone Masking Noise
Filtered Noise Tone 1, 2 kHz Tone 2,1 kHz Noise Noise
Center 1 kHz + +
Width 162 Hz Tone 1 Tone 2
15 dB below

NS NS ¢ (s &

Not masked Masked

You can not hear a filtered noise that lies in

- 24 dB
z o
§L

SMER

pressure level is below a certain threshold.

Threshold

56
; | %" This effect also stretches out beyond the critical
rifc:) | Eeaaw band
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the same critical band as a sinusoid if the sound
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Exploit Masking
» If asound is masked we can’t hear it.

77 Masking Tone:

Masking Thresh

Sound Pressure Level (dB)

Freq.
Crit. | Neighboring
Band: Band

» Make a frequency analysis of the signal and find
the masking threshold.

 Put the quantization noise under the masking
threshold and we won’t hear the quantization.
Kap 8: DFT, Fast Fourier transform,
Estimering av effektspektrum
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Pre echo dlstortlon

o8
0.6
} “ | 04 Pre-ech:; distortion

§o

i|‘ 1 |
w,"“”‘w v

s 5

00 200 600 SO Jmm uun 1400 1600 1500 2000

e Thedatais spllt in two windows
of finite length.

* The original sound of a » The gquantization noise is spread

castanet. o over a whole window.
» The a.bruptnes_s In time  This makes the castanets sound
domain result in all less distinct.

frequencies being involved. . Audible effects can be avoided
with shorter windows, exploiting
premasking.

INSTITUTT FOR INFORMATIKK August 2009 - 27

UNIVERSITETET
“Xite” | OSLO

Vindus-svitsjing: 1.1 og .3 (= MP3)

— Blokkstgrrelse i transform og
delbandskodere:

» Sma blokker: god transientgjengivelse, darlig
koding pga mye overhead

« Store blokker: god kodingsgevinst; gir pre-
ekko
— Vindus-svitsjing mellom N=64 og 1024
blokkstarrelse
» Sma blokker ved ikke-stasjoneeritet
* Ellers store blokker
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Scale factors and Quantization

» When the dynamics change over time, only a
small subset of the quantization steps are used in
regions with low magnitudes.

o Use scale factors instead:
— Take a window of data.

— Find the max magnitude in this window.
« Use the next larger scale factor from a table.
— Normalize with the scale factor.
— Quantize.
« Now the whole dynamic range of the quantizer is used.
— Send scale factor and quantized samples.

INSTITUTT FOR INFORMATIKK August 2009 - 29

‘A UNIVERSITETET

@E 10SLO

Bit Allocation and Masking

» The masking threshold in each
subband gives the Just Noticeable
Distortion (JND) limit for that band.

* Bits are assigned to subbands so that
the quantization noise falls below or as
little over the JND as possible.

» Then the Signal to Quantization noise
Ratio (SQR) falls below JND
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22050 H
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Castanets and Guitar ¢

Time domain signal

_ Amplitude

o 1 2 3 4 5 6
Titne [s]
Bubbandfiltered signal

‘ i l.ll;;.'.'rlAll'l'.ll".'. u','.l.'.,'l“ .LI'.:.'I'.‘.:.«' i

|
‘ \l L DNEL LY
bl N

Subband

11 TLIE T T] llI I| |\1'I| |I|| IIII mywars o's |t o i sy

3 4 5 ]
Time [s]
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Bit allocation with 2 bits per sample

Bcalefactors Average Scalefactors

Average scalfactors [dB]

10 20
Bubband
—
Bit allocation Average Bit Allocation
4
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v 10 20 30
Subband
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N Bit allocation with 4 bits per sample

22050 Hz Bealefactors dB _ Average Scalefactors
@0
=
4
ll’ | I : -g
L | - -
' [
! |||H| |hh|\ ||| | “..'i H"I.. H.M“' - 2
il ||| i o
11 T ;
E-IDD
<
10 20 30
Bubband
—
Average Bit Allocation
0
=
=
24
P
o
&
%2
0

10 20

Subband
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Signal to Quantization Noise Ratio
and the Just Noticeable Distortion

Ghuitar at 4 bitfsarap. Castanet at 4 bitfsarap.
100 — SPL 100
g —% g
§ 0 — SR E &
% &0 % &0
& a0 & 40 q
& = — SFL
E 20 E 20 — WD H
& . b . — 5OR
3 10 15 20 25 30 3 10 15 20 25 30
Subband Subband
Allocated bits, guitar at 4 bitisamp. Allocated bits, castanets at 4 bitisamp.
10 10
g 8
a° a®
o =i}
4 4
2 2
1) 0
5 10 15 20 a5 30 5 10 15 20 25 30
Subband Subband
Frame at t=0.6 s Frame att=1.1s
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Examples on compression <

Compression 2 4 8
4 bit 2 bit
MP1 & &
MP1 error (SQR) 2208 g |110B o
Direct Quantization 8 bit 4bit 2 bit
° € | e ’™e
Direct Quantization Error 31dB b 7.8 dBQI: 1.1dB
(SQR) &
Downsampling to 22 kHz 16 bit@:E 8 bit & 4 bit 4
bandwidth and quantization
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:fm > F’l\l:‘:m?::"\‘k ' § Q“:E::’ §
¥  Dynamic M >
> FFT > Tm > %&‘;&w »
T i oo
| iR
| fiz
Domiy
LT s

P. Noll, MPEG digital audio coding, IEEE Sign. Proc. Mag., Sep 1997
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| MPEG-1 layer 11l = MP3

Fiate and Distartion Control Loop

:}.A.': Aabivla 3| woct ! PR . o
- - with Dynaemic: | nd I [
v g | Windowing | Ounzer [—§ %9 |
A d T—T T 2 Mux y:
¥ |
Masking Coding | |
1 PET P Theasholds > ofSide > |
| | D |
| |
< inverae
Dt | Syminesis € MDCT i Feuttman
Filtartank : with Dryramac o g Dacoding
‘ » S A Demux 1€
olSde e =
| iedomation
|
A& 14, Structure of MPEG-1 oudio ¢ er and decoder (L L -

P. Noll, MPEG digital audio coding, IEEE Sign. Proc. Mag., Sep 1997
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MPEG-1 audio (ca 1990)

— Lag I: Delbandskoding i 32 like frekvensband,
512 koeffisienters polyfase kvadratur speilfiltre
og psykoakustisk modell som bestemmer
adaptiv bit-tilordning, rammelengde 8 ms

» ~192 kbit/s pr kanal for CD-kvalitet, ~384 kbit/s for
stereo

— Lag Il: Rammelengde 24 ms

92 kbit/s pr kanal, 192 kbit/s for stereo

— Lag IlI: kaskadekopler en 6 eller 18 punkts
(dynamisk vindus-svitsjing) MDCT med lag Is
filterbank
=> 32*18 = 576 frekvensband =>

64 kbit/s pr kanal (variabel) (128 kbit/s for stereo)

— MPEG-1, layer Il = MP3
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DAB = MPEG-1, lag 2

» Digital Audio Broadcasting
— Kaoder fra slutten av 80-tallet, standard fra 1991
— Bitrate stereo: (112), 128, 160 (~FM), 192 kbit/s
— Mono: ned til 56 kbit/s (nyheter)
» England: Mange musikkstasjoner i mono, f.eks 96 kbit/s
* DAB og lydkvalitet:
— | praksis aldri bedre enn god FM, ofte darligere:

¢ S.Holm, "Audio quality on the air in DAB digital radio in Norway," in Proc.
31st Audio Engineering Society International Conference, London, UK, 2007.

— De fleste land velger nd DAB+, ogsa Danmark, som er kommet
mye lenger enn Norge med innfgring av DAB
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MPEG-2 AAC - april 1997

* MPEG-2 AAC (Advanced Audio Coding)
— Samplingsrater fra 8 til 96 kHz
— opp til 48 audiokanler

— 320 kbit/s for 5.1 kanaler hgykvalitets audio,
kompresjon 12:1 i forhold til CD

— Hayopplgselig filterbank (1024 punkts mod.
cosinustransform),

— stgyforming i tid, prediksjonsteknikker

INSTITUTT FOR INFORMATIKK August 2009 - 40

17



UNIVERSITETET
10SLO

AAC's improvements over MP3

Advanced Audio Coding is designed to be the successor of the MP3 format and demonstrates greater
sound quality and transparency than MP3 files coded at the same bit rate.

*  More sample frequencies (from 8 kHz to 96 kHz) than MP3 (16 kHz to 48 kHz)

e Up to 48 channels (MP3 supports up to two channels in MPEG-1 mode and up to 5.1 channels in
MPEG-2 mode)

«  Arbitrary bit-rates and variable frame length. Standardized constant bit rate with bit reservoir.

»  Higher efficiency and simpler filterbank (rather than MP3's hybrid coding, AAC uses a pure
MDCT)

»  Higher coding efficiency for stationary signals (AAC uses a blocksize of 1024 or 960 samples,
allowing more efficient coding than MP3's 576 sample blocks)

»  Higher coding accuracy for transient signals (AAC uses a blocksize of 128 or 120 samples,
allowing more accurate coding than MP3's 192 sample blocks)

»  Can use Kaiser-Bessel derived window function to eliminate spectral leakage at the expense of
widening the main lobe

e Much better handling of audio frequencies above 16 kHz
*  More flexible joint stereo (different methods can be used in different frequency ranges)

*  Adds additional modules (tools) to increase compression efficiency: TNS, Backwards Prediction,
PNS etc... These modules can be combined to constitute different encoding profiles.
e Wikipedia
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Overview

Praktiske eksempler som mp1/mp3

Discrete Signals

Musikk og talesignal

Time-Domain Analysis

Linearitet: kan dele i frekvensband, behandle for seg og sa sette
sammen igjen

Tidsinvarians gjelder bare over kort tid for musikk og tale.
Differanseligninger: FIR filtre

z-Transform Analysis

Analyse av filter i filterbanken: ngkkel til & fa til filterdesign

Frequency Domain Analysis

Frekvensdomene er sentralt i modell av harsel
Frekvensselektive filtre: bandpassfiltre

Inverse systemer: kan dele i band i koder og addere sammen
igjen i dekoder

Filter Concepts

Filterstrukturer, hvordan implementere filterbank i koder og
dekoder

Digital Processing of Analog Signals

A/D-analyse: kvantiseringsstay ved direkte sampling
Mutirate system: Hvert delfilter kan nedsamples pga bare 1/32
av total bandbredde => trenger bare 1/32 samplerate per filter

The Discrete Fourier Transform and Its
Applications.

Frekvensanalyse av signaler
FFT brukes i estimering av spektrum i koder.
M& estimere Korttidsspektrum for & gjare adaptiv bittildeling

Design of IIR Filters.

10

Design of FIR Filters.

Hvordan finne koeffisienter til bp-filtrene i filterbanken?

1

MATLAB Examples

A

Useful Concepts from Analog Theory
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