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Analogni audio signal

> Fourier analysis: decomposition into sine signals

> Signal bandwidth: speech 50Hz - 10kHz
music |5Hz - 20kHz

> Channel bandwidth: PTSN line 300Hz-3,4kHz only!




Analogni audio signal
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Spektar audio signhala
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Spektar audio signhala
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A/D konverzija

ADC - Analog to Digital

> Bandlimiting filter

> Sample-and-Hold

> Quantization

> Codeword 9, "t 1




Aliasing - preslusavanje

> Alias signals if sampling freq. is under 2*fmax

> Nyquist theorem

> Antialiasing filter
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Kvantizacija
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D/A konverzija

DAC - Digital to Analog
. (b)
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PCM — Pulse Code Modulation

> 8b/sam EU / 7b/sam USA,|P - 64kbps / 56 kbps
> A-law / u-law to compress the speech signal

> Human senses have logarithmic sensitivity

> Expands dymanics for low amplitude signals

> Used to be analog, nowadays digital implementation




DPCM — Differential PCM

inpus

> Only sample difference encoded

> Fewer bits to transfer

> Saving only | bit

Spasch

> Predicted from more samples ~ >=: =
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> Could save 2 bits




ADPCM — Adaptive DPCM

ADPCM subbond encoder

> [TU G.721 varies No bits
> (G.722 - subband coding
> 50Hz-3.5kHz-7kHz

> | 6kbps upper band,
48kbps lower band

> Multiplexing

> Can be predictive (APC)



Perceptual Coding

> Essential for Broadcast: user centred

> Psychoacoustic model of human ear

> Non-linear sensitivity

> Multiple signals - our DBT case - masking occurs

> Frequency and Temporal masking




Frekvencijsko maskiranje
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Vremensko maskiranje

Temporal Masking

> Critical bandwidth is frequency dependant
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Psihoakusticka kriva maskiranja—1KHz
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MPEG audio: layers

> A part of MPEG-1 video compression standard

> Layer | - 32-448kbps - HiFi@ 192kbps - DAT

> Layer 2 - 32-192kbps - HiFi@ 128kbps - DVB [MUSICAM]
> Layer 3 - 64kbps - HiFi@64kbps - ISDN audio

> Compatible - Headers have same format




MPEG audio: ulaz | podopsezi

> Input is PCM 8-24 b/sam

> Signal divided into frequency subbands - analysis filters
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Audio koder
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Audio dekoder
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DFT = discrete Fourier transform Bit allocations
Q = guonfizer DQ = dequantizer
IDFT = Inverse DFT



MPEG layer 1 audio koder
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MPEG layer 1 — bit stream
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MPEG layer 2 audio koder

Digitalu
audio
signal

bizina

Fitarska | 32 Li _ _ _
banka sa 32f—£ mearnt Pakovanye
filtra Y Icvantizer bitova
L A
. IUsmemvan'e e
Selekcya falctora ! I . Kodiranje
LAY (1 s
faktora za j=pp 74 dodatiuh
skaliranje skali;'mje P {11 f 011112 C 1] A=
q
Furyeova Psiho Dinamicka
hm_lb‘".i;onn' — alusticla — 1‘a.~'.¢po(lela
5 T
~12 model uha bitova
uzoraka
Bitska

b Formatira-

nje toka
podataka 1
korekciyja
esaka

Kodiram audio
tok podataka



MPEG layer 2 — bit stream
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MPEG layer 1 1 2 audio dekoder
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