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Audio Compression

Audio V8 Speech

Noise generated by Limited to 4KHz. Max.
anything.



Frequency Domain Speech and Audio Coding Standards

RSN R TT

TABLE Common Bandwidths and Sampling Rates for Speech and Audio

BT TR T
8.1 [nput P?equen{:y Sampling
Range (Hz) Rate {1000 samples/second)
Telephone speech 200-3400 8
Wideband speech S0—7000 16

Wideband audio 20=20,000 44,1 or 48




TABLE

Comparison of Commercially Available Audio Coding Systems

L P A
a.2 Main Avajlakle
Bit Rate  Cuality Complexity  Applications Since
MPEG-1 33-448 transparent low encoder] DOC 19%]
Layer | kbps @ 192 kbps!  decoder
total channe!,
a5 per (150
19%91c)
MPEG-1 31-384 transparent low decoder  DAR, CD-I DVD  [99]
Layer 2 kbps & |28 kbps/
Total channel, as
per (T F994]
P MPEG-1 32-320  transparent low decoder  ISDN, satellite 1993
M = e s kbps & 96 kbps/ radio systems,
tostal channel, as Internet awdic
per {ITL) 19494
Dolby AC-2  128-192  tramsparent low encoder/ point to point, 1989
khps/ i 128 kbps/  decoder cable
channel  channel, as
per (ITU 1994)
Dolby AC-3 32640 transparent @  low decoder  paoint to 1941
kbps 384 kbps/5.1 multipoint,
channel, as HDTY, cable,
per [ITU 1995) SD-DNVD
Sony 14 fow encoder) MDD 1992
ATRAC kbps/ decoder
channel
ATET Pac low decoder
MPEG-AAC 64 kbps/  transparent [997
[NBC) channel

Adapted from Brandenburg and Bosi [ 1995),



Audio Compression

PCM Analog Digitize
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Uniform Quantization —

Each extra bit gives an
additional 6dB in SNR

A peak into the dB scale:

* 0dB

» 25dB
* 35dB
* 120dB

Data Rates:

weakest audible sound pressure level

minimum noise level in typical recording studio
noise level in quiet home

loudest noise level before discomfort

44.1 kHz sampling rate and 16bits/sample
sterio =—> 2 channels == | 4 Mbits/s



Log-PCM:

Guantization

Boost low
amplitude
signal

Cninpredsal Sypmal FI.I. irl

FIGURE 4 Inpr Signal L4
T T
4.4 fx-law Companding Characteristic

Fu(s) = In(1+pls|) sgn(s) : rescale to give priorty to
In(1+p) low amplitudes




Uniform Quantizer: Output SNR decreases linearly with
decreasing mput signal power. Use log-PCM to
compensate (scheme mvented by telephone companies).

Adaptive Differential PCM:

(L2 WL ) =
. . W n-'|L RS ETIVE :-’-Df-"""_:l'-ff =
- Adaptive version of T | b
+ | Dagr]
DPCM | N
- Make the quantization or (@) ADPCM Encoder
prediction adaptive
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MPEG Audio Compression

Basic Idea: Masking and Perceptual Coding

“Threshold in quiet” — — 4+ Threshold level above

which sound will be audible 1n a quiet environment. This
threshold 15 a function of frequency.

Masking Threshold: Sound pressure level below which one
signal (maskee) will not be heard, given the presence of
another {(masker).



and Coder

e —

Perceptual
Coder

The Perceptual Coder 15 used by the Quantizer/Coder
to remove data that will be masked.

Analyzer » Quantizer |



MPEG 1: (layer 1) 32 equally spaced subbands of
750Hz each. Each hag 511 taps.
(layer 2) 1024-FFT instead of 312-FFT
(layer 3) MP3 - after the analysis FB, MDCT
further subdivides each subband
== bit allocation 1s better

MPEG2: some additional functionalities =—> designed for
theatre systems.



