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History of MPEG Standards [1]

« MPEG-1 coding of synchronized video and
audio at a total rate of 1.5 MBPS finalized
in 1992

« MPEG-2 coding of s synchronized video
and audio at a total rate of 10 MBPS
finalized in 1994

e MPEG-4 finalized in 1998
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MPEG-1 Audio [1]

 Originally intended for the coded
representation of high quality audio for
storage media and decoding high quality
audio

 Later tested under ITU-R and recommended
for some broadcasting applications

e Standardization of the bitstream and
decoder only, but not the encoder
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MPEG-2 Audio [1]

 Initial goal was to define the multichannel
extension to MPEG-1, designated MPEG-2

BC (backwards compatible), and to

* Define lower sampling rates than MPEG-1,
16 kHz, 22.5 kHz, and 24 kHz

e Later MPEG-2 NBC or MPEG-2 AAC
 Also, MPEG-2 LSF and MPEG-2.5
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Other Audio Coding Standards

* Dolby AC-3
« DVD-Audio
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Audio Coding Standards and
Applications [2]

APT-X 100 44.1 1 176.4 Cingma [19]
ATRAC 44.1 2 256ich MiniDise [365]
Lucent PAC 44.1 1-5.1 128/ stereo DBA: 128/160 kbps [3086]
Dolby AC-2 4.1 2 236/ch DBEA [313]
Dolby AC-3 44,1 1-5.1 32 - 384 Cinema, HDTY [315]
MPEG-1, LI-IIT | 32, 44.1, 48 | 1.2 32— 448 “MP3": LI [17]
DBEA: LII@ 256 kbps
DBES: LII@224 kbps
DCC: LI@384 kbps
MPEG-2/BC- 32, 441,48, | 1-51 312 - 640 Cinema [18]
LSF 16,22, 24
MPEG-2/AAC 1-96 8 —64 /ch Internetiwww,  e.g., | [112)
LigquidAundio™,
_ atob™ andio
MPEG-4 l- 200 bps - | General [222]
64 kbpsich
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Generic Audio Coding Method [2]
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Absolute Threshold of Hearing in
Quiet [2]
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MPEG-1 Layer I/II Encoder [2]
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MPEG-1 Layer III Encoder [2]
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Magnitude Response—Uniform
Filter Bank [2]
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Uniform M-Band Maximally

Decimated Analysis Synthesis Filter
Bank [2]

—H,(z) —E@H _@“ﬂ“’ 6rle) |

|

SIS O TN
P Ao D)

D l/

H”{E}_[u_,”/}—'—m@J G, fz) |—




Two-Channel Filter Banks

 QMF Solutions

e Haar Example

* Conjugate Quadrature Filter (CQF)
Solutions
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Haar QMF and Longer
Approximations to the QMF Perfect
Reconstruction Condition [1]
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Idealized Critical Band Filter Bank
[2]

‘Ne. | ST i - Y i i) e D s o ik
1 -100 10 1175 1080-1270 19 4800 4400-5300
2 100-200 11 1370 1270-1480 20 R&00 I00-540K0)
3 200-300 12 1600 1480-1720 21 TO00 6400-7700
4 300-400 13 1850 1720-2000 22 8500 TT00-9500
Lt 400-510 14 2150 2000-2320 23 10,500 G500-12000
6 510-630 15 2500 2320-2700 24 13,500 12000-15500
7 630-770 16 2900 2700-3150 25 19,500 15500-
8 T70-920 17 3400 3150-3700
g §20-1080 18 4000 3700-4400
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Prototype and Example Impulse
Responses [1]
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Frequency Response of the MPEG
Audio First Four Bands [1]
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DFT Filter Bank with Complex
Modulators [3]
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Analysis DFT Filter Bank with Input
Blocking [3]

- —1
zin) | | zalm

LH -E--u_.. polm) 'lnl:FH_:l 5 -t X.;.-l_’m}
= .E '
] | x3(m) uy (m)
DM e m(m) —>  X(m)
g - }
E1E i DFT
| i
=1
' | | zhe—1(m) | B —i(m)

" A M H——— pa-i(m) - —+ Xp—1(m)

BLOCK
GENERATION

4/16/07 UCSB

=



Synthesis DFT Filter Bank with
Input Blocking [3]
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Pre- and Post-Masking Properties [2]

| Pre- Simultaneous Poat-Masking
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Origin of Pre-Echo Distortion [2]

| Pre-echo distortion
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Example Window Switching for
MP3 [2]
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MPEG-2 NBC AAC Encoder [2]
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Comparison of Standardized Two
Channel Audio Coders [2]

. .
1] : 1 e Lo
Ei o iy % Fl X " i
1 AAC | 128 -0.47 | 1 0
AC-3 192 -0.52 | 1 11
2 PAC | 160 -0.82 1 )
3 PAC | 128 -1.03 1 4
AC-3 | 160 =104 0 4
AAC 05 -1.15 0 5
MP-112 192 -1.1% 0 5
4 ITIS | 192 -1.3% i 2
5 MP-1L3 | 128 -1.73 0 &
MP-1 L2 160 -1.75 0 7
PAC 96 -1.83 0 &
IT IS 160 -1.84 0 G
& AC-3 128 =211 Iy 8
MP-1 L2 128 -2.14 0 8
IT I8 128 =221 0 7
7 PAC 64 -3.00 0 ]
8 |ITIS 06 =332 0 2
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Comparison of Standardized 5.1
Channel Audio Coders [2]
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