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Low Data Rate MPEG-1 Layer 111
Enhancement

Kuo-Hsiang Huang and Jar-Ferr Yang™

Department of Electrical Engineering,
National Chen Kung University
1 University Road, Tainan, Taiwan, R.O.C.

ABSTRACT

The research of thisthesisis mainly focused on study and implementation
of MPEG-1 Layer Il (MP3) for low bit-rate applications. First, we propose a
lowpass filter approach and its adaptive spectrum reduction method to reduce
the defeat of the MP3 codec in low bit-rate applications. Both lowpass and
spectrum reduction algorithms will sacrifice the high frequency components
of audio signals. To improve the high frequency performance, we further
suggest a high frequency compensation method to make up the
quasi-harmonics of high frequency spectrum. By using spectrum reduction
and quasi-harmonic compensation method, the MPEG-1 Layer |11 audio coder

can achieve a high perceptual quality for low bit-rate applications.

"TheAuthor  ~TheAdvisor
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1.1

CD VvCD DvVD

MP3 MPEG-1 Layer Il
MP3

[13]

CD

Bit

[7]

CD CD

kHz  44.1 kHz 16

48

PCM, Pulse



Code Modulation
48 kHz 768 kbps Kilobits per second
44.1 kHz 705.6 kbps 1.54 Mbps
M egabits per second 1.41 Mbpg[ 6]

CD

CD

1.2

Human Auditory Perception Model

[7]



Time Domain

Frequency Domain

Psychoacoustics Model  [1]

(1.1)
Psychoacoustics Analysis
Time/Frequency Analysis Quantization Bit
Allocation Lossless Coding [6]
Params. 14 \

s(n) Time/Frequency Quantization

Analysis and Encoding Entropy M

T (Lossless) Nng
Coding X
o .
Pye OaCOl_JSUCS H Bit Allocation ]—>
Anaysis Masking

Thresholds

(1.1)

1.3
20Hz 20 kHz

2kHz 4kHz



96 dB[1]

20Hz 20kHz
Critical Band Absolute Threshold
SPL, Sound Pressure Level Masking Effect
[1], [7]
A.
20Hz 20kHz
25
(1.2)

Hz

CBR,



Critical Band Rate

Bark

(1.1) (Bark) (H2)
Band (Bark) Lower (H2) Center (H2) Upper (Hz2)
1 0 50 100
2 100 150 200
3 200 250 300
4 300 350 400
5 400 450 510
6 510 570 630
7 630 700 770
8 770 840 920
9 920 1000 1080
10 1080 1170 1270
11 1270 1370 1480
12 1480 1600 1720
13 1720 1850 2000
14 2000 2150 2320
15 2320 2500 2700
16 2700 2900 3150
17 3150 3400 3700
18 3700 4000 4400
19 4400 4800 5300
20 5300 5800 6400
21 6400 7000 7700
22 7700 8500 9500
23 9500 10500 12000
24 12000 13500 15500
25 15500 19500 -
Bark (1-1)
2
g 4 f
b=13-tan™(0.76f )+ 3.5- tan (—j (bark)
7.5
b Bak f kHz
(1-2)

Afg = 25+ 75(1+1.412)"

(1-1)

(1-1)

(1-2)



Afg

Critical Bandwidth (Hz)

6000

5000

4000

3000

2000

1000

(1.2)

Critical Bandwidth

—— CB Bandwidth versus Frequencies
+ CB filter Center Frequencies

10° 10° 10*
Frequency (Hz)
(1.2) Hz
20Hz 20kHz

Threshold in Quiet

SPL dB Tone

kHz



(1-3)
— 3.3]2] +10°°. (

(1-3)

T

f
1000

f
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f
1000

a4

TH(T)

dB

Hz TH

(1.3)
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100
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-20
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Masking Effect



M asker

Masking

Temporal Masking

C-1

(L4)

SPL

1 kHz

1 kHz

Masked

Maskee

Spectral Masking

60 dB

1 kHz



Absolute Thershold of Hearing in Quiet
100 : —— —

80 - 8

60 .
Threshold in Quiet

20l / Non-masked Sound

Sound Pressure Level, SPL (dB)

20+ E

Or J
_20 1 L - L

10° 10° 10"
Frequency (Hz)
(1.4)
C-2
Pre-masking
Simultaneous masking Post-masking (1.5
Masker
20ms



g pre- | sSmultaneous- | post-masking
g | |
S |
2 !
ol |
3 |
= |
-50 0 50 100 iO 50 100ms 150 200
Time after masker onset ! delay time
(1.5)
200 ms
1.4
N
Filter Bank Discrete Transform
N Time-Frequency
component

[11]
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(1.6) M
Quadrature Mirror Filter

M MDCT,

Modified Discrete Cosine Transform

PR, Perfect Reconstruction [ ]

x(n) y(n)
T® H,@ [P im [ »| MDCT | ===| IMDCT [— v TP R &>
> H@ P |y P MDCT | === | IMDCT —» +y P @ [P
Y ;
: A
_> HM—l(Z) _> lvM _> MDCT mEml |MDCT _> TM _> FM—l(Z) —
<4+—> <“—>
Analysisfilter bank Decimator Interpolator Synthesis filter bank

(1.6) M
1.5
Scal efactor band

Quantizer step size

[11]
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1.6

Scalefactor

Huffman Coding

Huffman codebook
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MPEG-1 Layer |11

2.1
MPEG-1 Layer Il MP3
| SO/IEC, International Organization for
Standardization and International Electrotechnical Commission

MPEG Moving Picture Experts Group

(2.1)
1SO SC1
International Organization for
Standardization sc2
ISO/IEC JTC1

ISO/IEC
Joint Technical Committee

IEC

International Electrotechnical
Commission SC29
(Multimedia Coding)

SC: Sub Committee WG WGIL WG12
WG: Working Group (j]BP|EGG) """ (MPEG) (MHEG)
(2.1)
MPEG-1 ISO/IEC
11172-1 Systems /

13



ISO/IEC 11172-2 Video

Element Stream

ISO/IEC 11172-3 Audio
MPEG-1 Part 3
Layer
Complexity Performance

22) (23) [2],

[3]. [4], [3], [10]

PCM
aud|o Encoded
input Timeto Bit/noise i bistream
frequency alocation, Bistream
mapping quantizer, ---p| formaiting
filter bank and coding

r
|
|
|
|
|

Ancillary data
(optional)

Psychoacoustics
model

(2.2) MPEG

MPEG
Bitstream Format

Auditory Masking Threshold

14



Encoded Decoded

bitstream i ] PCM audio
Bitstream Reconstruction Inverse
Unpaking __ Mapping

v
Ancillary data
(if included)
(2.3) MPEG
Ancillary Data
MPEG-1
Channel Bitrate 128 kbps
Philips DCC Digital Compact Cassette MPEG-1
192 kbps
128 kbps
DAB, Digital Audio Broadcasting
VCD
64 kbps
MP3 MPEG

(2.3)

Real-time

15



2.2 MPEG-1 Layer Il
MPEG-1 Layer |11 24
Perceptual Audio Coder [ 12 ]
Psychoacoustics Model Hybrid Filterbank
Lossless Coding / Huffman Coding
MP3 Rate and
Distortion Control Loop
Iteration Loop

MPEG-1 Layer ||

Hybrid Filterbank \ / Rate & Distortion control loop \
PCM
input | MDCT <R — <
- Andysis —® With : Angr _r Huffman : MP3
Filterbank _L Dynamic p| Quantizert | —p| Coding > Bitstream
Window > N > > M Lo
A / k f —T / _>
|
v u
. Coding X.
Masking w
FFT —— Thresholds — > S?Je — >
Psychoacoustics Model 2 J information

(2.4) MPEG-1 Layer I
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MPEG-1
I Adaptation
e 102,13, [4. [3]
1024 FFT, Fast
Fourier Transform
Tonality Non-tonality
Unpredictability Phase
Amplitude (2-1) (2-2 (2-3)
fo=20r (t-1)—r, (t—2) (2-1)
f =20f (t-1)—f, (t-2) (2-2)
¢ - ((r,cosf, —f, cosf, )?+ (rwAsin f,—F sinf,)?)° (2-3)
r, +abs(r,)
r, fo t c,
c,=0 O0<c,6 <1
61 Calculation Partition
Band &
Co (2-4) (2-5) (2.5)
[ ] MPEG-1 2

17



The energy and the unpredictability in the calculation partitions

105

100

95

90

85

80

daB

75

70

65

60 -

551

—— Energy in the calculation partitions
- - - Unpredictability in the calculation partitions

10

(2.5)

Dy,b

D=0, b
wu,b

6= Y,

D=0 n

Spreading Function

(2.6)

20 30 40
Calculation Partition Band

erb

18
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(2-5)
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spreding function

10k ]
5L ]
20k ]
25+

30k ]
351 ]

(&)

dB

40 -
45 -
50 -
551
10 20 30 40 50 60
Calculation Partition Band
(2.6)
ct,
= 2-6
b, = (2-6)
0 1 (2-7)
th, = -0.299-0.43log,(ch,) (2-7)
Attenuation Factor MPEG-1 Layer IlI
(2-8) (2-9)
attenuation = 10~ 5*® (2-8)
SNR, = maximum(minval(b),th, * TMN, + (1-th,)* NMT,) (2-9)
minval (b) MPEG-1 SNR
(2.7) TMN, Tone Masking Noise 29 dB  NMT, Noise

19



Masking Tone 6 dB

The lower limit for SNR in the partition band
25 T T T T

20

=
)]
T

Calculation Partition Band
=
o

0 L L L L
30 40 50 60
dB
(2.7) minval (b)
(2-10)
masking _threshold = convolved _energy  spectrum* attenuation (2-10)

(2-11)
SMR, Signa to Mask

Ratio (2.8)

signal _energy,

SMR =10lo
R oo sk ng _threshold

(2-12)

20



Signal to Masking Ratio(SMR)

1 T T T
0.9+ B
0.8+ B
o 0.7F 1
ET‘
= 0.6 1
£
X
8 05f ]
=
e
§ 0.4+ 4
k=)
" 0.3+ B
0.2+ 8
0.1- B
0 1 L L L L L L L
2 4 6 8 10 14 16 18 20
Scalefactor Band
(2.8)
Polyphase Analysis Filter MDCT
(2.9) [2], [11]
Subband 0
—»
576 audio Polyphase Filter Subband 1
samples Analys 32 subband
—> nayss MDCT | i 576 samples
Subband) : ( ples)
Subband 31 :
—»
i Long (normal, start, stop), :
. Short window sefect i
(2.9)

21



B-1

MPEG-1
(2.10)
I:I 32 samples
v
|—>|—>|—>| X FIFO —>|—>|—>|
Sy v v v v v v v vy vy
| C Window |
"y v v v v v v v y y
| | Z vector | |
0 # 63 # / 511
] o0 0
+ 4+  msmmmmns + - Y vector
| b 63
] 0O—p — > 0
— | Matrixing | —» g”aﬁg?”g
L | 63 31 S
(2.10)
32 X X
First In First Out C[n] C Window
(2-12) Y C (2.11)
Y, = :O Z, o] for j=0 to 63

22

32

FIFO

(2-12)



Coefficient of Analysis Window

0.03 -

0.02 -

0.01

C[n]
o

-0.01+

-0.02 -

-0.03 -

0 50 100 150 200 250 300 350 400 450 500

(2.11)
Matrixing (2-13) 32
32 S 1.4
63
S:ZMik*Yk fori=0 to 31
k=0
M., =cos[(2i +1)(k—16)7/64] (2-13)
> B-2
TDAC,
Time Domain Alias Cancellation Over-lap
Aliasing (8], [9]

23



MPEG-1 Layer Il| (2-14)

n-1
X, =Y 7, cos(—(2k+1+)(2i+1)  fori=0to2-1 (2-14)
= 2n 2 2
Long Block [ ] Short
Block n=36 n=12
50% Over-lap
C.
1. Outer Iteration Loop
2. Inner Iteration Loop

Distortion Control Loop
( Quantization Noise)

Rate Control Loop ( Quantization Step Size)

Allowed Distortion
(2-15)

ratio(sb) * en(sh)

xmin(sb) = ow(sh)

(2-15)

[ ] normal, start, stop

24



sb xmin(sb)

ratio(sh)
en(sh) bw(sb)
Huffman Code Table
qquant
1 (2-16)

ix() = nint(- qufarnszu‘amam )°™ _0,0946) (2-16)

xr(i) ix(i)
nint Near Integer gquant
0 quantanf
quantanf = system_const * [og, (sfm) (2-17)

1(nfm xr (i)?)
- g

sfim= S_l -
> logxr(i)?
i-0 (2-18)
Spectral Flatness Measure  system const
8.0
ix(i)
Bit Reservoir
xmin(sb)

(2-19)

25



gquant+quantanf >

i=Ibl (sb)-+bw(sb)-1 (‘ Xt (i )‘ _ iX(i)4/3 *4/0

xfsf(sb) = lb%b) ow(sh)
xfsf(sh)
xfsf(sh) > xmin(sh)
Xr
ifqstep
iqutep _ 2 (05(1+ scaefac_wale))

scalefac_scale 0 1
2 Xmin

ifqstep2

ifqstep2 = ifgstep * ifgstep

(2-19)

(2-20)
ifqstep 2

(2-21)

Scalefactor 1

b)
scalefac compress (2.1) denl den2

26



(2.1)

scalefac_compress senl sen2
0 0 0
1 0 1
2 0 2
3 0 3
4 3 0
5 1 1
6 1 2
I 1 3
8 2 1
9 2 2
10 2 3
11 3 1
12 3 2
13 3 3
14 4 2
15 4 3
2.3 MPEG-1 Layer Il
MPEG-1 Layer Il (2.12)
(2.13) (2.14)
PCM
output] f IMII_)CT f Descaler : :
<+ Eilytr;trf;;sr:sk : D))lr\::atrr;ic : Deqﬁgr?tizer ; Sg;rgiarllré ;
< Window | < < .mp3
7'} 7'} Demux file
4_
Decoding
of P
Side A
information

(2.12) MPEG-1 Layer ||

27




1

ID(1=MPEG)

Error Sampling
protection  frequency
Privati

Header CRC Sideinformation Main data; not necessary linked to
(32 (0,16) (136, 256) thisframe
mode
Bitrate
v syncword layer index Padding l copyright ~ emphasis
111111111111 - :l: :l:

Mode
extension

e bit Original/copy

(2.13) MPEG-1 Layer ||

Main data

Granule 0 | Granule 1 |
Channel 0 Channel 1
v \>
Scal efactor Quantized value

MPEG-1 Layer ||

Big vaues

Countl

MPEG-1 Layer ||

28
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A. MPEG-1 Layer I

(2.13)
4 Byte
17
main_data
(2.14)
B.
(2.16)
big_vaules
(2-22)

xr, = sign(is,) * [is \: * 24

* 2—(scalefac_ multiplier* scalefac__ g[ gr ][ ch][ sfb][window])

Header
Side Information
32

Cyclic Redundancy Code

Granule

main_data begin 9

(2.15)

rzero 0

countl

(2-23)

1(global _gain[gr]-210-8*subblock _ gain[window][ gr])

(2-22)

29



—» Header —» Header —» Header —» Header
Frame 1 Frame 2 Frame 3 Frame 4

Z Ojul apIs
€ oju apIs

S
KL oo

T oJu1 3pIs

JUAS
JUAS
JUAS

main data begin 1 main data begin 3 main data begin 4

main data begin 2

1

main info 1 main info 2 main info 3 main info 4

(2.15) Layer 1| main_data begin
4 Xgiobal_gainfgr]-210)
xr, =sign(is)*fis|e * 24
* 2—(scalefac_nultiplier*(scalefac_l[Sfb][ch][gr]+ preflag[ gr]* pretab[ sfb])) (2_23)
IS global_gain[gr] - 210
subblock _gain

scalefac_multiplier scalefac | scalefac_s

preflag * pretab

30



Quantized value

60 |

40}

30

20§

10

WA

50 100 5 Al 0—400 450 00 0
K Quantizeispectral line i
big values countl rzero
— A —~ A —— A —
XOXXXXKXHKKKKXIXKXXKKKX KKK K ======== === === == mmmmmmmmem 000000000000000000000000
I I I I
1 big_values*2 big_vaues* 2+count1*4 iblen
000 rzero 2
-10, +1 countl 4
XXX big_value 2

Iblen 576
big_values* 2 + countl * 4 + rzero * 2 =576

(2.16)

IMDCT Polyphase Synthesis Filter
(2.17)

31



Subband 0

. B | g
Xer IMDCT > <
Subband 1 'g
0 17
im IMDCT oW Ve > E Audio data
Subband 31 (-_fl’-l
Vo Vi VS | F
. IMDCT » 5
(2.17)
C-1
(2-24)
c n n
X = X, cos(z—(2i +1+)(2k+1) for i=0 to n-1 (2-24)
k=0 277: 2
n n=12 n n=36
C-2
(2.18) 32
De-Matrixing (2-25)
31
V=D N, * S, for i=0 to 63
k=0
N, = cos[(16+i)(2k + 1) / 64] (2-25)
Y U D
32 S

32



Begin

Input 32 New Subband Samples
S i=0...31

Shifting
for i=1023 down to 64 do
V[i] = V[i-64]

'

De-Matrixing
for i=0to 63 do

31
Vi = ZNik* Sk
k=0

'

Build a512 values vector U
fori=0to 7 do
for j=0to 31 do
U[i*64+j]=V[i* 128+j]
U[i*64+32+j]=V[i* 128+96+]

'

Window by 512 coefficients
Produce vector W
fori=0to 511 do

Wi:Ui* Di
Calculate 32 samples
for j=0to 31 do

15
Sj = Z\Nj+32i
i=0

!

Output 32 reconstructed PCM Samples

l
e )

(2.18)

33




MPEG-1 Layer |1

3.1

MPEG-1 Layer ||
MPEG-1 Layer I MPEG-1 Layer

1l MPEG-2 AAC Advanced Audio Coding AT&TPAC  Dolby AC-3

(3.1) [6]
31 B2
MPEG-1 Layer I1I 128 kbps
128 kbps
MPEG-1 Layer Il
128 kbps [ ]

[ ] 44.1 kHz

34



(3.1)

Group Algorithm Rate Mean Diff.
(kbps) Grade
1 AAC 128 -0.47
AC-3 192 -0.52
2 PAC 160 -0.82
PAC 128 -1.03
3 AC-3 160 -1.04
AAC 96 -1.15
MP-1L2 192 -1.18
MP-1L3 128 -1.73
4 MP-1L2 160 -1.75
PAC 96 -1.83
5 AC-3 128 -2.11
MP-1L2 128 -2.14
6 PAC 64 -3.09
(3.2) ITU-R
5.0 Imperceptible 0.0
4.9 -0.1
4.8 . -0.2
a7 Perceptible but 03
46 . -04
45 NOT Annoying 05
4.4 -0.6
43 -0.7
42 -0.8
41 -0.9
4.0 -1.0
> 39 11 | O
38 . -1.2 iy
O 37 S ghtl Yy -13 :
36 . -1.4
8 35 Annoying 15 EQ
34 -16
— 33 :1A7 g
= 3 e
D 3.0 20 | O
0 2.9 21 | D
=k 2 2@
26 . -24
D 25 Annoying 25 |~y
Q 24 -2.6 m
D 23 27 Q
L 22 -2.8
21 -29 m
2.0 -3.0
1.9 -3.1
17 Very 2
16 . -34
15 Annoying 35
14 -3.6
13 -3.7
12 -38
11 -39
1.0 -4.0

35




3.2 MPEG-1 Layer |11

MPEG-1 Layer Il 2.3
(2.16)
big_values countl
rzero (3.3)

SEGPSNR  Segmental

Peak Signal to Noise Ration SEGSNR  Segmental Signal to Noise

Ration SEGPSNR  SEGSNR (3-1)
(3-2)
PS\'R _ 1 V 2 peak _ value
4 \J )2
DA
SEGPSNR = %2 PS\R (3-1)
V2
sV
Z (Vs _Vs)
SEGSNR = %Z \R (3-2)
Vpeak_value Vs VAS (Vs _VAs)
SEGSNR
SEGPSNR

SEGPSNR

36



SEGPSNR

SEGSNR
(33)
Big_values Countl SEGPSNR | SEGSNR
bps (spectralines) (spectralines) (dB) (dB)
256 k 410 84 85.0 38.8
128 k 166 92 67.6 214
96 k 190 176 63.0 16.8
80 k 148 240 61.7 155
64 k 72 264 60.3 14.1
@ sax
Big_vaues Countl SEGPSNR | SEGSNR
bps (spectra lines) (spectralines) (dB) (dB)
256 k 370 92 73.4 32.2
128 k 278 116 56.4 15.2
96 k 148 216 51.3 10.1
80 k 88 244 49.5 8.3
64 k 44 228 48.4 7.2
(b)
Big_values Countl SEGPSNR | SEGSNR
bps (spectra lines) (spectra lines) (dB) (dB)
256 k 418 84 87.6 36.7
128 k 330 84 72.4 214
96 k 226 172 66.4 15.4
80 k 152 220 64.0 13.1
64 k 84 220 61.7 10.8
(c)
Big_vaues Countl SEGPSNR | SEGSNR
bps (spectra lines) (spectralines) (dB) (dB)
256 k 414 132 86.5 47.9
128 k 162 244 70.3 31.7
96 k 124 284 62.8 24.3
80 k 90 312 58.6 20.0
64 k 58 292 53.8 15.3
(d)

37




(3.3) big_values countl

countl
big_values
3.3 MPEG-1 Layer 111
3.2 22 C
(3.1
(3.3)
1.3 20Hz 20kHz
2kHz 4kHz

10

13 44.1 kHz

38



-20

-30

Quantization Error & Allowed Distortion
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Cut-off Frequency SEGPSNR
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1SO MPEG-1 Layer |1
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96 kbps
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MPEG-1 Layer ||
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(34)
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3.5

(34)

Frequency (kHz) SpectralLine Scalefactor band

1 26 6
2 52 10
3 78 12
4 104 13
5 130 14
6 156 15
7 182 16
8 208 17
9 236 17
10 262 18
11 288 19
12 314 19
13 340 19
14 366 20
15 392 20
16 418 21
17 444 21
18 470 21
19 496 21
20 522 21

22.05 575 21

(34) (35 (36)
SEGPSNR
big_values countl
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MPEG-1 Layer |11
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MPEG-1 Layer Il

A. MPEG-1 Layer Il

MPEG-1 Layer IlI ancillary
data [ ] (2.13)
winamp
main_data begin (2.15)
MPEG-1 Layer |1l
(4.1)
B.
MPEG-1 Layer |11
big_values
countl rzero MPEG-1 Layer

[ ] MPEG-1 Layer| Layerll
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> B-1
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Xr Xr
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v
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gan

(4-1) Xroxr

de
D oxr(idx+i)* Kr(idx—k+i)
cor, (k) =2 for k=0 to idx

\/%xr(idxﬂ)*xr(idxﬂ)

i=0

idx =2*big _values+4* countl+d,

i j=0=d,; =0
i . .
j>0=d,; =d,; +p(-1)

k> p(j)=bd; = p(j)
k<p(j)=bd, =k

p(j) = {24, 28, 34, 42, 50, 54, 76} foor j = 0 to 6
Block Boundary  p(j)
k 2* big_values + 4* countl+ d
max(cor;(Kk))

K bdj Xr

G; (4-3) S

(4-2)
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High frequency compensation (1% step)

X (2* big_values+ 4 * count1+dy)

. 575
! Xr
o
l 575
Xr
Xr (2* big_values + 4* countl+d)
High frequency compensation (2" step)
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- 575
<:{* ) \\ Xr
N
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if max(cor,(k)) then s=k

cor, (s)
G, = = J
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bd, idx
p()
Xr o Xr
(4.3)
G

(2.14)
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(4-4)

Xr(idx+i) =G, * Xr(idx—s+1i) for i=0to bd, (4-4)
Xr MDCT S
G j
idx  bd, (4-1)
(4.3)
> B-3
8
16 24
(4-5) (4-6)
s_idi]=4+i*4 , for i =0 to 63 (4-5)
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G, _idi] _ , for i=0to 15 (4-6)
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24 10
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MPEG-1 Layer Il
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