ISO 11172-3:1993
ANNEXES C & D

3-ANNEX C (informative)
THE ENCODING PROCESS
3-C.1 Encoder

3-C.1.1 Overview

For each of the Layers, an example of one suitable encoder with the corresponding flow-diagram is given in this
annex. In subsequent clausesthe analysis subband filter and the layer-specific encoding techniques are described.
In Annex D two examples of psychoacoustic models, which are common to all layers, are described. A short
introduction describes the overall philosophy.

INTRODUCTION

The MPEG-Audio algorithm is a psychoacoustic algorithm. The figure below shows the primary parts of a
psychoacoustic algorithm.
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The four primary parts of the psychoacoustic encoder are:

1) TheFilterbank:

Thefilterbank does atime to frequency mapping. There are two filterbanks used in the MPEG-Audio algorithm, each
providing a specific mapping in time and frequency. These filterbanks are critically sampled (i.e. there are as many
samplesin the analyzed domain as there are in the time domain). These filterbanks provide the primary frequency
separation for the encoder, and the reconstruction filters for the decoder. The output samples of the filterbank are
quantized.



2) ThePsychoacoustic M odd:

The psychoacoustic model calculates ajust noticable noise-level for each band in thefilterbank. Thisnoiselevel is
used inthe bit or noise allocation to determine the actual quantizers and quantizer levels. There aretwo
psychoacoustic models presented in 3-Annex D. While they can both be applied to any layer of the MPEG-Audio
algorithm, in practice Model 1 has been used for Layers| and |1, and Model 2 for Layer 111. In both psychoacoustic
models, the final output of the model is asignal-to-mask ratio (SMR) for each band (Layers| and 1) or group of bands

(Layer I11).

3) Bit or Noise Allocation:

The allocator looks at both the output samples from the and the SMR's from the psychoacoustic model, and adjusts
the bit allocation (Layers| and I1) or noise alocation (Layer 111) in order to simultaneously meet both the bitrate
requirements and the masking requirements. At low bitrates, these methods attempt to spend bitsin afashion that is
psychoacousticly inoffensive when they cannot meet the psychoacoustic demand at the required bitrate.

4) The bitstream formatter:

The bitstream formatter takes the quantized filterbank outputs, the bit allocation (Layers| and 1) or noise allocation
(Layer I11) and other required side information, and encodes and formats that information in an efficient fashion. In
the case of Layer |11, the Huffman codes are also inserted at this point.

TheFilterbank

InLayers| and Il, afilterbank with 32 subbandsis used. In each subband, 12 or 36 samples are grouped for
processing. InLayer I, thefilterbank has a signal-dependant resolution, where there are either 6x32 or 18x32
frequency bands. In the case where there are 6x32 frequency samples, the 3 sets of each frequency are quantized
separately.

Bit or Noise Allocation M ethod

There are two different bitrate control methods explained in this Annex. In Layers| and Il this method is abit
allocation process, i.e. anumber of bitsis assigned to each sample (or group of samples) in each subband. The
method for Layer 111 is anoise-allocation loop, where the quantizers are varied in an organized fashion, and the
variable to be controlled isthe actually injected noise. In either case, the result is aset of quantization parameters and
quantized output samplesthat are given to the bistream formatter.

Bitstream For matting

The bitstream formatter varies from layer to layer. InLayers| and Il, afixed PCM codeis used for each subband
sample, with the exception that in Layer 11 quantized samples may be grouped. In Layer 111, Huffman codes are used
to represent the quantized frequency samples. These Huffman codes are variable-length codes that allow for more
efficient bitstream representation of the quantized samples at the cost of additional complexity.

3-C.1.2 Input High-Pass Filter
The encoding a gorithms provide a frequency response down to DC. However, in applications where thisis not a
requirement, it is recommended that a high-pass filter be included at the input of the encoder. The cut-off frequency

should be in the range of 2 to 10Hz.

The application of such a high-pass filter avoids an unneccessarily high bitrate requirement for the lowest subband
and increases the overall audio quality.



3-C.1.3 Analysis Subband Filter (norme ISO page 67)

An analysis subband filterbank is used to split the broadband signal with sampling frequency fsinto 32 equally
spaced subbands with sampling frequencies fs/32. The flow chart of this process with the appropriate formulasis
givenin Figure3-C.1 "ANALY SISSUBBAND FILTER FLOW CHART". Theanayss subband filtering includes the
following steps:

- Input 32 audio samples.

- Build an input sample vector, X, of 512 elements. The 32 audio samples are shifted in at positions 0 to 31, the
most recent on at position 0, and the 32 oldest elements are shifted out.

- Window vector X by vector C. The coefficients are to be found in Table 3-C.1"COEFFICIENTS Ci FOR THE
ANALY SISWINDOW".

- Cadculatethe 64 valuesYi according to the formulagiven in the flow chart.

- Calculate the 32 subband samples Si by matrixing. The coefficients for the matrix can be calculated by the
following formula:

Mik=cos[(2i + 1)(k - 16)p/64], for i=0to31,and k=0t063.
Table 3-C.1 Coefficients Ci of the Analysis Window

[ 0]= 0.000000000 Cc 1]=-0.000000477 C 2]=-0.000000477 ad 3]=-
0. 000000477

C[ 4] =-0.000000477 C 5] =-0.000000477 C 6] =-0.000000477 a 7]=-
0. 000000954

[ 8]=-0.000000954 Cc 9]=-0.000000954 C[ 10]=-0.000000954 q 11] =
0.000001431

C[ 12]=-0.000001431 C[ 13]=-0.000001907 C[ 14]=-0.000001907 c 15] =-
0. 000002384

C[ 16]=-0.000002384 C[ 17]=-0.000002861 C[ 18]=-0.000003338 q 19]=-
0. 000003338

C[ 20]=-0.000003815 C[ 21]=-0.000004292 C[ 22]=-0.000004768 q 23] =-
0. 000005245

C[ 24]=-0.000006199 C[ 25]=-0.000006676 C[ 26]=-0.000007629 a 27]=-
0. 000008106

C[ 28]=-0.000009060 C[ 29]=-0.000010014 C[ 30]=-0.000011444 q 31] =-
0.000012398

C[ 32]=-0.000013828 C[ 33]=-0.000014782 C[ 34]=-0.000016689 q 35]=-
0.000018120

Cl 36]=-0.000019550 Cl 37]=-0.000021458 Cl 38]=-0.000023365 c 39]=-
0. 000025272

C[ 40]=-0.000027657 C[ 41]=-0.000030041 C[ 42]=-0.000032425 q 43]=-
0. 000034809

C[ 44]=-0.000037670 C[ 45]=-0.000040531 C[ 46]=-0.000043392 q 47]=-
0. 000046253

C[ 48]=-0.000049591 C[ 49]=-0.000052929 C[ 50]=-0.000055790 q 51]=-
0. 000059605

Cl 52]=-0.000062943 Cl 53]=-0.000066280 Cl 54]=-0.000070095 q 55]=-
0.000073433

C[ 56]=-0.000076771 C[ 57]=-0.000080585 C[ 58]=-0.000083923 q 59]=-
0.000087261

Cl 60]=-0.000090599 Cl 61]=-0.000093460 C[ 62]=-0.000096321 c 63]=-
0. 000099182

C[ 64]= 0.000101566 C[ 65]= 0.000103951 C[ 66]= 0.000105858 q 67]=
0.000107288

Cl 68]= 0.000108242 C[ 69]= 0.000108719 C[ 70]= 0.000108719 a 71]=
0.000108242

C[ 72]= 0.000106812 C[ 73]= 0.000105381 C[ 74]= 0.000102520 q 75]=
0. 000099182



C 76]= 0
. 000077724
c 80]= 0
. 000039577
Cl 84]= 0
. 000017166
Cl 88]=-0.
. 000093937
c 92]=-0.
000191212
c 96]=-0.
. 000307560
C[ 100] =- 0.
. 000438213
C[ 104] =- 0.
. 000576973
C[ 108] =- 0.
. 000714302
[ 112] =- 0.
. 000838757
C[ 116] =- 0.
. 000935555
[ 120] =- 0.
. 000989437
[ 124] =- 0.
. 000983715
C[128]= 0
. 000902653
C132]= 0
. 000731945
C[136]= 0
. 000462532
C[140] = 0
. 000088215
[ 144] =- 0.
. 000388145
[ 148] =- 0.
. 000956535
[ 152] =- 0.
. 001597881
[ 156] =- 0.
. 002283096
[ 160] =- 0.
. 002974033
[ 164] =- 0.
. 003622532
C[ 168] =- 0.
. 004174709
C[172] =-0.
. 004570484
C[176] =- 0.
.004748821
[ 180] =- 0.
. 004649162
[ 184] =- 0.
. 004215240
[ 188] =- 0.
. 003401756
C[192]= 0
. 002174854
C[196]= 0
. 000515938

000095367

000069618

000027180

000034332

000116348

000218868

000339031

000472546

000611782

000747204

000866413

000954151

000994205

000971317

000868797

000674248

000378609

000021458

000522137

001111031

001766682

002457142

003141880

003771782

004290581

004638195

004752159

004573822

004049301

003134727

001800537

c 771=0
c 81]= 0
cl 85]= 0
c 89]=-0
c 93]=-0
c 97]=-0
C[101] =- 0
[ 105] =- 0
C[ 109] =- 0
C[113]=-0
C[117]=-0
C121] =-0
[ 125] =-0
C[129]= 0
C[133]= 0
C[137]= 0
Cl141]= 0
[ 145] =- 0
[ 149] =- 0
[ 153] =- 0
Cl157] =-0
C[161] =- 0
[ 165] =- 0
C[169] =- 0
C[173]=-0
C[177]=-0
C[181] =- 0
[ 185] =- 0
[ 189] =- 0
C[193]= 0
C[197]= 0

000090122

000060558

000013828

000052929

000140190

000247478

000371456

000507355

000646591

000779152

000891685

000968933

000995159

000953674

000829220

000610352

000288486

000137329

000661850

001269817

001937389

002630711

003306866

003914356

004395962

004691124

004737377

004477024

003858566

002841473

001399517

c 78]=0
c 82]=0
cl 86]=-0
cl 90]=-0
cl 94]=-0
cl 98]=-0
C[ 102] =-0
C[ 106] =- 0
C[110] =-0
C[114] =-0
C[118] =-0
C122]=-0
Cl 126] =-0
C[130]= 0
C[134]= 0
C[138]= 0
C[142]= 0
[ 146] =- 0
[ 150] =- 0
Cl 154] =- 0
[ 158] =- 0
C[162] =-0
C[ 166] =- 0
C[170] =-0
C[174]=-0
C[178] =-0
[ 182] =-0
C[ 186] =- 0
C[ 190] =-0
C[194]= 0
C[198]= 0

000084400

000050545

000000954

000072956

000165462

000277042

000404358

000542164

000680923

000809669

000915051

000980854

000991821

000930786

000783920

000539303

000191689

000259876

000806808

001432419

002110004

002803326

003467083

004048824

004489899

004728317

004703045

004357815

003643036

002521515

000971317

cl
a
cl
a
cl

a

79] =
83] =
87] =-
91] =-
95] =-

99] =-

[ 103] =-

[ 107] =-

c[111] =-

Cl 115] =-

q 119] =-

ql 123] =-

q 127] =-

q 131] =

C[135] =

[ 139] =

ql 143] =

[ 147] =-

q 151] =-

[ 155] =-

C[ 159] =-

Cl 163] =-

Cl 167] =-

c171] =-

q 175] =-

[ 179] =-

Cl 183] =-

[ 187] =-

q 191] =-

[ 195] =

[ 199] =



C[200] = O
. 001573563
C[ 204] =- 0.
. 004072189
C[ 208] =- 0.
. 006937027
[ 212] =- 0.
.010103703
C[ 216] =- 0.
. 013489246
[ 220] =- 0.
. 016994476
[ 224] =- 0.
. 020506859
[ 228] =- 0.
. 023907185
[ 232] =-0.
. 027073860
[ 236] =- 0.
. 029890060
[ 240] =- 0.
. 032248020
[ 244] =- 0.
. 034055710
[ 248] =- 0.
. 035242081
[ 252] =- 0.
. 035758972
C[256]= 0
. 035586357
C[260]= 0
. 034730434
C[264]= 0
. 033225536
C[268]= 0
. 031132698
C272]= 0
. 028532982
C[276]= 0
. 025527000
C[280]= 0
. 022228718
C[284]= 0
. 018756866
C[288]= 0
. 015233517
C[292]= 0
. 011775017
C[296] = 0
. 008487225
C[300]= O
. 005462170
C[304]= 0
. 002774239
C[308]= 0
. 000475883
[ 312] =-0.
. 001399517
C[ 316] =- 0.
.002841473
C[320]= 0
. 003858566

000033379

002161503

004756451

007703304

010933399

014358521

017876148

021372318

024725437

027815342

030526638

032754898

034412861

035435200

035780907

035435200

034412861

032754898

030526638

027815342

024725437

021372318

017876148

014358521

010933399

007703304

004756451

002161503

000033379

001800537

003134727

C[ 201] =- 0
C[ 205] =- 0
C[ 209] =- 0
[ 213] =-0
C[217]=-0
[ 221] =- 0
C[ 225] =- 0
[ 229] =- 0
[ 233] =-0
[ 237] =- 0
Cl 241]=-0
C[ 245] =- 0
C[ 249] =- 0
[ 253] =- 0
C[257]= 0
C[261]= 0
C[265]= 0
C[269]= 0
C[273]= 0
C[277]= 0
C[281]= 0
C[285]= 0
C[289]= 0
C[293]= 0
C[297]= 0
C[301]= 0
C[305]= 0
C[309] = 0
C[313]=-0
C[317]=-0
C321]= 0

000475883

002774239

005462170

008487225

011775017

015233517

018756866

022228718

025527000

028532982

031132698

033225536

034730434

035586357

035758972

035242081

034055710

032248020

029890060

027073860

023907185

020506859

016994476

013489246

010103703

006937027

004072189

001573563

000515938

002174854

003401756

[ 202] =-0
C[ 206] =- 0
C[210] =-0
Cl214] =-0
C[218] =-0
[ 222] =-0
[ 226] =-0
C[ 230] =-0
[ 234] =-0
[ 238] =-0
C[ 242] =-0
C[ 246] =- 0
C[ 250] =- 0
[ 254] =- 0
C[258]= 0
C[262]= 0
C[266] = 0
C[270]= 0
C[274]= 0
C[278]= 0
C[282]= 0
C[286]= 0
C[290]= 0
C[294]= 0
C[298]= 0
C[302]= 0
C[306] = 0
C[310]= 0
Cl[314] =-0
C[318] =-0
C322]= 0

001011848

003411293

006189346

009287834

012627602

016112804

019634247

023074150

026310921

029224873

031706810

033659935

035007000

035694122

035694122

035007000

033659935

031706810

029224873

026310921

023074150

019634247

016112804

012627602

009287834

006189346

003411293

001011848

000971317

002521515

003643036

C[ 203] =-
[ 207] =-
q 211] =-
C[ 215] =-
[ 219] =-
C[ 223] =-
[ 227] =-
C[ 231] =-
C[ 235] =-
C[ 239] =-
C[ 243] =-
[ 247] =-
[ 251] =-
C[ 255] =-
C[ 259] =
C[ 263] =
C[ 267] =
[ 271] =
[ 275] =
[ 279] =
C[ 283] =
[ 287] =
C[291] =
C[ 295] =
C[ 299] =
[ 303] =
C[307] =
C[311] =
C[ 315] =-
C[ 319] =-

C 323] =



C[324]= 0
. 004477024
C[328]= 0
. 004737377
C[332]= 0
. 004691124
C[336]= 0
. 004395962
C[340]= 0
. 003914356
C[344]= 0
. 003306866
C[348]= 0
. 002630711
C[352]= 0
. 001937389
C[356]= 0
. 001269817
C[360]= 0
. 000661850
C[364]= 0
. 000137329
C[368]= 0
. 000288486
C[372] =-0.
. 000610352
C[ 376] =- 0.
. 000829220
[ 380] =- 0.
. 000953674
C[384]= 0
. 000995159
C[388]= 0
. 000968933
C[392]= 0
. 000891685
C[396]= 0
. 000779152
C[ 400] = O
. 000646591
C[404] = 0
. 000507355
C[ 408]= O
. 000371456
[ 412]= 0
. 000247478
C[416]= 0
. 000140190
C[420]= 0
. 000052929
Cl424]= 0
. 000013828
[ 428] =- 0.
. 000060558
[ 432] =- 0.
. 000090122
[ 436] =- 0.
. 000105381
[ 440] =- 0.
. 000108719
[ 444] =- 0.
. 000103951

004049301

004573822

004752159

004638195

004290581

003771782

003141880

002457142

001766682

001111031

000522137

000021458

000378609

000674248

000868797

000971317

000994205

000954151

000866413

000747204

000611782

000472546

000339031

000218868

000116348

000034332

000027180

000069618

000095367

000106812

000108242

C[325]= 0
C[329]= 0
C333]= 0
C337]= 0
C[341]= 0
Cl[345]= 0
C[349]= 0
C353]= 0
C357]= 0
C[361]= 0
C[365]= 0
[ 369] =- 0
C[373]=-0
C[377]=-0
C[381] =- 0
C[385]= 0
C[389]= 0
C[393]= 0
C[397]= 0
C[401] = 0
C[ 405] = 0
C[409] = 0
C[413]= 0
C[417]= 0
cl421]= 0
Cl425]= 0
[ 429] =- 0
[ 433] =- 0
[ 437] =- 0
Cl 441] =- 0
C[ 445] =- 0

004215240

004649162

004748821

004570484

004174709

003622532

002974033

002283096

001597881

000956535

000388145

000088215

000462532

000731945

000902653

000983715

000989437

000935555

000838757

000714302

000576973

000438213

000307560

000191212

000093937

000017166

000039577

000077724

000099182

000108242

000107288

C[326]= 0
C[330]= 0
C[334]= 0
C1338]= 0
C[342]= 0
C[346]= 0
C[350]= 0
C[354]= 0
C[358]= 0
C1362]= 0
C[366]= 0
C[370] =-0
C[374] =-0
C[378] =-0
[ 382] =-0
C1386]= 0
C[390]= 0
C1394]= 0
C[398]= 0
C402]= 0
C[ 406] = 0
C[410]= O
C[414]= 0
C[418]= 0
C[422]= 0
Cl426]= 0
C[ 430] =- 0
[ 434] =- 0
C[ 438] =-0
[ 442] =-0
Cl 446] =- 0

004357815

004703045

004728317

004489899

004048824

003467083

002803326

002110004

001432419

000806808

000259876

000191689

000539303

000783920

000930786

000991821

000980854

000915051

000809669

000680923

000542164

000404358

000277042

000165462

000072956

000000954

000050545

000084400

000102520

000108719

000105858

C[327] =
C[331] =
C[ 335] =
C[ 339] =
C[ 343] =
C[347] =
C[351] =
C[ 355] =
C[ 359] =
C[ 363] =
C[367] =
[ 371] =-
C[ 375] =-
[ 379] =-
C[ 383] =-
C[387] =
C[391] =
C[ 395] =
C[ 399] =
C[ 403] =
C[ 407] =
[ 411] =
C[ 415] =
[ 419] =
[ 423] =
[ 427] =-
[ 431] =-
C[ 435] =-
C[ 439] =-
C[ 443] =-

Cl 447] =-



C[ 448] = 0. 000101566 C[ 449] = 0. 000099182 C[ 450] = 0. 000096321 ] 451] =
0. 000093460

C[ 452] = 0. 000090599 C[ 453] = 0. 000087261 C[ 454] = 0. 000083923 [ 455] =
0. 000080585

C[ 456] = 0. 000076771 C[ 457] = 0. 000073433 C[ 458] = 0. 000070095 Cl 459] =
0. 000066280

C[ 460] = 0. 000062943 C[ 461] = 0. 000059605 C[ 462] = 0. 000055790 Cl 463] =
0. 000052929

C[ 464] = 0. 000049591 C[ 465] = 0. 000046253 C[ 466] = 0. 000043392 Cl 467] =
0. 000040531

C[ 468] = 0. 000037670 C[ 469] = 0. 000034809 C[ 470] = 0.000032425 q471] =
0. 000030041

C[472] = 0.000027657 C[473] = 0. 000025272 C[ 474] = 0. 000023365 Cl 475] =
0.000021458

C[476]= 0.000019550 C[477]= 0.000018120 C[478] = 0.000016689 C479] =
0.000014782

C[ 480] = 0. 000013828 C[ 481] = 0. 000012398 C[ 482] = 0. 000011444 Cl 483] =
0.000010014

C[ 484] = 0. 000009060 C[ 485] = 0. 000008106 C[ 486] = 0. 000007629 Cl 487] =
0. 000006676

C[ 488] = 0.000006199 C[ 489] = 0. 000005245 C[ 490] = 0. 000004768 Cl 491] =
0. 000004292

C[ 492] = 0. 000003815 C[ 493] = 0. 000003338 C[ 494] = 0. 000003338 [ 495] =
0. 000002861

C[ 496] = 0. 000002384 C[ 497] = 0. 000002384 C[ 498] = 0. 000001907 [ 499] =
0. 000001907

C[ 500] = 0.000001431 C[501] = 0. 000001431 C[502] = 0. 000000954 C[ 503] =
0. 000000954

C[504] = 0. 000000954 C[ 505] = 0. 000000954 C[ 506] = 0. 000000477 C[ 507] =
0. 000000477

C[ 508] = 0.000000477 C[509] = 0. 000000477 C[510] = 0.000000477 q511] =
0. 000000477

3-C.1.4 Psychoacoustic Models

Two examples of psychoacoustic models are presented in Annex D, "PSY CHOACOUSTIC MODELS".

3-C.1.5 Encoding

3-C.1.5.1 Layer | Encoding

1. Introduction

This clause describes a possible Layer | encoding method. The description is made according to Figure 3-C.2,
"LAYERI, || ENCODER FLOW CHART".

2. Psychoacoustic Model
The calculation of the psychoacoustic parameters can be done either with Psychoacoustic Model | described in
Annex D, clause 3-D.1. or with Psychoacoustic Model 11 asdescribed in Annex D, clause 3-D.2. The FFT shiftlength
equals 384 samples. Either model provides the signal-to-mask ratio for every subband.

3. Analysis Subband Filtering



The subband analysisis described in the clause 3-C.1.3, "ANALY SISSUBBAND FILTER".
4. Scalefactor Calculation (norme ISO page 70)

The calculation of the scalefactor for each subband is performed every 12 subband samples. The maximum of the
absolute value of these 12 samplesis determined. The next largest valuein 3-Annex B, Table 3-B.1., "LAYERI, I
SCALEFACTORS' isused asthe scalefactor.

5. Coding of Scalefactors

Theindex inthe 3-Annex B, Table 3-B.1., "LAYERI ,Il SCALEFACTORS" isrepresented by 6 bits, MSB first. The
scalefactor istransmitted only if a non-zero number of bits has been allocated to the subband.

6. Bit Allocation

Before adjustment to afixed bitrate, the number of bitsthat are available for coding the samples and the scal efactors
must be determined. This number can be obtained by subtracting from the total number of bits available "cb", the
numbers of bits needed for bit allocation "bbal", and the number of bits required for ancillary data"banc":

adb = cb - (bbal + banc)

The resulting number of bits can be used to code the subband samples and the scal efactors. The principle used in the
allocation procedure is minimization of the total noiseto-mask ratio over the frame with the constraint that the number
of bits used does not exceed the number of bits available for that frame. The possible number of bits allocated to one
sample can be found in the tablein clause 2.4.2.5 of the main part of the audio standard (Audio data, Layerl); the
rangeis0...15 bits, excluding an allocation of 1 bit.

The allocation procedureis an iterative procedure, where in each iteration step the number of levels of the subband
samples of greatest benefit isincreased.

First the mask-to-noiseratio "MNR" for each subband is calculated by subtracting from the signal-to-noise-ratio
"SNR" the signal-to-mask-ratio "SMR":

MNR =SNR - SMR

The signal-to-noise-ratio can be found in the 3-Annex C, Table 3-C.2,, "LAYER | SIGNAL-TO-NOISE-RATIOS". The
signal-to-mask-ratio is the output of the psychoacoustic model.

Then zero bits are allocated to the samples and the scal efactors. The number of bits for the samples "bspl" and the
number of bits for the scalefactors "bscf" are set to zero. Next an iterative procedure is started. Each iteration loop
contains the following steps :

- Determination of the minimal MNR of all subbands.

- Theaccuracy of the quantization of the subband with the minimal MNR isincreased by using the next higher
number of bits.

- Thenew MNR of this subband is calculated.

- bspl is updated according to the additional number of bits required. If anon-zero number of bitsis assigned to
asubband for the first time, bscf has to be incremented by 6 bits. Then adb is calculated again using the
formula: adb=cb-(bbal +bscf+bspl+banc)

Theiterative procedureisrepeated as long as adb is not less than any possible increase of bspl and bscf within
one loop.

7. Quantization and Encoding of Subband Samples



A linear quantizer with a symmetric zero representation isused to quantize the subband samples. This representation
prevents small value changes around zero from quantizing to different levels. Each of the subband samplesis
normalized by dividing its value by the scal efactor to obtain X, and quantized using the following formula:

- Cdculate AX+B
- Take the N most significant bits.
- Invert the MSB.
A and B can befoundin 3-Annex C, Table 3-C.3, "LAYER | QUANTIZATION COEFFICIENTS'. N representsthe

necessary humber of bitsto encode the number of steps. The inversion of the most significant bit (MSB) isdonein
order to avoid theall "1 representation of the code, because the all 1" code is used for the synchronization word.

8. Coding of Bit Allocation

The 4-bit code for the allocation isgivenin clause 2.4.2.5, "Audio data Layerl", of the main part of the audio standard.

9. Formatting

The encoded subband information istransferred in frames (See also clauses 2.4.1.2, 2.4.1.3, 2.4.1.5 and 2.4.1.8 of the
clause 2.4.1 " Specification of the Coded Audio Bitstream Syntax " of the main part of the audio standard. The number
of slotsin aframe varies with the sample frequency (Fs) and bitrate. Each frame contains information on 384 samples
of the original input signal, so the framerate is F5/384.

Fs(kHz) Frame size (ms)

48 8
441 8.7074...
32 12

A frame may carry audio information from one or two channels.
Thelength of aslot in Layerl is 32 bits. The number of slotsin aframe can be computed by thisformula:
Number of dots/frame (N) =* 12

If this does not give an integer number the result istruncated and 'padding' is required. This means that the number of
slotsmay vary between N and N + 1.

An overview of the Layer | format is given below:

Frame

HEADER| ALLOC SCALEFACTORS SAMPLES ANC

TABLE 3-C.2 LAYER | SIGNAL-TO-NOISE RATIOS

No. of seps SNR (dB)



0.00

7.00

16.00
25.28
3159
37.75
4384
49.89
55.93
61.96
67.98
74.01
80.03
86.05
92.01

No. of seps A

3
7
15
31

8191
16383
32767

FIGURE 3-C.1 Analysis subband filter flow chart

0.750000000
0.875000000
0.937500000
0.968750000
0.984375000
0.992187500
0.996093750
0.998046875
0.999023438
0.999511719
0.999755859
0.999877930
0.999938965
0.999969482

TABLE 3-C.3 LAYER | QUANTIZATION COEFFICIENTS

B

-0.250000000
-0.125000000
-0.062500000
-0.031250000
-0.015625000
-0.007812500
-0.003906250
-0.001953125
-0.000976563
-0.000488281
-0.000244141
-0.000122070
-0.000061035
-0.000030518



BEGIN

¥

for i=511 downto 32 do
X[iI=X[i-32]

2

\

for i=31 downto O do
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¥

Window by 512 Coefficients
Produce Vector Z

for i=0 to 511 do Zi=Ci*Xi
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END

FIGURE 3-C.2 Layer |, 1l encoder flow chart
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3-ANNEX D (informative)
PSYCHOACOUSTIC MODELS

3-D.1. Psychoacoustic Model |

Layer|: A new bit allocation is calculated for each block of 12 subband or 384 input PCM samples.

The bit allocation of the 32 subbandsis calculated on the basis of the signal-to-mask ratios of all the subbands.
Thereforeit is necessary to determine, for each subband the maximum signal level and the minimum masking



threshold. The minimum masking threshold is derived from an FFT of the input PCM signal, followed by a
psychoacoustic model calculation.

The FFT in parallel with the subband filter compensates for the lack of spectral selectivity obtained at low frequencies
by the subband filterbank. This technique provides both a sufficient time resolution for the coded audio signal
(Polyphase filter with optimized window for minimal pre-echoes) and a sufficient spectral resolution for the calculation
of the masking thresholds.

The frequencies and levels of aliasing distortions can be calculated. Thisis necessary for calculating a minimum bit
rate for those subbands which need some bits to cancel the aliasing componentsin the decoder. The additional
complexity to calculate the better frequency resolution is necessary only in the encoder, and introduces no additional
delay or complexity in the decoder.

The calculation of the signal-to-mask-ratio is based on the following steps:

Step 1
- Calculation of the FFT for time to frequency conversion.

Step 2
- Determination of the sound pressure level in each subband.

Step 3
- Determination of the threshold in quiet (absolute threshol d).

Step 4
- Finding of the tonal (more sinusoid-like) and non-tonal (more noise-like) components of the audio signal.

Step 5
- Decimation of the maskers, to obtain only the relevant maskers.

Step 6
- Calculation of theindividual masking thresholds.

Step 7
- Determination of the global masking threshold.

Step 8
- Determination of the minimum masking threshold in each subband.

Step 9
- Calculation of the signal-to-mask ratio in each subband.

Step 1: FFT Analysis (norme ISO page 110)

The masking threshold is derived from an estimate of the power density spectrum that is calculated by a 512-point
FFT for Layer |. The FFT is calculated directly from the input PCM signal, windowed by a Hann window.

For a coincidence in time between the bit-all ocation and the corresponding subband samples, the PCM -samples
entering the FFT have to be delayed:

1 The delay of the analysissubband filter is 256 samples, corresponding to 5.8msat 44.1kHz sampling rate. This
corresponds to awindow shift of 256 samples.



2. The Hann window must coincide with the subband samples of the frame. For Layer | this amountsto an
additional window shift of 64 samples.

Technical dataof the FFT:

Layer |
- transform length 512 samples
Window sizeif fs=44.1 kHz 116 ms
- Frequency resolution fg/512
- Hann window, h(i):
h(i)=*05* {1-cog2* p* (i)/(N-1)]} 0<=i<=N-1
- power density spectrum X (k):

X (k) = 10* log JUNR(I) * (1) * e(*k*I*2*piIN)R dB Kk =0...N/2

A normalization to the reference level of 96 dB SPL (Sound Pressure Level) hasto be done in such away that the
maximum value corresponds to 96dB.

Step 2: Determination of the sound pressure level (norme ISO page 110)
The sound pressure level Lsb in subband nis computed by:

Lsb(n)=  MAX[ X(k), 20*log(scfmax(n)*32768)-10] dB
X(K) in subband n

where X (k) isthe sound pressure level of the spectral line with index k of the FFT with the maximum amplitude in the
frequency range corresponding to subband n. The expression scfmax(n) isin Layer | the scalefactor, andin Layer |1
the maximum of the three scal efactors of subband n within aframe. The"-10 dB" term corrects for the difference
between peak and RM S level. The sound pressure level Lsb(n) iscomputed for every subband n.

Step 3: Considering the threshold in quiet

Thethreshold in quiet LT q(k), also called absolute threshold, is available in the tables " Frequencies, Critical Band
Rates and Absolute Threshold" (Tables 3-D.1a, 3-D.1b, 3-D.1c for Layerl). These tables depend on the sampling rate
of theinput PCM signal. Values are available for each samplein the frequency domain where the masking threshold is
calculated.

An offset depending on the overall bit rate is used for the absolute threshold. This offset is-12 dB for bit rates >= 96
kbit/s and 0 dB for bit rates < 96 kbit/s per channel.

Step 4: Finding of tonal and non-tonal components (norme ISO page 111-113)
Thetonality of amasking component has an influence on the masking threshold. For this reason, it is worthwhile to

discriminate between tonal and non-tonal components. For cal culating the global masking threshold it is necessary to
derive the tonal and the non-tonal components from the FFT spectrum.



This step starts with the determination of local maxima, then extracts tonal components (sinusoids) and cal culates the
intensity of the non-tonal components within a bandwidth of a critical band. The boundaries of the critical bands are
giveninthetables"CRITICAL BAND BOUNDARIES' (Tables 3-D.2a, 3-D.2b, 3-D.2c for Layerl;).

The bandwidth of the critical bands varies with the center frequency with a bandwidth of about only 0.1 kHz at low
frequencies and with a bandwidth of about 4 kHz at high frequencies. It is known from psychoacoustic experiments
that the ear has a better frequency resolution in the lower than in the higher frequency region. To determineif alocal
maximum may be atonal component a frequency range df around the local maximum is examined. The frequency range
df isgiven by:

Sampling rate: 44.1kHz

Layerl: df =172.266Hz OkHz <f<= 5.512kHz
df =281.25Hz 5512 kHz <f<= 11.024 kHz
df =562.50 Hz 11.024 kHz <f<= 19.982kHz

To makelists of the spectral lines X (k) that are tonal or non-tonal, the following three operations are performed:
(i) Labelling of local maxima
A spectral line X(K) islabelled asaloca maximum if

X(K) > X(k-1) and X(k) >= X(k+1)

(ii) Listing of tonal componentsand calculation of the sound pressurelevel
A local maximum is put in the list of tonal componentsif

X(K) - X(k+) >=7dB,

wherej is chosen according to

Layer I:
j=-2,+2 for 2<k< 63
j=-3,-2,+2,+43 for 63<=k<127
j=-6,..,-2,+2,.., 16 for 127<= k<=250

If X(K) isfound to be atonal component, then the following parameters are listed:
- Index number k of the spectral line.

- Sound pressure level Xtm(k)=X(k-1)+X(k)+X(k+1), indB

- Tonal flag.

Next, all spectral lines within the examined frequency range are set to-8 dB.

(iii) Listing of non-tonal componentsand calculation of the power

The non-tonal (noise) components are cal culated from the remaining spectral lines. To cal culate the non-tonal
components from these spectral lines X (k), the critical bands z(k) are determined using the tables, "Critical Band
Boundaries' (Tables 3-D.2a, 3-D.2b, 3-D.2c for Layerl). In Layerl, 24 critical bands are used for the sampling rate of
44.1kHz. Within each critical band, the power of the spectral lines are summed to form the sound pressure level of the
new non-tonal component corresponding to that critical band.



Thefollowing parameters are listed:

- Index number k of the spectral line nearest to the geometric mean of the critical band.
- Sound pressure level Xnm(k) in dB.

- Non-tonal flag.

Step 5: Decimation of tonal and non-tonal masking components

Decimation isaprocedure that is used to reduce the number of maskers which are considered for the calculation of
the global masking threshold.

0] Tona Xtm(k) or non-tonal components Xnm(k) are considered for the calculation of the masking threshold
only if:

Xtm(K)>=LTq(k) or Xnm(k) >=LTq(k)
Inthisexpression, LT q(k) is the absolute threshold (or threshold in quiet) at the frequency of index k. These values
aregiveninthe Tables 3-D.1a, 3-D.1b, 3-D.1c for Layerl;

(i) Decimation of two or more tonal components within a distance of lessthen 0.5 Bark: Keep the component with
the highest power, and remove the smaller component(s) from thelist of tonal components. For this operation,
adliding window in the critical band domain is used with awidth of 0.5 Bark.

Inthe following, theindex j is used to indicate the relevant tonal or non-tonal masking components from the combined
decimated list.

Step 6: Calculation of individual masking thresholds

Of the original N/2 frequency domain samples, indexed by k, only a subset of the samples, indexed by i, are
considered for the global masking threshold calculation. The samples used are shown in Tables 3-D.1a, 3-D.1b, 3-
D.1cfor Layerl;

Layer I:

For the frequency lines corresponding to the frequency region which is covered by the first six subbands no
subsampling is used. For the frequency region corresponding to the next six subbands every second spectral lineis
considered. Finally, in the case of 44.1 and 48 kHz sampling rates, in the frequency region corresponding to the
remaining subbands, every fourth spectral lineis considered up to 20 kHz. In the case of 32 kHz sampling rate, in the
frequency region corresponding to the remaining subbands, every fourth spectral lineis considered up to 15 kHz (See
also Tables 3-D.1g, 3-D.1b, 3-D.1c "Frequencies, Critical Band Rates and Absolute Threshold" for Layerl.)

The number of samples, i, in the subsampled frequency domain is different depending on the sampling rates and
layers.

44.1 kHz sampling rate: i =106 for Layer |

To every tonal and non-tonal component the index i in the subsampled frequency domain is assigned, which is
closest in frequency to the original spectral line X (k). Thisindex i isgivenin Tables 3-D.1a, 3-D.1b, 3-D.1c for Layerl;
"Freguencies, Critical Band Rates and Absolute Threshold".

The individual masking thresholds of both tonal and non-tonal components are given by the following expression:

LTtm[z(j),z(i)]
LTnm{z(j),z(i)]

Xtm[z(j)] + avtm[z(j)] + vi[z(j),z(i)] dB
Xnm[z(j)]+ avnm[z(j)] + vf[z(j),z(i)] dB



InthisformulaLTtm and LTnm are the individual masking thresholds at critical band ratez in Bark of the masking
component at the critical band rate zmin Bark. The valuesin dB can be either positive or negative. The term Xtm[z(j)]
isthe sound pressure level of the masking component with the index number j at the corresponding critical band rate
Z(j). Theterm av is called the masking index and vf the masking function of the masking component Xtm[z(j)]. The
masking index av is different for tonal and non-tonal masker (avtm and avnm).

For tonal maskersit is given by

avtm=-1525-0.275* z(j) - 4.5dB,

and for non-tonal maskers

avnm =-1525-0.175* z(j) - 0.5 dB.

The masking function vf of amasker is characterized by different lower and upper slopes, which depend on the
distancein Bark dz = z(i)- z(j) to the masker. In this expression i is the index of the spectral line at which the masking
function is calculated and j that of the masker. The critical band rates z(j) and z(i) can befound in Tables3-D.1a, 3-

D.1b, 3-D.1cfor Layerl; "Frequencies, Critical Band Rates and Absolute Threshold". The masking function, whichis
the same for tonal and non-tonal maskers, is given by:

vf=17* (dz+ 1) - (0.4* X[z(j)] +6) dB for -3<=dz<-1Bak
vf =(0.4* X[z(j)] +6)* dz dB for-1<=dz<0Bak
vf=-17*dz dB for0 <=dz<1Bak
vf=-(dz-1)* (17-0.15* X[z(j)]) - 17 dB for 1 <=dz<8Bark

In these expressions X[z(j)] isthe sound pressure level of the j'th masking component in dB.
If dz <-3 Bark, or dz >= 8 Bark, the masking is no longer considered (LTtm and LT nm are set to-8dB outside this
range).

Step 7: Calculation of the global masking threshold LTg
The global masking threshold LT ¢(i) at the i'th frequency sample is derived from the upper and lower slopes of the
individual masking threshold of each of thej tonal and non-tonal maskers, and in addition from the threshold in quiet
LTq(i). Thisisalso givenin Tables 3-D.1a, 3-D.1b, 3-D.1c for Layerl; “Frequencies, Critical Band Rates and Absolute
Threshold". The global masking threshold isfound by summing the powers corresponding to the individual masking
thresholds and the threshold in quiet.
LTgi) =10log (10LTq(i)/10 + + )
Thetotal number of tonal maskersis given by m, and the total number of non-tonal maskersis given by n. For agiven

i, the range of j can be reduced to just encompass those masking components that are within-8 to +3 Bark fromi.
Outside of thisrangeLTtmand LTnm are -8 dB.

Step 8: Determination of the minimum masking threshold

The minimum masking level LTmin(n) in subband n is determined by the following expression:

LTmin(n)=  MIN[LTg(i)] dB
f(i) in subband n



wheref(i) isthe frequency of thei'th frequency sample. Thef(i) are tabulated in the Tables 3-D.1a, 3-D.1b, 3-D.1c for
Layerl; Tables 3-D.1d, 3-D.1e, 3-D.1f for Layerll of "Frequencies, Critical Band Rates and Absolute Threshold". A
minimum masking level LTmin(n) is computed for every subband.

Step 9: Calculation of the signal-to-mask-ratio

The signal-to-mask ratio
SMRsb(n) = Lsb(n)-LTmin(n) dB

iscomputed for every subband n.

Table 3-D.1b.: Frequencies, Critical Band Rates and Absolute Threshold
Tableisvalid for Layer | at asampling rate of 44.1 kHz.

Index Number  Frequency Crit.Band Rate Absolute Thresh.
[ [HZ] [z] [dB]
1 86.13 .850 25.87
2 172.27 1694 1485
3 25840 2525 10.72
4 344,53 3337 850
5 430.66 4124 710
6 516.80 4882 611
7 602.93 5608 537
8 689.06 6301 479
9 775.20 6959 432
10 861.33 7581 392
1 947.46 8169 357
12 1033.59 8723 325
13 1119.73 9244 295
14 1205.86 9734 267
15 1291.99 10195 239
16 1378.13 10629 211
17 1464.26 11.037 1.83
18 1550.39 11421 153
19 1636.52 11783 1.23
20 1722.66 12125 .90
21 1808.79 12448 56
2 1894.92 12753 .21
23 1981.05 13042 -17
24 2067.19 13317 -56
25 2153.32 13578 -96
26 223945 13826 -1.38
27 232559 14062 -1.79
28 2411.72 14288 -2.21
29 2497.85 14504 -2.63
30 2583.98 14711 -3.03
31 2670.12 14909 -341
32 2756.25 15100 -3.77
33 2842.38 15284 -4.09
A 292852 15460 -4.37
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1412578 23.749  40.25
144703123821 44.27
14814.8423.888 4859
15159.3823.952 53.22
15503.9124.013 58.18
1584844 24.070 6349
16192.97 24.125 68.00
16537.5024.176  68.00
16882.0324.225 68.00
1722656 24.271  68.00
17571.0924.316  68.00
100 1791563 24.358  68.00
101 18260.16 24.398  68.00
102 18604.69 24.436  68.00
103 18949.22 24.473  68.00
104 19293.7524.508 68.00
105 19638.28 24.542  68.00
106 19982.8124.574 68.00

BBLI8EREBVREB

Table 3-D.2b. Critical Band Boundaries
Thistableisvalid for Layer | at asampling rate of 44.1 kHz.
The frequencies represent the top end of each critical band.

>
o

index of frequency [Hz] Bark [Z]

tableF& CB
0 1 86.133 .850
1 2 172.266 1694
2 3 258.398 2.525
3 5 430.664 4.124
4 6 516.797 4.882
5 8 689.063 6.301
6 9 775.195 6.959
7 11 947.461 8.169
8 13 1119.727 9.244
9 15 1291.992 10.195
10 17 1464.258 11.037
11 20 1722.656 12.125
12 23 1981.055 13.042
13 27 2325586 14.062
14 32 2756.250 15.100
15 37 3186.914 15.955
16 45 3875977 17.079
17 0 4478.906 17.904
18 55 5340.234 18.922
19 61 6373.828 19.963
20 68 7579.688 20.971
21 75 9302.344 22.074
2 81 11369.531 22.984
23 93 15503.906 24.013
24 106 19982.813 24.573



Table 3-D.4b. Absolute Threshold Table
Thistableisvalid at asampling rate of 44.1 kHz.

A value of 0 dB representsalevel inthe absolute threshold calculation of 96 dB below the energy of a sine wave of
amplitude +-32760.

index (line) absthr
lower higher dB

1 1 45.05
2 2 25.87
3 3 18.70
4 4 14.85
5 5 124
6 6 10.72
77 947
8 8 850
9 9 7.73
10 10 7.10
11 11 6.56
12 12 6.11
13 13 572
14 14 537
15 15 5.07
16 16 479
17 17 455
18 18 432
19 19 411
20 20 392
21 21 3.74
2 22 357
23 23 340
24 24 325
B 25 310
26 26 295
2r 27 281
28 28 267
29 29 2.53
30 30 2.39
31 3 225
P2 3R 211
3 33 197
A A 183
»H 3B 168
36 36 153
37 3 138
38 38 123
39 39 107
40 40 .90
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