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2) Replace Table 6.13 in subclause 6.3 with the following:

Syntax No. of bits

Mnemonic

section_data()
{
if( window_sequence == EIGHT_SHORT_SEQUENCE )
sect_esc val = (1<<3) -1
else
sect_esc val = (1<<5) -1

© ISO/IEC

for( g=0; g < num_window_groups; g++ ) {

k=0

i=0

while (k<max_sfb) {
sect_cb[g][i] 4
sect_len=0
while (sect_len_incr== sect_esc_val) {3;5

sect_len +=sect_esc_val

sect_len += sect_len_incr
sect_start[g][i] = k
sect_end[g][i] = k+sect_len
for (sfb=k; sfb<k+sect_len; sfb++)

sfb_cb[g][sfb] = sect_cb[g][i];
k += sect_len
i++
}
num_sec[g] =i
}
} (O

nsbf

uin

NS
3) In|Table 6.15 in subclause 6.3)\epl \)\>
No. of bits “4/6" with “{4;6}"
and Q
No. of bits “3/5* with “{3;5}".

4) Replace Table 6.16 in Subclabse

Syntax  \| \ \ ) No. of bits

Mnemonic

wmdow_groups; g++) {
_seclg]; i++) {
if (sect_cb[g][i] '= ZERO_HCB &&
sect_cb[g][i] <= ESC_HCB) {
for (k=sect_sfb_offset[g][sect_start[g][i]];
k< sect_sfb_offset[g][sect_end[g][i]]; ) {
if (sect_cb[g][il<FIRST_PAIR_HCB) {

h(‘nd[cpr‘r_r*h[g][i]][w][y][3/][7] 1.16 bslbf

if( unsigned_cb[sect_cb[g][i]] )
k += QUAD_LEN
}

else {

if( unsigned_cb[sect_cb[g][il] )

k += PAIR_LEN

quad_sign_bits 0..4 bslbf

hcod[sect_cb[g][ill[y]z] 1..15 bslbf

pair_sign_bits 0..2 bslbf
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if (sect_cb[g][i]==ESC_HCB) {
if (y==ESC_FLAG)

ISO/IEC 13818-7:1997/Cor.1:1998(E)

hcod_esc_y 5..21 bslbf
if (z==ESC_FLAG)
hcod_esc_z 5..21 bslbf
}
}
}
}
}
7
}
Replace Table 6.18 in subclause 6.3 with the following:
Syntax Neyof bits\  Mnemonic
coupling_channel_element()
{
element_instance_tag uinsbf
ind_sw_cce_flag imsbf
num_coupled_elements 3 uimsbf
num_gain_element_lists =0
for (c=0; c<num_coupled_elements+1; c++) {
num_gain_element_lists++
cc_target_is_cpe[c] uimsbf
cc_target_tag_select[c] 4 uimsbf
if (cc_target_is_cpelc] ) {
cc_lc] 1 uimsbf
cc_rc] 1 uimsbf
if (cc_l[c] && cc_r[c])
num_¢g le |
}
}
cc_domaj 1 uimsbf
gain_e 3 1 uimsbf
gain_elemen 2 uimsbf
glement_lists; c++) {
{
common_gain_element_preseft] 1 uimsbf
cge ’common_gain_element_present[c]
}
if (cge)
hcod_sfcommon_gain_element|c]] 1..19 bslbf
else {
for (g=0; g<num_window_groups; g++) {
for (cfh—ﬂ; efh(mnv_efh; cfh-l--l-) {
if ( sfb_cb[g][sfb] |= ZERO_HCB)
hcod_sfdpcm_gain_element[c][g][sfb]] 1..19 bslbf
}
}
}
}
}
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6) Replace Table 6.22 in subclause 6.3 with the following:

Syntax No. of bits Mnemonic
fill_element()
{
cnt =count 4 uimsbf
if (cnt == 15)
cnt +=esc_count 1; 8 uimsbf

while (cnt > 0) {
cnt -= extension_payload(cnt)

}
}
and ddd the following tables, Table 6.24, Table 6.25 and Table 6.26, at the end of subclause
Table 6.240 Syntax of extension_payload() <\ x
extension_payload(cnt)

{
extension_type uimsbf
switch( extension_type ) {

case EXT_DYNAMIC_RANGE:
n = dynamic_range_info();
return n;
case EXT_FILL_DATA:
fill_nibble /*m 4 uimsbf
for (i=0; i<cnt-1; i++)
fill_byteli] 8 uimsbf
return c
case default
1 uimsbf
}
x \bii\Z&DZyntax of dynamic_range_info()

Syntax \ \ N\ No. of bits  Mnemonic
pce__tag__present 1 uimsbf
if(pce_tag_present == 1) {

pce_ instance_tag 4 uimsbf
drc_tag_reserved_bits 4
n++
}
excluded_chns_present 1 uimsbf
if (excluded_chns_present == 1) {
n += excluded_channels()
}
drc_bands_present 1 uimsbf
if (drc_bands_present == 1) {
drc_band_incr 4 uimsbf
drc_bands_reserved_bits 4 uimsbf
n++
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drc_num_bands = drc_num_bands + drc_band_incr
for (i=0; i<drc_num_bands; i++) {

drc_band_topi] 8 uimsbf
n++
}
}
prog_ref_level_present 1 uimsbf
if (prog_ref_level_present == 1) {
prog_ref_level 7 uimsbf
prog_ref_level_reserved_bits 1 uimsbf
n++
}
for (i=0; i<drc_num_bands; i++) {
dyn_rng_sgri] 1 uimsbf
dyn_rng_ctl[i] 7 imshbf
n++
}
return n
}
Table 6.2600 Syntax of excluded/c ISQ \/
Syntax / No. ®f bits  Mnemonic
excluded_channels() D4
{
n=0

num_excl_chan =7
for (i=0; i<7; i++)

exclude_maski ] 1 uimsbf
n++
while (additional 1 uimsbf
for (i=nu
1 uimsbf

7) In subclause with “ADTS”.

8) Replace definition/ofu upled_channelsn subclause 7.3.2 with the following:

num_coupledxXelements number of coupled target elements

9) [Replace definition dfomein subclause 8.1.1 with the following:

“

see ISO/IEC 11172-3, subclause 2.4.2.3 (Table 6.2) definiticoriginal_copy

10) Replace definition afriginal_copy in subclause 8.1.1 with the following:

see ISO/IEC 11172-3, subclause 2.4.2.3 (table 6.2) definitiozofoyright
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11) Replace the last sentence in the second paragraph of subclause 8.1.2 with the following:
However, one non-normative transport stream, called Audio_Data_Transport_Stream (ADTS), is described. It may be used
for applications in which the decoder can parse this stream.

12) Replace the first two paragraphs of subclause 8.2.3 with the following:
Assuming that the start of a raw_data_block is known, it can be decoded without any additional «transport-level» information
and produces 1024 audio samples per output channel. The sampling rate of the audio signal, as specified by the
sampling_frequency_indexmay be specified in a program_config_element or it may be implied in the specific application
domdin. In the latter case, th@mpling_frequency_indexmust be deduced in order for the bitstream to be parsed:-Since a
givenfsampling_frequency_indexis associated with only one sampling frequency, and since maximum flexihitity is|desired

in thg range of possible sampling frequencies, the following table shall be used to associate an impliedisampling|frequency
with the desiredampling_frequency_index It is used as follows: identify the frequency in akle that/is the highpst
frequency that is less than or equal to the implied frequency, and use the index that is/in E\LOW.

Frequency] sampling_frequency_indgx

92017 0x0
75137 0x1

55426 0x2 S
46009 0x3

37566 x4

27713 NI
23004 /Noxg ()
18783 OXR O\

13856 0x8

T [T

_data_stream is known, the sequence can be decodef without any
audio samples per raw_data_block per output channe].

Assuming that the start of the first ra
additional “transport—leve mati

13) Replace the second ite 3 bulleted list in subclause 8.3.5 with the following:
If thefe is only one gro ght fnum_window_group = 1, window_group_length[0]=8), the results is that spectral
data pf all eight s.is interleaved by scalefactor window bands.

14) Replace definition_ofu ghd_cce_elementin subclause 8.5 with the following:

num_|valid_cc_eglements The number of CCE's that can add to the audio data for this program (Table 6.21)

15) Refplace definition ofalid_cce_element_tag_seleat subclause 8. 5 with the following:

valid_cc_element_tag_selecinstance_tag of the CCE addressed (Table 6.21)

16) Replace subclause 8.7 with the following:


https://iecnorm.com/api/?name=3d9cb8a2a40aa7913b71f3c826dfce8a

© ISO/IEC

ISO/IEC 13818-7:1997/Cor.1:1

8.7 Fill element (FIL) including Dynamic Range Control (DRC)

Bitstream elements:

count
esc_count

extension_type

Initial value for length of fill data (Table 6.22)
Incremental value of length of fill data (Table 6.22)

Four bit field indicating the type of fill element content (Table 6.22)

fill_nibble Four bit field for fill (Table 6.24)

fill_byte Byte to be discarded by the decoder (Table 6.24)

other—bits Bistobe discarded by the decoder(Table 6249

pce tag present One bit indicating that program element tag is present (table 6.25).

pce_instance_tag Tag field that indicates with which program the dynamic range informatiomnis ass
(table 6.25)

drg¢_tag_reserved_bits Reserved (table 6.25)

ex
drd
drd

dr¢_bands_reserved_bits Reserved (table 6.25)

drg_band_topli] Indicates top of i-th DRC band in units of 4 &
If drc_band_top[i]=k, then the index (W't
the i-th DRC band is = k*4+3. In case 0
window_sequence the index is i
(de-interleaved) frequency points cq

prag_ref level present One bit indicating that referen

prgg_ref_level Reference level. A
(table 6.25).
prag_ref level reserved_bits Reserved (table 63

dy

dy
ex

addi

cluded_chns_present
_bands_present
_band_incr

One b|t |nd|cat|ng that excluded channels are presep

n_rng_sgn(i] Dynamic range contt

n_rng_ctl[i]
Clude_mask] i ]

998(E)

ociated

t that is in

hy of 8*128

bmbined

il (0f

n DRC

Fil| elements have to b theutotal bits for all audio data together with all additional datghiasrower

thg minimum allowed nunibe . bl (DRC) bits
myst be added to the fill nditions fill bit:
are avoided and free bit bit reservoir. Fill bits are written only if the bit reservoir is fuliurtrsr of

fill

De

The

q e initial value of the length of the fill data. In the same way as for the data el
ue is incremented)witk alueasfc_countf countequals 15. The resulting number gives the number of byt

id.

C Decading process:

i elements contalnlng an extenS|on _payload Wlth a exten3|on _type of EXT_DYNAMIC_RANGE (see below)

ement this
s to be

are reserved

dynam|c range |nformat|on plus the extenS|on type fleld

prog_ref_level_presentindicates thaprog_ref_levelis being transmitted. This permjisog_ref_levelto be sent as
infrequently as desired (e.g. once), although periodic transmission would permit break-in.

prog_ref_levelis quantized in 0.25 dB steps using 7 bits, and therefore has a range of approximately 32 dB.

It

program level relative to full scale (i.e. dB below full scale), and is reconstructed as:

level= 32767 Pros-ref _level24

as, of all

indicates
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where “full scale level” is 3276(prog_ref_level equal to 0).

pce_tag_presenindicates thapce_instance_tads being transmitted. This permjise_instance_tago be sent as
infrequently as desired (e.g. once), although periodic transmission would permit break-in.

pce_instance_tagndicates with which program the dynamic range information is associated. If this is not present then the
default program is indicated. Since each AAC bitstream typically has just one program, this would be the most common
mode. Each program in a multi-program bitstream would send its dynamic range information in a distinct
extension_payload() of the fill_element(). In the multiple program casecthdnstance_tagvould always have to be

signaled.

Thedrc_tag_reserved_bitsfill out the optional fields to an integral number of bytes in length.

Theexcluded_chns_presenit indicates that channels that are teekeludedrom dynamic range processing.will be
signaled immediately following this bit. The excluded channel mask information must be/ransmijtted.ineach frame where

channels are excluded. The following ordering principles are used to assign the exclute channel outputs:

« If A PCE is present (explicit speaker mapping).ekeude_maskbits correspond to th i in the SCH, CPE,
CCE and LFE syntax elements in the order of their appearance in the PCE. In\the'case of se first trapsmitted mask
bit corresponds to the first channel in the CPE, the second transmitted magk-\hitto the Ise annel. In the|case of a CCI
a mask bit is transmitted only if the coupling channel is specified to be an 'ndep q | vjtched coupling channel.

» Fgr the case of an implicit speaker mapping (no PCE presengxcthmle/maskt d to the audio channgels in
the SCE, CPE and LFE syntax elements in the order of their appe ce imthe-bitstream, followed by the audio channels ir
the CCE syntax elements in the order of their appearance in thé bitstream: ase of a CPE, the first trapsmitted mask
bit corresponds to the first channel in the CPE, the second transnyit - itto the second channel. In the|case of CCE,

mask bit is transmitted only if the coupling channel is spe ¢ axjndependently switched coupling channel.

drc_hand_incr is the number of bands greater thar on

dyn_gng_ctl is quantized in 0.25 dB steps using a 7-bit unsig eger, and therefore, in associatign_ wity_sgn,has
a ranpge of +/-31.75 dB. It is interpreted as a gain aluﬁ all be applied to the decoded audio output samplegmdf the curr
frama.

The range supported by the dyn

(Field bits\ “Vsteps ) stepsize, df range, di
prog \véf fevel | 7 28 N | 0.25 31.75

dyn_raghsgn nd ¥ Y27 0.25 +/- 31.75
and \

I’

tl
The fpllowing sy@@for values of the extension_type field are defined currently:

Sym%l\ Value of extension_type Purpose
EXT_FILL\/ ‘0000’ Bitstream filler
EXT_FILL_DATA ‘0001’ Bitstream data as filler
EXT_DYNAMIC_RANGE | ‘1011’ Dynamic range control
- all other values reserved

The ‘teserved’ values can be used for further extension of the syntax in a compatible way.

Note that fill_nibble is normatively defined to be ‘0000’ and fill_byte is normatively defined to be ‘10100101’ (to ensure tha
self-clocked data streams, such as radio modems, can perform reliable clock recovery).

The dynamic range control process is applied to the spectralptatl]  of one frame immediately before the synthesis
filterbank. In case of an EIGHT_SHORT_SEQUENCE window_sequence the index i is interpreted as pointing into the
concatenated array of 8*128 (de-interleaved) frequency points corresponding to the 8 short transforms.
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998(E)

This following pseudo code is for illustrative purposes only, showing one method for applying one set of dynamic control

information to a frame of a target audio channel. The constatits andctrl2

are compression constants (typically

between 0 and 1, zero meaning no compression) that may optionally be used to scale the dynamic range compression
characteristics for levels greater than or less than the program reference level, respectively. Theargestdavel
describes the output level desired by the user, expressed in the same sqatigg r@s$ _level

bottom = 0;

drc_num_bands =1,

if (drc_bands_present)
drc_num_bands += drc_band_incr;

if (drc_num_bands == 1)

for

Ng

Pe

At
leyi
da

Th

Arc_band_top[0] = 102474 - 1,
(bd=0; bd < drc_num_bands; bd++) {
op = 4 * (drc_band_top[bd] + 1);

* Decode DRC gain factor */
f (dyn_rng_sgn[bd])
factor = 27(-ctrll*dyn_rng_ctl[bd])/24);  /* compress */
b|se
factor = 27(ctrl2*dyn_rng_ctl[bd]/24); [* boost */

* |f program reference normalization is done in the digital domain, modify
* factor to perform normalization.

* prog_ref_level can alternatively be passed to the system for modification
* of the level in the analog domain. Analog level modification avoids probie
* with reduced DAC SNR (if signal is attenuated) or clipping (if signal js-k
*/

actor *= 0.5"((target_level-prog_ref_level)/24);

* Apply gain factor */

or (i=bottom; i<top; i++)
spec]i] *= factor;

bottom = top;

channel’s si
channel.

Since independ

a is specifically overwritten, this remains in effect.

ere are\fwo cases for the persistence of DRC information that has been transmitted:
Theprogram reference level is per audio program, and persists until a new value is transmitted, at which |

coefficients
tched coupling
hat target

, each
filtering
ve distinct DR

graen referenc

el equal to thedecoder's’target reference level, one DRC band, with no DRC gain modification for that bang. Unless this

boint the new

data overarites the ald and takes eoffect that frame (If Ay be. npprnpri:fn tosend-this valie pnrindir\:ll\]/

allow

Th

bitstream break-in.)

Other DRC information persists on a per-channel basis. Note that if a channel is excluded via the appropriate
exclude_mask(]bit, then effectively no information is transmitted for that channel in that call to dynamic_range_info().

The excluded channel mask information must be transmitted in each frame where channels are excluded.

e rules for retaining per-channel DRC information are as follows:

If there is no DRC information in a given frame for a given channel, use the information that was used in the previous
frame. (This means that one adjustment can hold for a long time, although it may be appropriate to transmit the DRC

information periodically to permit break-in.)
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< If any DRC information for this channel appears in the current frame, the following sequence occurs: first, overwrite all
per-channel DRC information for that channel with the default values (one DRC band, with no DRC gain modification for
that band), then overwrite any per-channel DRC information with the transmitted values.

17) In the fifth paragraph of subclause 9.3, repldess than 24 bitsivith “less than 22 bits”

18) In subclause 10.3, replace the third line in the inverse quantization with the following:

width = (swb_offset [sfb+1] - swb_offset [sfh]);

19) Ip subclause 11.3.2, replat# see clause 4 * " with “/* see clause 9 */

20) In the first paragraph of subclause 11.3.2, repldbat is initialized to zero to have an va he array)” with “(but is
initiallzed to zero to have a valid entry in the array)”.

21) Add the following sentence at the end of subclause 11.3.2:

Note that scalefactors, sf[g][sfb], must be within the range of zero to 256, b

22) In subclause 12.1.3, replace the pseudo code used for comp 8 i S matrix

tmp = |_spec[g][b][sfb][i] +

r_spec[g][b][sfb][i];
|_spec|g][b][sfb][i] = |_spec|g][b][sfb

r_spec|g][b][sfo](il;
r_spec|g][b][sfb][i] = tmp;

with

tmp =|_spec][g][b][sfb][i]

r_spec[g][b][sfb
I_spec]g][b] [sfb][iﬁ>
r_spec[g] o)\

r_spec[g][b][sfb][i] A

Xest,m(")
wherg

Fom(N) 5%ma (N =1 —bIK () D,y (D
Yvith

Xewrm @) = DK (O, . (0=1)
where

rqxo(n) = axrec(n)*
rea(n) = a(r, (N =1 = bk, (N Ue o( H)

10


https://iecnorm.com/api/?name=3d9cb8a2a40aa7913b71f3c826dfce8a

© ISO/IEC

24) In subclause 13.3.2.3, replace:

static void
flt_round_inf(float *pf)
{
int flg;
ulong tmp, tmp1;
float *pt = (float *)&tmp;
*pt = *pf;
tmpl = tmp;
flg = tmp & (ulong)0x00008000;

/* write float to memory */
/* save in tmpl */
/* rounding position */

ISO/IEC 13818-7:1997/Cor.1:1998(E)

tlllp &= (u:m |g)0AffﬁCGCO, F-tramcated-froat-=
*pf = *pt;
/* round 1/2 Isb toward infinity */
if (flg) {
tmp = tmp1 & (ulong)0xff810000; /* 1.0 * 2"e + 1 Isb */

*pf += *pt; /*add 1.0 * 2"e+ 1 Isb */
tmp &= (ulong)0xff800000; [*1.0*2"e */
*pf -= *pt; /* subtract 1.0 * 2"e */
}
}
with
stgtic void
flt Jround_inf(float *pf)
{
nt flg;
Lilong tmp;

loat *pt = (float *)&tmp; /*
Fpt = *pf;

Ig = tmp & (ulong)0x00008000;
mp &= (ulong)O0xffff0000;

Fpf = *pt;

* round 1/2 Isb toward infinity &/
f (flg) {

tmp |= (ulong)0x000100Q0;
*pf += *pt; /*
tmp &= (ulong)0xfr8QL0

*pf -= *pt;

25) In subclayse
stgtic void
flt Jround_even(float 3p

float f1, 23
f1 = 10

f2, Zf1 ¥ (*pf / (1<<15));
fRéA2 - f1;

fo—f2"(1<<15);

*pf = 12;

with
static void
flt_round_even(float *pf)

int exp;
double mnt;

11
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float offset;
mnt = frexp((double)*pf, &exp);
offset = (float)ldexp(1.0, exp+15);

P

f += offset; /* WARNING: This shifts out LSB's. Do not remove this pair of

operations! */

P
}

26) |

/*
fo

with

/*

27) 1
An er

indicd

for (m=1; m<=orgé

f -= offset;

n subclause 13.3.2.4, replace:

exponent table */
(i=0; i<256; i++) {
tmp = tmp1l +i<<23; [* float 1.0 * 2exp */
ftmp = 1.0 / *pf;
exp_table[i] = ftmp;

exponent table */
(i=0; i<256; i++) {
tmp = i<<23; [* float 1.0 * 2exp */
if (*pf > 1.0) {

ftmp = 1.0 / *pf;

else {
ftmp = 0;

}
exp_table[i] = ftmp;

coder is required to signal

ited by thepredictor_d{;p

N subclause 14.3, replas

hversion to LPC
1;

p[0] = 1;

p[m+1] = 0;

or (i=1; i<=m; i++) {
b[i] = a[i}.\tmp2[m] * a[m-i];

or (i=0pi<=m; i++) {
ali} = bfil;

thed on as

}

with

/* Conversion to LPC coefficients */

af0] = 1;
for (m=1; m<=order; m++) {
for (i=1; i<m; i++) { /* loop only while i<m */
b[i] = a[i] + tmp2[m-1] * a[m-i];
}

12
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for (i=1; i<m; i++) { /* loop only while i<m */
a[i] = b[i];

}
a[m] = tmp2[m-1]; [* changed */

29) After the pseudo code for TNS decoding in subclause 14.3, add the following:
Please note that this pseudo code uses a "C"-style Interpretation of arrays and vectors, 1.e. It coef[w][filt][i] desribes the
coefficients for all windows and filters, coef[w][filt] is a pointer to the coefficients of one particular window_andféer. A

thq identifier coef is used as a formal parameter in function tns_decode_coef().

30) In subclause 15.3.2, replace the formula:

“

WKBD_ RIGHT, N(n)

31) In subclause 16.2c

2-hit field indicating the
The meanings of this va

no bands have activated ai '
band

32) Add clause0 in Annex B:

“

B.pInformation on Unused Codebooks

As specified by the normative part of this standard, the AAC decoder does not make use of codebooks #12 and #13. Howe\
if desired, a decoder may use these codebooks to extend its functionality in a way that is consistent with other MPEG stand.
like ISO/IEC 14496-3 which use these particular codebooks to indicate coding by extended coding methods.

As an example, the syntax in Table 6.14 in subclause 6.3 would change to

13
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Syntax No. Of bits  Mnemonic
scale_factor_data()

{
noise_pcm_flag =1
for (g=0; g<num_window_groups; g++) {
for (sfb=0; sfb<max_sfb; sfb++) {
if ( sfb_cb[g][sfb] I= ZERO_HCB) {
if (is_intensity(g,sfb) )
hcod_sf[dpcm_is_position[g][sfb]] 1..19 bslbf
Else if ( sfb_cb[g][sfb] == 13)
if (noise_pcm_flag) {
noise_pcm_flag = 0
dpcm_noise_nrg[g][sfb] 9 uimsbf

} else

14

hcod_sf[dpcm_noise_nrg[g][sfb]] 1..19 bslbf
Else
hcod_sfldpem_sf[g][sfb]] 1.,
}
}
}
: \/
Replace Table B.2.1.4.a with the following:
Table B.2.1.4.a0 Psychoac s@;%ete for16 KHz long FFT
index | w_low | whhigh\ WidthY. bval{ gsthr
0 0 (4 |5 X [ 520 | 4330
1 5 o \ 5 \0,59 | 43,10
2 < N M XDs, >] 0,99 | 38,30
3 15 | 28 5) 1,38 | 38,10
[4 N0 \ [s24 5 1,77 | 38,00
Q 5 25, “R2o. V| 5 2,16 | 35,1d
N 0 34 5 2,54 | 35,30
INDNESENE 5 2,92 | 30,00
N3 40 44 5 3,29 | 30,00
9 45 49 5 3,66 | 28,30
10 50 54 5 4,03 | 28,30
YINEGE 59 5 4,39 | 28,30
x\gz > |60 64 5 4,74 | 28,30
13 |65 69 5 5,09 | 28,34
14 70 74 5 5,43 | 28,3G
15 75 80 6 5,79 | 28,34
16 81 86 6 6,18 | 28,3G
17 87 92 6 6,56 | 28,04
18 93 98 6 6,92 | 29,21
19 99 104 6 7,28 | 29,27
20 105 110 6 7,63 | 29,21
21 111 116 6 7,96 | 29,21
22 117 123 7 8,31 | 29,21
23 124 130 7 8,68 | 29,06
24 131 137 7 9,03 | 30,06
25 138 144 7 9,37 | 30,06
26 145 152 8 9,71 | 30,04
27 153 160 8 10,070 30,71
28 161 168 8 10,41 30,71
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29 169 177 9 10,75 30,73
30 178 186 9 11,10 31,3]
31 187 196 10 11,45 31,3}
32 197 206 10 11,80 31,8%
33 207 217 11 12,14 31,8%
34 218 228 11 12,48 32,2%
35 229 240 12 12,87 32,28
36 241 253 13 13,1 32,69
37 254 267 14 13,51 32,69
39 283 298 16 14,21 33,4¢
40 299 315 17 14,54 33,8%
41 316 333 18 1490 34,1%

35) Replace subclauses.B.2/7.1 through B.2.7.5 with the following:

“

B.2.7.1 Intreduction

The deScription of the AAC quantization module is subdivided into three levels. The top level is called "loops f
Theleops frame program calls a subroutine named "outer iteration loop" which calls the subroutine "inner iter

Df tiloa reflec
reflectio
Juantized

ame program
ation loop". F¢

eaChfeveta corresponding ffow diagran 15 SHowr.

The loops module quantizes an input vector of spectral data in an iterative process according to several demands. The inne
loop quantizes the input vector and increases the quantizer step size until the output vector can be coded with the available
number of bits. After completion of the inner loop an outer loop checks the distortion of each scalefactor band and, if the

allowed distortion is exceeded, amplifies the scalefactor band and calls the inner loop again.

AAC loops module input:

1. vector of the magnitudes of the spectral values mdct_line(0..1023).

2. xmin(sb) (see B 2.1.4. ,Steps in threshold calculation®, Step 12)
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3. mean_bits (average number of bits available for encoding the bitstream).

4. more_bits, the number of bits in addition to the average number of bits, calculated by the psychoacoustic module out of the

perceptual entropy (PE).

the number and width of the scalefactor bands (see table 3.5 normative part)

6. for short block grouping the spectral values have to be interleaved so that spectral lines that belong to the saore scalefac
band but to different block types which shall be quantized with the same scalefactors are put together in one (bigger)
scalefactor band ( for a full description of grouping see clause 3.3.4 normative part )

o

AAC loops module output:

1. vector of quantized values x_quant(0..1023).

2. afcaletactor for each scaletactor band (sb)

3. common_scalefac (quantizer step size information for all scalefactor bands)
4. nymber of unused bits available for later use.

B.2.7|2 Preparatory steps

B.2.712.1 Reset of all iteration variables

1. The start value of common_scalefac for the quantizer is calculated so that C ues can be encoded in

the bitstream :.

start Jcommon_scalefac = ceiling(16/3*(I¢gmax_mdct_line ~ (3/4) )IMA

max_|mdct_line is the largest absolute MDCT coefficient value, a ili is earest
integer in the direction of positive infinity. MAX_QUANT is the mg i 3 n the
bitstream, defined to be 8191. During the iteration process 7 s

start [common_scalefac.
2. All{scalefactors are set to zero.

B.2.7|3 Bit reservoir control
Bits dre saved to the reservoir whenfewe e ’ bits dre used to code one frame.

avergge_bits = bit_rate * 1024 / 5
The number of bits which

calcujated using the proced
bitstream as fillbits.

thetbit reservoir at maximum is called ‘maximum_bitreservoir_size’ which is
srmative’clause 3.2.2. If the reservoir is full, unused bits have to be fimeoded in

The rhaximum amou Dit ilabte a frame is the sum of mean_bits and bits saved in the bit reservoir.

The number of b d for encoding a frame depends on the more_bits value which is calculatgd by the
psychoacoustic mode ~ imum available bits. The simplest way to control bit reservoir is :

if more_bits >0 :
availableg).bits = average_bits + min ( more_bits, bitres_bits)

if more_bits <(0}

available_bits = average_bits + max ( more_bits, bitres_bits - maximum_bitreservoir_size)

B.2.7L4 ' Quantization of MDCT coefficients

The formula for the quantization in the encoder is the inverse of the decoder dequantization formula (see also the decoder
description) :

Xx_quant = int (( abs( mdct_line ) * (2*( ¥ * (sf_decoder - SF_OFFSET))) )*(3/4) + MAGIC_NUMBER)

MAGIC_NUMBER is defined to 0.4054, SF_OFFSET is defined as 100 and mdct_line is one of spectral values, which is
calculated from the MDCT. These values are also called ‘coefficients’
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For use in the iteration loops, the scalefactor ‘sf_decoder’ is split in two variables:

sf |

decoder = common_scalefac - scalefactor + SF_OFFSET

It follows from this, that the formula used in the distortion control loop is:

X_quant = int ( [ abs(mdct_line) * (2*( ¥4 * (scalefactor - common_scalefac))) 1*(3/4) + MAGIC_NUMBER)

998(E)

The signs of scalefactor is such that thpositivechangencreaseghe magnitude of x_quant, and decreaseshe distortion
andincreaseghe number of bits used.

The sign of thendct_lineis saved separately and added again only for counting the bits and encoding the hitstr

B.2

The outer iteration loop controls the quantization noise which is produced by the quartizatior of the. frequency
witrin the inner iteration loop. The coloring of the noise is done by multiplication ofthe li in scalefactor
actual scalefactors before doing the quantization. The following pseudo-code il \ i

B.2.

Fo
the
a g
of
The

Th
a

O

B.2.7.4.
The

.7.4.1 Outer iteration loop (distortion control loop)

do for each scalefactor barsd
do from lower index to upper indéwf scalefactor band
mdct_scaled(i) = abs(mdct_line(i))*(3/4) * 27(3/16 * scalé
end do
end do

7.4.2 Call of inner iteration loop

end do

Eam

domain lines
batttks with

aemeneters
_scaled(0..1023
qult isrthe num

counted

All

accordlng to formula in B 2. 7 4, 1 ( Outer Iteratlon Loop ) the new scalefactors can be calculated accordlng to this

pseudocode:

do for each scalefactor barsh
if ( error_energy(sb) > xmin(sb) ) then
scalefactor(sb) = scalefactor(sb) + 1
end if
end do
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