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Foreword

ISO (the International Organization for Standardization) and IEC (the International Electrot

echnical

Commission) form the specialized system for worldwide standardization. National bodies that are

members of ISO or IEC participate in the development of International Standards through t
committees established by the respective organization to deal with particular fields of t
activity. ISO and IEC technical committees collaborate in fields of mutual interest. Other inter

echnical
echnical
national

organizations, governmental and non-governmental, in liaison with ISO and IEC, also take part in the

work. In the field of information technology, ISO and TEC have established a joint technical co

mittee,

p—

50/1EC JTC 1.

The procedures used to develop this document and those intended for its further mainten
described in the ISO/IEC Directives, Part 1. In particular the different approval criteria ne
the different types of document should be noted. This document was drafted in-d¢¢ordance
gditorial rules of the ISO/IEC Directives, Part 2 (see www.iso.org/directives).

Attention is drawn to the possibility that some of the elements of this documient may be the
df patent rights. ISO and IEC shall not be held responsible for identifying any or all sucl
rights. Details of any patent rights identified during the development‘\of'the document will &
Ihtroduction and/or on the ISO list of patent declarations received (see-www.iso.org/patents).

Any trade name used in this document is information given forcthe convenience of users and
donstitute an endorsement.

jo5)

ssessment, as well as information about ISO’s adherence to the WTO principles in the T
Harriers to Trade (TBT), see the following URL: Foreword — Supplementary information.

—

he committee responsible for this document is ISO/IEC JTC 1, Information Technology, Subco
C 29, Coding of audio, picture, multimedia, and hiypermedia.

— N

50/1EC 23003 consists of the following arts, under the general title Information technology
udio technologies:

S

-+ Part 1: MPEG Surround
-+ Part 2: Spatial Audio Object Coding
—+ Part 3: Unified speech.dnd audio coding

-+ Part 4: Dynamic-Range Control

h\nce are
bded for
with the

subject
W patent
e in the

Hoes not

Hor an explanation on the meaning of ISO specific terins and expressions related to comformity

echnical

mmittee

— MPEG
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Introduction

Consumer audio systems and devices are used in a large variety of configurations and acoustical
environments. For many of these scenarios, the audio reproduction quality can be improved by
appropriate control of content dynamics and loudness.

This part of ISO/IEC 23003 provides a universal dynamic range control tool that supports loudness
normalization. The DRC tool offers a bitrate efficient representation of dynamically compressed
versions of an audio signal. This is achieved by adding a low-bitrate DRC metadata stream to the audio
signal. The DRC tool includes dedicated sections for clipping prevention, ducking, and for generating ja
fade-in dnd fade-out to supplement the main dynamic range compression functionality. The DRC effectls
availablg at the DRC decoder are generated at the DRC encoder side. At the DRC decoder side, thg-dudip
signal mjay be played back without applying the DRC tool, or an appropriate DRC tool effect is«selected
and applied based on the given playback scenario.

vi © ISO/IEC 2015 - All rights reserved
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Information technology — MPEG audio technologies —

Part 4:
Dynamic Range Control

1 Scope
This part of ISO/IEC 23003 specifies technology for loudness and dynamic rarige contiol. This
Ihternational Standard is applicable to most MPEG audio technologies. It offers+flexible qolutions
tp efficiently support the widespread demand for technologies such as loudness’ normalization and
dynamic range compression for various playback scenarios.
2 Normative references
The following documents, in whole or in part, are normatively, referenced in this document|and are
ihdispensable for its application. For dated references, only the edition cited applies. For jundated
references, the latest edition of the referenced document (including any amendments) applies.
IBO/IEC 14496-12, Information technology — Coding._of audio-visual objects — Part 12: ISO base
media file format
IBO/IEC 23001-8, Information technology — MPEG-.Systems technologies — Part 8: Coding-ind¢pendent
dode points
3 Terms, definitions and mnemonics
Hor the purposes of this document,sthe terms and definitions given in ISO/IEC 14496-12 [and the
fpllowing apply.
3.1 Terms
311
DRC sequence
series of DRC gaifrvalues that can be applied to one or more audio channels
3.1.2
DRC set
definedsset of DRC sequences that produce a desired effect if applied to the audio signal
3.3

“Julll
collection of audio recordings that are mastered in a consistent way. Traditionally, a collection of songs
released on a Compact Disk belongs into this category, for example
© ISO/IEC 2015 - All rights reserved 1
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3.2 Mnemonics

bslbf

uimsbf

bit string, left bit first, where “left” is the order in
which bit strings are written in ISO/IEC 14496.
Bit strings are written as a string of 1s and 0Os
within single quote marks, for example ‘1000
00071". Blanks within a bit string are for ease of
reading and have no significance

unsigned integer, most significant bit first

viclbf

bit(n)

unsignefl int(n)

signed int(n)

4 Symbols (and abbreviated terms)

a;
b

bj
deltaTmin

Je

fc,norm

fc,norm,Sl (s)

fs

NpRrc

Ncodec

variable length code, left bit first, where “left”
refers to the order in which the variable lIéngth
codes are written

a bit string with n bits in the sameformat as bslyf

an unsigned integer with n bits in the same for-
mat as uimsbf

a signed integer with n'bits, most significant bit
first

Filter coefficient

Band index of DRC filter bank (starting at\0})

Filter coefficient

Smallest permitted DRC gain sample interval in units of the audio sample interval.
Cross-over frequency in Hz

Cross-over frequencyexpressed as fraction of the audio sample rate.

Cross-over frequency of audio decoder sub-band s expressed as fraction of the audio
sample rate. The cfoss-over frequency is the upper band edge frequency of the sub-
band.

Audio sample rate in Hz. If an audio decoder is present, it is the sample rate of the de-
codedtime-domain audio signal.

Maximum permitted number of DRC samples per DRC frame. Identical to the number of
intervals with a duration of deltaTmin per DRC frame.

Codec frame size in units of the audio sample interval 1/f;

Mprc

T
S
TRUE/FALSE

Z

DRC frame size in units of the audio sample interval 1/fs

Ratio of a circle’s circumference to its diameter

Audio decoder sub-band index (starting at 0)

Values of Boolean data type, which correspond to numerical 1 and 0, respectively.

Complex variable of the z-transform

© ISO/IEC 2015 - All rights reserved
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5 Technical overview

The technology described in this part of ISO/IEC 23003 is called DRC tool. It provides efficient control
of dynamic range, loudness, and clipping based on metadata generated at the encoder. The decoder can
choose to selectively apply the metadata to the audio signal to achieve a desired result. Metadata for

dynamic range compression consists of encoded time-varying gain values that can be applied to t

he audio

signal. Hence, the main blocks of the DRC tool include a DRC gain encoder, a DRC gain decoder, a DRC gain

modification block, and a DRC gain application block. These blocks are exercised on a frame-by-frame

basis during audio processing. Various DRC configurations can be conveyed in a separate bitstream
. : : : - .

oreren —Ssuep-as-conbeurationstora-aownmbeorcompined B —The-DREset-seleetionbleek decides
Hased on the playback scenario and the applicable DRC configurations which DRC gains to dpply to the
dio signal. Moreover, the DRC tool supports loudness normalization based on loudness nietadata.
A typical system for loudness and dynamic range control in the time domain is shown in Figure 1. A
more complex system including downmixer and peak limiter is shown in Figure~2)The decoder part
df the DRC tool is driven by metadata that efficiently represents the DRC gain samples and parjameters
for interpolation. The gain samples can be updated as fast as necessary to @ceurately represent gain
dhanges down to at least 1 ms update intervals. In the following the dedoder part of the DRLC tool is
referred to as “DRC decoder”, which includes everything except thesaidio decoder and associated
Hitstream de-multiplexing.

DRC/Loudness Request [Pioperties of Desired DRC

; Album Mode

. Target Loudness Decoder Pargmeters :

Boost/Compress Factor

i Static DRC v | [DRC Characteristic i
1 Bitstream- |_ Metadata | DR set i P
F : De- uniDrcConfig() | Selection | 2
F Multiplexer [loudnessinfoSet() i S
R Selected DRC Sets 'S
§ i Dynamic DRC L 2 i
1 _ Metadata__ [ DRC Gain DRC Gain ‘8
& Bitstream uniDrcGain() | Decoder " IModifications 5
Fim === £ . c i
" © = — .

H O g & :

i Y é % Dynamically

Encoded Decoded o COfTAprjfsed E
Audio [ acdio Audio Y udio :
------- "l Decoder & 2> >>
Figure 1 — Block diagram of a typical system with audio decoder and DRC tool modules to
achieve loudness normalization (LN) and dynamic range control

Properties of Desired DRC

: DRC/Loudness Request Album Mode !

: Decoder Parameters !

: Target Loudness :

: Target Layout :

i Static DRC v :
1 Bitstream- | Metadata_ | pRC set P
g : De- uniDrcConfig() | Selection : °é
o fattiptexerfrovdnessinfeSett) Selected :_(cu

! Selected DRC Sets . !
Pt Dynamic DRC v DMX Matrix 9
o Hxv]
Gl Metadata > DRC Gain ! '8
R T T i
£ Bitstream uniDrcGain() | Decoder < _ ° E@
Cimm==-- > £ £Z < 2 ;
S © A T = 'S g '
. (Ul (U] O = .

; 93 g3 > © Dynamically

i Encoded Decoded |2 E v 0w - & Compre§sed

Audio Audio Audio = o ) X Peak Audio
------- ownmixer Limiter
Decoder TD or SD
Figure 2 — Block diagram of a more complex system including downmixer and peak limiter
(TD = time-domain, SD = subband-domain)
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6 DRCdecoder
6.1 DRC decoder configuration

6.1.1 Overview

The DRC configuration information can be received in-stream using the static payloads uniDrcConfig()
and loudnessinfoSet() described below, or it can be delivered by a higher layer, such as 14496-12
(see Table 1). The basic decoding process of the static information is virtually the same. The difference
consistsjmainly in a few syntax changes and reduced field sizes to increase the bit rate efficiency of theiir
stream qonfiguration. The syntax of the in-stream static payload is given in 7.3. The associated metadatpa
encoding is given inA.6. The static DRC payload is evaluated once at the beginning of the décoding
process pnd it is monitored subsequently. For static DRC payload changes during playback see 6:8.

Table 1 — Overview of configuration (setup) and separate metadata track in ISO/IEC 14496-12

Sample Entry Setup (in sample entry) Track reference Sample format
Code
Audio Track| As specified for DRCInstructions box using ‘adrc’ referring o the | As specified for the
the audio codec | negative values for drcLoca- | metadata traekscarry- | audio codecin use
in use (un- tion ing gain‘values (unchanged)
changed)
Metadgata ‘unid’ (none) (none) Each sample is a un
Track iDrcGain() payload

The statfic payload is divided into five logical blocks:
— chapnelLayout();

— downmixInstructions();

— drc(oefficientsBasic(), drcCoefficientsUniDrc();
— drclnstructionsBasic(), drcInstructiontniDrc();
— loudnessInfo().

Except for the channelLayout(), multiple instances of a logical block can appear. The DRC decode
combings the information of the matching instances of up to five logical blocks for a given playbac
scenarid. Matching instance®are found by matching several identifiers (labels) contained in the blocks.

=

From thg static payload/the decoder can also extract information about the effect of a particular DR

()]

yp q
the DRC tool parser must read and discard the bits (otherBit) of the extension payload. Slmllarly, the
last part of the loudnessinfoSet() payload can include future extension payloads. In the event that a
loudnessinfoSetExtType value is received that is not equal to UNIDRCLOUDEXT_TERM, the DRC tool
parser must read and discard the bits (otherBit) of the extension payload.

The top level fields of uniDrcConfig() include the audio sample rate, which is a fundamental parameter
for the decoding process (if not present, the audio sample rate is inherited from the employed audio
codec). Moreover, the top level fields of uniDrcConfig() include the number of instances of each of
the logical blocks, except for the channelLayout() block which appears only once. The top level fields
of loudnessInfoSet() only include the number of loudnessinfo() blocks. The five logical blocks are
described in the following.

4 © ISO/IEC 2015 - All rights reserved
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6.1.2 Description of logical blocks

6.1.2.1 channelLayout()

The channelLayout() block includes the channel count of the audio signal in the base layout. It may
also include the base layout unless it is specified elsewhere. For use cases where the base audio signal
represents objects or other audio content, the channel count represents the total number of base
content channels.

.1.2.2Z~ downmixInstructions{)

his block includes a unique non-zero downmix identifier (downmixId) that can be used.externally to
efer to this downmix. The targetChannelCount specifies the number of channels after downnpixing to
he target layout. It may also contain downmix coefficients, unless they are specified elsewhere. For
se cases where the base audio signal represents objects or other audio content,thedownmixId can be
sed to refer to a specific target channel configuration of a present rendering e€ngine.

[l el e B |

(@1

.1.2.3 drcCoefficientsBasic(), drcCoefficientsUniDrc()

drcCoefficients block describes all available DRC gain sequencesm-one location. The block ¢an have
he basic format or the uniDrc format. The basic format, drcCoefficientsBasic(), contains a gubset of
hformation included in drcCoefficientsUniDrc() that can be used to describe DRCs other than the ones
pecified in this standard. drcCoefficientsUniDrc() contains<for each sequence several indicptors on
ow it is encoded, the time resolution, time alignment, thehtimber of DRC sub-bands and corregponding
rossover frequencies and DRC characteristics. The\ crossover frequencies must increase with
hcreasing band index. Alternatively, explicit indice$din a decoder sub-band domain can be dpecified
br the assignment of DRC sub-bands. The sub-baid indices must also increase with increasing band
hdex. If the DRC gains are applied in the time-domain by using the multi-band DRC filter bank gpecified
h 6.4.11, explicit index signalling is not allowed. The index of the DRC characteristic indicat¢s which
ompression characteristic was used to produce the gain sequence. The DRC location describgs where
hese gain sequences can be found in the bitstream. The DRC gain sequences in that location are
hherently enumerated according to their order of appearance starting with 1.

Dot Qs n e o g e o

he DRC location field encoding(depends on the audio codec. A codec specification may include this
pecification, and use values, 1 — 4 to refer to codec-specific locations as indicated in Table 1. For
xample, for AAC (ISO/IECA14496-3), the codec-specific values of the DRC location field are en¢oded as
hown in Table 3.

v @ v

Table 2 — Encoding of drcLocation for in-stream payload

drcLocation n Payload

Reserved

Location 1 (Codec-specific use)

Location 2 (Codec-specific use)

Location 3 (Codec-specific use)

Sl ~ o

Location 4 (Codec-specific use)

n>4 reserved

© ISO/IEC 2015 - All rights reserved 5
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Table 3 — Codec-specific encoding of drcLocation for MPEG-4 Audio

drcLocation n Payload
1 uniDrc() (defined in Clause 7)
2 dyn_rng_sgn[i] / dyn_rng_ctl[i] in dynamic_range_info()
(defined in ISO/IEC 14496-3:2009 subpart 4)
3 compression_value in MPEG4_ancillary_data()
(defined in ISO/IEC 14496-3:2009/AMD 4:2013)
4 | yacarua =

The DR( frame size can optionally be specified. It must be provided if the DRC frame size deviates\{rom
the defaplt size specified in 6.4.2. If not specified, the default frame size is used.

The in-sfream drcCoefficient syntax is given in Table 42 and Table 44. The syntax for the correspondiEE
block for ISO/IEC 14496-12 (ISO base media file format) is shown in Table 43 and Table 45. T

corresppnding blocks carry essentially the same information. Values that are identically included ip
both blojcks are coded the same way except for drcLocation.

In ISO bpse media file format (see ISO/IEC 14496-12), for each codec that can be carried in MP4 filgs
and thaf also carries DRC information, there is a specific definition of how the location is coded, usinE
i

the DRC| location field (see Table 4). A negative value of DRC_location indicates that a DRC payload is

an assog¢iated meta-data track. That track is the n-th linked via a trackreference of type ‘adrc’ (audi
DRC) fr¢m the audio track, where n = abs(DRC_location), and thes/sample-entry type in the meta-data
track inflicates in which format the coefficients are stored. Table 3" defines the specific entries of thie
drcLocation field for AAC. Some example use cases are discussed in C.10.

If the unjiDrc() payload is stored in a separate track in thedSO base media file format (ISO/IEC 14496
12), then the track is a metadata track with the sample entry identifier ‘unid’ (uniDrc), with no require
boxes added to the sample entry. The time synchronization with the linked audio track is the same as
the paylpad was in-stream.

=g ="

Table 4 — Encoding of/drcLocation for ISO/IEC 14496-12

drcLocation n Payload
<0 DRC payload located in [n]-th linked meta-data track

reserved

Location 1 (Codec-specific use)

Location 2 (Codec-specific use)

Location 3 (Codec-specific use)

Bl wIN | R oS

Location 4 (Codec-specific use)

n>\¢ reserved

6.1.2.4 | ‘drcInstructionsBasic(), drcInstructionsUniDrc()

A drclnstructions block includes information about one specific DRC set that can be applied to
achieve a desired effect. This block can have the basic format or the uniDrc format. The basic format,
drclnstructionsBasic(), contains a subset of information included in drclnstructionsUniDrc() that can
be used to describe DRCs other than the ones specified in this standard. The information included in
drclnstructionsUniDrc() consists mainly of pre-defined description elements such as the DRC set effect
and the DRC gain sequences that are applied. The drcSetEffect field contains several effect bits as listed
in Table A.32. Multiple bits can be set unless otherwise noted. Note that if no effect bit is set at all,
the DRC set is ignored in the DRC set selection (see 6.3). Each drclnstructions block carries a unique
non-zero identifier drcSetld. A downmixId is included to indicate if this DRC set applies to a certain
downmix with this identifier. A downmixId of zero indicates that the DRC set is applied to the base
layout. A downmixId of 0x7F indicates that the DRC set can be applied before or after the downmix.

6 © ISO/IEC 2015 - All rights reserved
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Since such a DRC can be applied to any downmix, it has only one channel group including all channels.
If a “Ducking” bit is set in the drcSetEffect field, the DRC set is applied before any downmix specified
by the downmix ID, i.e. the DRC set is always applied to the base layout and the downmix is generated
thereafter. The downmixId 0x7F is not permitted for a ducking DRC set. In all other cases, the DRC set is
applied to the channel configuration indicated by the downmix ID.

A second DRC set may be specified for certain configurations. These configurations include cases
where, e.g. one DRC set is used for dynamic range compression and the other for clipping prevention
(“Chpplng bit is set) or, e. g one DRC set is apphed before and the other after the downmlx In those

0 drcSetld
f the first DRC set 1t depends on. The declared DRC set effects of the second DRC set do nokffake into
dccount the effects of the first DRC set. If the first DRC set is not designed to be used witheut'combining
it with another DRC set, the nolndependentUse flag must be set to 1. In that case, the DRC set fan only
He used in combination with another DRC set as indicated by the dependsOnDrcSet field of the ¢ther set
that is combined with it.

sually, each audio channel is assigned to a DRC gain sequence. A collection ofichannels assigné¢d to the
spme DRC gain sequence is called “channel group”. The assignment of a DRC gain sequence to alchannel
group is done in the order of first appearance of the sequence index wheriterating through all ¢hannels
(pee also Table 14). A DRC gain sequence index bsSequencelndex == 0 indicates that the assigned|channel
ill be passed through by the DRC tool without processing unless gtherwise noted. Note that therefore
HsSequencelndex is effectively 1-based, wereas the correspondingtindices (sequencelndex) for prpcessing

If subsequent channels are assigned the same sequence ifideX, the field repeatSequenceCount indicates

the drcLocation field is used in the same way as the@rcLocation field in the drcCoefficients (see|6.1.2.3).
(Jertain entries of the drcLocation field allow adding drclnstructions information to gain sgquences

or example, if a limiter is used to generate the DRC gain sequence, it is configured to control the audio

[he field limiterPeakTarget declares the peak target level used by the encoder-side DRC, if apElicable.
ample magnitude to not exceed this,;peak target level. limiterPeakTarget is represented in dBFS and

If limiterPeakTarget is present,and the only drcSetEffect is “clipping prevention”, the gain sequgnce is to
He shifted by the negative sum of loudnessNormalizationGainDb and limiterPeakTarget if the negaftive sum
i$ greater than 0. Afterwards, the gain sequence is saturated at the threshold of 0 dB so that only hegative
gains (dB) occur. With.this mechanism it is possible to send gains for clipping prevention in explectation

dre applied only-asfar as needed, and the dynamic range can be kept as high as possible.

It gainScalifigPresent == 1, the gain scaling coefficients must be applied to the channel group. If
dainOffsetPresent == 1, the gain offset value must be applied to the channel group as shown in Table 16.
Similaxly, if duckingScalingPresent == 1, the scaling factor must be applied to the associated |ducking
gajd sequence for that channel group.

The in-stream drclnstructions syntax is given in Table 46 and Table 48. The syntax for the
corresponding block for ISO/IEC 14496-12 is shown in Table 47 and Table 49. The corresponding blocks
carry essentially the same information. Values that are identically included in both blocks are coded the
same way except for drcLocation. Further information on the coding of drcLocation is defined in 6.1.2.3.

6.1.2.5 loudnessinfo()

A loudnessInfo() block includes loudness and peak information. A downmix identifier and DRC set
identifier indicate which configuration the information applies to. Hence, this block can be associated
with the audio signal without DRC and without downmix, or with any specific DRC and/or downmix
applied. If a DRC with a dependent DRC set is applied, the loudness information describes the output of
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the combined DRCs. A loudnessInfo() block can either represent an individual content item or the entire
album. Typically, all content items of an album include identical album loudnessinfo() blocks.

If downmixld is zero, then loudnessinfo() applies to the base layout. If the drcSetld is zero, then
loudnessinfo() applies to the audio signal without DRC processing.

The fields samplePeakLevel and truePeakLevel represent the level of the maximum sample magnitude

in dBFS

and the true peak in dBTP, respectively, of the associated audio content before or after audio

encoding as defined in Reference [4]. The measurementSystem field includes standardized systems
and others (see Table A.37). System 3 is defined as ITU-R BS.1770-3 with pre-processing. The pre-

processi
loudspe
(subject
method

The met
level is

level of 3
level of
absolute
with reg
DRC too

The roo
of the m
the DRC

The lot
loudnes
“Loudnsd

6.1.3

The lou
decoder]
absent, f

other vallues can be drawn from theltoudnessinfo() block of the base layout.

ng is a high-pass filter that models the typical limited frequency response of portable devi
hkers. System 4 is defined as “User”. It means that the corresponding methodValue reflects
ve) user preference. System 5 is defined as “Expert/Panel”. It means that the correspondi
(alue represents a (subjective) expert or panel preference.

hodDefinition field according to Table A.36 specifies how the methodValue is derived. The mixi
fompatible with “mixlevel” in ATSC A/52.[1] It indicates the absolute acoustic'sound pressu
n individual channel during the final audio mixing session. The peak mixing level is the acoustic
L sine wave in a single channel whose peaks reach 100 percent in the P€M-representation. T
SPL value is typically measured by means of pink noise with an RMS ‘value of -20 or -30 dB
pect to the peak RMS sine wave level. The value of mixing level is nottypically used within thie
, but may be used by other parts of the audio reproduction systen

m type field is compatible with “roomtyp” in ATSC A/52.[1] Ifindicates the type and calibratio
xing room used for the final audio mixing session. The value'of roomtyp is not typically used b|
tool, but may be used by other parts of the audio repreduction system.

<=

"

lJdnessInfoSet() payload contains all loudnessinfo() blocks. The in-stream syntax d
sInfoSet() is given in Table 37. For the ISO base niedia file format the slightly different syntax af
ssBox” is used as defined in ISO/IEC 14496-12;

Derivation of peak and loudness values

dnessinfo() blocks provide optional* values that describe loudness and peak. Several DRLC
processes depend on these valués;hence, when the loudness information is partially or entirﬂg
allback values are used as shown in Table 5. For peak values, a default value is to be used. So
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Table 5 — Default and fallback values of loudnessInfo

Value Default 1st fallback: use value from 2nd fallback: use value from
loudnessinfo() of base layout | loudnessInfo() of the base layout
with same DRCsetld without DRC
truePeakLevel 0.0 No No
samplePeakLevel 0.0 No No
programLoudness Undefined Yes Yes
arehoerheudness Yndefined Yes Yes
loudnessRange Undefined No No
Maximum loudness range | Undefined No No
Maximum momentary|Undefined No No
loudness
Maximum short-term loud- | Undefined No No
ness
$hort-term loudness Undefined No No
Mixing level Undefined Yes Yes
Room type Undefined Yes Yes
The signalPeakLevel of a DRC set is determined as specified’in Table 6, where peak related metadata
gntries are selected dependent on their availability and dependent on the drcSetld, and the rgquested
downmixId. If no explicit peak information is available, SignalPeakLevel is estimated from downmix
doefficients and others. The estimates based on downmix coefficients hold for passive downmikers and
right hold for specific active downmixers.
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Table 6 — Determination of signalPeakLevel for a specific DRC set

signal

if dow
for (i
dow]
for (j
doy

p

}
if (d
doyf
}
}
}

if true
signa

getSignalPeakLevelForDrcSet (drcSetld, downmixIldRequested) {

dmxId = downmixIdRequested;

if truePeakLevellsPresent(drcSetld, dmxId) {
signalPeakLevel = getTruePeakLevel(drcSetld, dmxId);

} else if samplePeakLevellsPresent(drcSetld, dmxId) {
signalPeakLevel = getSamplePeakLevel(drcSetld, dmxId);

} else if limiterPeakTargetIsPresent(drcSetld, dmxId) {
signalPeakLevel = getLimiterPeakTarget(drcSetld, dmxId);

} else if] (C‘llllAId = G) {

PeakLevelTmp = 0.0;

downinixPeakLevelLinear = 0.0;

hmixCoefficientsArePresent(dmxId) {

-0; i<targetChannelCount; i++) {
hmixPeakLevelLinearTmp = 0.0;

=0; j<baseChannelCount; j++) {
ynmixPeakLevelLinearTmp +=

pw(10.0, getDownmixCoefficient(dmxlId, i, j)/20.0);

wnmixPeakLevelLinear < downmixPeakLevelLinearTmp) {
ynmixPeakLevelLinear = downmixPeakLevelLinearTmp;

PeakLevellsPresent(drcSetld, 0) {
PeakLevelTmp = getTruePeakLevel(drcSetld, 0);

} else if samplePeakLevellsPresent(drcSetld, 0) {
signalPeakLevelTmp = getSamplePeakLevel(drcSetld, 0);
} else if limiterPeakTargetIsPresent(drcSetld, 0) {

signalPeakLevelTmp = getLimiterPeakTarget(drcSetld, Q);
}
signalPeakLevel = signalPeakLevelTmp + 20.0*log10(downmixPeakLevelLinear);
}else{
signalPeakLevel = 0.0; /* worst case estimate */
}
return pignalPeakLevel
}
Table 6 |includes functions to check the availability and to retrieve peak-related information from
loudnessinfo() and a drclnstructions block which can have the basic or uniDrc format. Table 7 shows
pseudo ¢ode for some of the functions for the truePeakLevel and limiterPeakTarget. The functions fdr
sampleHeakLevel can be implemented by replacing truePeakLevel with samplePeakLevel.
10 © ISO/IEC 2015 - All rights reserved
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Table 7 — Pseudo code for functions referenced in Table 6

truePeakLevellsPresent(drcSetld, downmixId) {
if (useAlbumMode == 1) count = loudnessInfoAlbumCount;
else count = loudnessInfoCount;
for (i=0; i<count; i++) {
if (loudnessInfo[i]->drcSetld == drcSetld) &&
(loudnessInfo[i]->downmixld == downmixId) {
if (loudnessInfo[i]->truePeakLevelPresent) return TRUE;

}

}
return FALSE;

detTruePeakLevel(drcSetld, downmixId) {
if (useAlbumMode == 1) count = loudnessInfoAlbumCount;
else count = loudnessinfoCount;
for (i=0; i<count; i++) {
if (loudnessInfo[i]->drcSetld == drcSetld) &&
(loudnessInfo[i]->downmixld == downmixId) {
if (loudnessInfo[i]->truePeakLevelPresent) {
return (loudnessinfo[i]->truePeakLevel);

}
}
}
return error;
lfmiterPeakTargetlsPresent(drcSetld, downmixId) {
for (i=0; i<drcInstructionsCount; i++) {
if (drcInstructions[i]->drcSetld == drcSetld) &&
((drcInstructions[i]->downmixId == downmixId) ||
(drcInstructions[i]->downmixId == 0x7F)) {
if (drcInstructions[i]->limiterPeakTargetPresent) return TRUE;

}

i
return FALSE;

detlimiterPeakTarget(drcSetld, downmixId) {
for (i=0; i<drcInstructionsCount; i++) {
if (drcInstructions[i]->drcSetld == drcSetld) &&
((drcInstructions[i]->downmixId == downmixId) ||
(drcInstructions[i]->downmixId == 0x7F)) {
if (drcInstructions[i]->limiterPeakTargetPresent)) {
return (drcInstructions|[i]->limiterPeakTarget);

}
}
)

return error;

ownmixCoefficientsArePresent(downmixId) {
for (i=0; ixdownmixInstructionsCount; i++) {
if (downmixInstructions[i}~>downmixId == downmixId) {
if (downmixInstructions[i}=>downmixCoefficientsPresent) return TRUE;

}

i
return FALSE;

detDownmixCoefficient(downmixld, outChan, inChan) {
for (i=0; ixdownmixInstructionsCount; i++) {
if (dowfimixInstructions[i]->downmixId == downmixId) {
if (downmixInstructions[i]->downmixCoefficientsPresent) {
return (downmixInstructions[i]->downmixCoefficient[outChan][inChan]);
b
i
}

return error;

}

6.2 Dynamic DRC gain payload

The dynamic gain sequences for all DRCs are received in-stream or via a metadata track using the
uniDrcGain() syntax given in Table 34. Each access unit contains gain sequences for the duration of
drcFrameSize samples that are decoded according to 6.4.5.
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The last part of the uniDrcGain() can include future extension payloads. If a uniDrcGainExtType is
received that is different from UNIDRCGAINEXT TERM, the extension payload (otherBit) must be read
and discarded.

When gain values are stored in a separate meta-data track under the sample entry code ‘unid’ as described
in 6.1.2.3, each sample is a uniDrcGain() padded with 0 to 7 trailing zero bits to the next byte boundary.

6.3 DRC set selection

6.3.1 verview

A bitstr¢am can carry multiple DRCs for various purposes. At the decoder, the DRC set that best atatche
the reqyirements for the given playback scenario is selected. The selection process is performed i
three stages:

- n

1. A pre-selection that discards all DRC sets that are not applicable because they)do not match
target channel configuration, don’t support the decoder target loudness, or have mere clipping tha
reqliested (see 6.3.2).

=)

2. A mpin selection process based on requested DRC set features (see 6.3.3].
3. Afinpal selection that picks a single DRC set if multiple DRC sets are applicable (see 6.3.4).

The most relevant metadata for the selection process is summarized in Table 8. The bit fields of thie
drcSetEfffect field are described in detail in Table A.32. All parametets that can be supplied by the hogt
to contrpl loudness normalization and dynamic range compression are summarized in Table A.40 and
Table A.#1, respectively.

DRC set$ with only a “Fade” or “Ducking” effect are automatically selected by the decoder without usinjg
the threp-stage selection process. DRC sets with othertfeatures can be requested by using DRC decoddr
settings|as described below.

[72)

The poo] of DRC sets that is subject to the three“stage selection process comprises not only the DRC set
defined |n the bitstream (except for “Fade” and-“Ducking”) but also virtual DRC sets generated in the DR|
tool. Th¢ virtual DRC sets are placeholdérs-for the cases where no compression is applied to the audi
signal, hence their drcSetEffect bits are'zero and they correspond to the DRC effect request “None”.

o 0

[om

Conceptpally it is possible to integrate other DRC sets specified by the drclnstructionsBasic() an
drcCoefficientsBasic() syntax in.the selection process. However, this is out of scope and not part of thi
specification.

wn
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Table 8 — Most relevant metadata for DRC selection at the decoder

Field Type
drclnstructionsUniDrc->downmixId Identifier
drcInstructionsUniDrc->limiterPeakTarget Value
drcinstructionsUniDrec->drcSetEffect Bit field
drclnstructionsUniDrc->nolndependentUse Flag
drclnstructionsUniDrc->drcSetTargetLoudnessValueUpper/-Lower Value
loudnessinfo->truePeakLevel Value
loudnessinfo->samplePeakLevel Value
loudnessInfo->program loudness Value
loudnessinfo->anchor loudness Value
loudnessinfo->maximum short-term loudness Value
loudnessinfo->maximum momentary loudness Value
loudnessinfo->maximum loudness range Value
dircCoefficientsUniDrc->drcCharacteristic[sequence][band] Index
cllrcCoefficientsUniDrc->bandCount[sequence] Value

§.3.2 Pre-selection based on Signal Properties and Deecoder Configuration

4.3.2.1 Overview

= =

hding or ducking.

he pre-selection selects all DRC sets that fulfillall requirements listed in Table 9. All availz
ets are analysed in the given order of steps. Ifino DRC set is selected, no DRC can be applied e}

ble DRC
kcept for

© ISO/IEC 2015 - All rights reserved
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Table 9 — Requirements for DRC pre-selection

# Requirement Applicability Comment

1 |DownmixId of DRC set matches the|If a downmixId is requested See 6.3.2.2
requested downmixId.

2 |Output channel layout of DRC set|If a target channel layout is requested See 6.3.2.2
matches the requested layout.

3 |Channel count of DRC set matches the | If a target channel count is requested See 6.3.2.2
requested channel count.

4 |TheDRCsetisnota “Fade-" or “Duck-|Always DRC sets with “Fade” or “Ducking|
ing-{ only DRC set. effectare selected automaticallyf.

They are not subject tg this sef
lection process.

—

5 |The pumber of DRCbandsis supported. | Always DRC sets that exceed'the numbe
of supported BRC bands are disf
carded. For time-domain DRC, th¢
maximumn is four bands.

6 |Inddpendent use of DRC set is per-|Ifthe DRC setis notused in combination|DRC‘setS with a nolndepend}
mittled. with another DRC set. entUse flag value of 1 can onl)
beused in combination with &
second DRC set.

~<

7 | Thefange of the targetloudness spec- | If drcSetTargetLoudnessPresent=’=1|See 6.3.2.2.2
ified for a DRC set has to include the|and no explicit peak informatjon is
reqyested decoder target loudness. |available for that DRC set.

8 |Clipping is minimized. Except for DRC sets whichiwere already|See 6.3.2.2.3
selected in pre-selectioh step #7.

6.3.2.2 | Detailed description of pre-selection steps

6.3.2.2.1 Pre-selection based on downmixId, channel layout, or channel count (#1,2,3)

=

Requestys for downmixIds, target channellayout, or target channel count are supported. Only one (
these refuests will be used based on the following priority:

1. downmixId(s)
2. target channel layout

3. target channel count

—t

If no doynmixId is requested, the request(s) will be mapped to one or more matching downmixIds thz
are used in the pre:Selection process as defined in the following.

jom

If a targgt channel layout is requested but a downmixId is not requested, the channel layout is mappe
to dowrmixlds with a matching layout. If only a target channel count is requested, it is mapped t

downmixlds with a mah‘hing target channel count If no mafr‘hing downmixlds can be found no DR

set can be applied except for fading or ducking.

=)

If no request is present, a downmixId of 0x0 (base layout) will be used for the pre-selection.

A DRC set is selected if the requested downmixId (or the downmixld, which was generated from a
different kind of request) matches one of the defined downmixIds of the DRC set. Note that DRC sets,
which define a downmixId of 0x0 or 0x7F automatically pass the pre-selection #1,2,3.

A downmix ID list contains all downmixIds to be used for pre-selection as described in the previous
steps. The pre-selection for these requests is done by selecting all DRC sets that have one of the
downmixIds of the list or a downmixId of 0x0 or 0x7F. Note that a requested downmixId of 0x7F is
meaningless and therefore not permitted.

14 © ISO/IEC 2015 - All rights reserved
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6.3.2.2.2 Pre-selection based on drcSetTargetLoudness (#7)

This pre-selection step addresses only DRC sets for which drcSetTargetLoudnessPresent equals one
and for which no explicit peak information is available. From the DRC sets which match this criterion,
only those are selected whose range defined by drcTargetLoudnessValueUpper/-Lower includes the
requested decoder target loudness (targetLoudness). Note that pre-selection step #8 is omitted for DRC
sets selected in this step. Explicit peak information for a specific DRC set is available if at least one of
the following results is TRUE:

— truePeakLevellsPresent(drcSetld, downmixIdRequested)

— samplePeakLevellsPresent(drcSetld, downmixIdRequested)

- limiterPeakTargetlsPresent(drcSetld, downmixIdOfDrcSet)

(@1

.3.2.2.3 Pre-selection based on output peak level (#8)

his pre-selection step addresses the problem that can arise if due to-loudness normalization or
ownmixing the maximum peak value exceeds full scale. Two mechanisms,cah be used to avoid flipping,
DRC set that reduces or eliminates clipping and/or a peak limiter. DRE séts resulting in too hjgh peak
alues at the output possibly need to be discarded. The peak value of the output signal is comptited as

< QD o

outputPeakLevel = signalPeakLevel + loudnessNormalizationGainDb

Where
signalPeakLevel is thépeak value of the signal in dBFS accordinlg to
Table 6;
loudnessNormalizationGainDb is the scaling factor for the loudness normalization in
dB.

NOTE The loudnessNormalizationGainDb can be specific for each DRC set if individual loudnessInfd() blocks
are present for each DRC set.

All DRC sets are discarded whose ottputPeakLevel exceeds outputPeakLevelMax. The recommended value
df outputPeakLevelMax is 0 dBES when no peak limiter is applied after the DRC tool. If a peak limiter is
subsequently applied, it isfecommended to set outputPeakLevelMax to the maximum peak value fthe peak
limiter can handle without'introducing severe and audible distortions. By default, the DRC tool pssumes
that no peak limiter will be applied. The default value for outputPeakLevelMax is 0 dBFS. If a peak limiter
i$ applied (peakLimiterPresent==1), the default value for outputPeakLevelMax is 6 dBFS.

If no DRC setavas selected so far (including the pre-selection in step #7), select the DRC sets for which
drcSetTargétl:oudnessPresent equals one and whose range defined by drcTargetLoudnessValu¢Upper/-
ower includes the requested decoder target loudness. If after that no DRC set was seleqted, the
equirement of clipping prevention needs to be relaxed until at least one DRC set is selected. Therefore,
elected. In addition, the DRC sets are selecteld whose

At this point, the output signal can have audible distortions, either due to clipping or because a peak
limiter is applied at too high levels. This is mitigated by lowering the output level resulting in an
intentional deviation from the target loudness. The parameter loudnessDeviationMax (which is 63 dB by
default) limits the gain reduction that is applied to reduce the distortions (e.g. loudnessDeviationMax of
3 dB permits a gain adjustment of -3 dB).
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6.3.3 Selection based on requests

6.3.3.1 Overview

In the following, the selected DRC sets are matched with requested features that can describe certain
aspects of a DRC set. The features are organized in an ordered list that is given to the DRC decoder.
One or more features can be requested. A feature can be requested multiple times. The decoder will
search the available DRC sets to find the best match according to the following rules. Table 10 lists DRC
features that are supported for the DRC search.

Table 10 — Requestable features of DRC sets

Index DRC feature Comment
0 |“Effecttype” Specifies the type of DRC effect
1 |“Dynamic range” Specifies the dynamic range, see Table 12
2 |“DRC characteristic” Specifies the DRC characteristic at the encoder

t

The dedoder works through the feature list item-by-item starting from the. first. Conceptually,
takes for each item the selected DRC sets and selects only those that match the requested featur¢
The follpwing specifies the selection rules for each requested feature“in’detail. If no features ar
request¢d, the selection process is performed as if the effect type feature with effect type “None” ha
been requested as described in the following section. If that requestdoes not succeed, another featur
request pttempt is issued using the “General” effect type with theyfallback effect types “Night”, “

, “Noisy
“Limited”, “LowLevel”.

-~ ® w»nn ® .7

6.3.3.2 | Sub-selection by requesting an effect type feature

The effeict type as specified by the field drcSetEffect ifi*Table A.32 describes the result of applying thie
DRC set{ For DRC sets that carry a non-zero entry {nthe dependsOnDrcSet field, the valid effect types
for the gombination of both sets are obtained from the effect types of both sets (the depending DRC sgt
and the pne with a corresponding dependsOnDRCSet value).

Table 11]lists all effect types that can be fequested. One effect type can be requested at a time. Request
for effedt types can be repeated multiple times with different effect types. From the DRC sets selecte
so far, all DRC sets that match the réguiested effect type are selected.

= wn

An effecf type request is ignored-if none of the selected DRC sets match. Consequently, the sub-selectiop
process |proceeds with theresults of the previous request, if applicable; otherwise the results of thie
pre-selertion are used.

The list|of requestedeffect types contains the desired effect types. Additionally, fallback effect typse
can follqw the desited effect types. The fallback effect types are specified to allow selecting a DRC se
even if JRC sets\with the desired effect types are not available.

-+ \n

After a feqliest sequence of desired effect types, the sub-selection ends if one or more DRC sets are
selected|and any fallback requests are ignored. Otherwise, the sub-selection continues with the fallback
effects. In that case, the sub-selection ends if one or more matching DRC sets have been selected during
the processing of fallback requests and the remaining fallback requests are ignored.

The requests can be specified as a list of requested effect types together with an index of the first
fallback request in the list. If for example only one single desired effect type is specified, the fallback
requests start at position 2. More detailed explanations are given in Annex E.
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Table 11 — Requestable DRC effect types and short names for reference

'hose feature value is within that range.

ange” can be given for multiple measurement systems. Permitted measurement systems incl
128 and BS.1771-1. The first system shall be selected when searching the available values

c O =

pdates, i.e. if a reserved index is found, it shall be interpreted as a valid measurement system.

—

he program loudness values.used in Table 12 shall be based on the following measurement
see Table A.37):

fown

1. RMS_C
4. RMS_B
3. RMS_A
4. BS.1770-3

]

F multiple values are given, choose the first available using the order of the list.

Index drcSetEffect Short name Description
0 None “None” A DRC set that has no dynamic compression, for instance
“Clipping”, or applying no DRC set for compression.
1 Late night “Night” For quiet environment, listening at low level, avoiding to
disturb others.
2 Noisy environment “Noisy” Optimized to get the best experience in noisy environments,
for instance by amplifying soft sections.
3 Limited playback range “Limited” Reduced dynamic range to improve quality o ﬂ)layback
devices with limited dynamic range.
4 Low playback level “LowLevel” Listening at a low playback level.
5 Dialog enhancement “Dialog” The main effect is a more prominent dialogue within the
content.
6 General compression “General” A DRC effect that reduces the dynamic range and is applicable
to multiple playback scenarigs.
Dynamic expansion “Expand” Dynamics enhancement.
Artistic effect “Artistic” To create an artistic sotmd effect.
4.3.3.3 Sub-selection by requesting a “Dynamic Range” value
The decoder can receive a request for a single Dynamic Range measurement value or value rapge. The
measurement is based on one of those provided in Table 12. If a value is specified, all DRC |sets are
selected with the closest matching value of the feature.’If a range is specified, all DRC sets areselected
V

ach of the measurement values for “short-term loudness”, “momentary loudness”, and “top of loudness

lude EBU
in order

f increasing measurement system index (see Table A.37) including all reserved indices for future

systems

Table 12 — Requestable Dynamic Range Measurement Values

Index | Label | Dynamic range measurement Comment

(see 6.6.2)

0 StA “Short-term loudness peak to average” |Max. short-term loudness minus program loudness

(see 6.6.2)

1 MtA “Momentary loudness peak to average” [Max. momentary loudness minus program loudness

(see 6.6.2)

2 TtA “Top of loudness range to average” |[Top of loudness range minus program loudness

© ISO/IEC 2015 - All rights reserved
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6.3.3.4 Sub-selection by requesting a “DRC characteristic”

From the selected DRC sets all sets are selected with the closest DRC characteristic index according
to a matching order. If different DRC characteristics are used within the same DRC set, only the DRC
characteristic indices are taken that are in the matching order list. The remaining ones are ignored. If
no DRC set is found for the matching order of the requested DRC characteristic in Table 13, this selection
step is ignored.

Table 13 — Matching order for DRC characteristic

Requested DRC characteristic

1 (2 |3 (4 |5 |6 |7 |8 9 |10 11 ¢ c»11
first 1 (2 |3 (4 |5 |6 |7 |8 9 |10 11 c
Matching order second 2 (3 |4 |5 |6 |5 (9 |10 7 |8 10 -
third - 1 12 |3 |4 |- - - - - 9 -

6.3.4 Final selection

—

This clafise uses the term “multiple DRC sets” for DRC sets that are independent of each other and do ng
include ¢lucking or fading effects.

If there pre still multiple DRC sets selected, select the ones that resulf in an output peak value of 0.0 g
less. If no such DRC set is found, from the ones selected, select thes\DRC sets that exceed the threshol
by the rllinimum amount. Note that DRC sets selected in pre-sélection step #7 are assumed to have a
output feak value of 0.0 or less.

- =

If there gre still multiple DRC sets selected, select the ones.that exactly match the requested downmixId.

If there pre still multiple DRC sets selected, select:the ones with the minimum number of effect typ¢
where the effect bit for “General” is ignored. Pléase note that the reason for ignoring the effect b
“General” is that otherwise DRC sets without “General” would be unjustifiably preferred.

-+ \n

If there pre still multiple DRC sets selected;discard any DRC set that was selected in the pre-selectio
step dedling with drcSetTargetLoudness=-If all selected DRC sets are discarded in this step, select th|
DRC set with the smallest drcSetTargetLoudnessValueUpper instead.

D =

=

If there pre still multiple DRC sétsselected, select the DRC sets with the largest peak value. Note th4
the output peak value also depends on the modifications of the gains as described in 6.4.6.

If there fire still multipledDRC sets selected, choose the one with the largest DrcSetld.

6.3.5 Applying multiple DRC sets

In the fgllowirig-cases multiple DRC sets are applied simultaneously. First, if the DRC set selected ip
6.3.4 cagrie$ @ non-zero entry in the dependsOnDrcSet field, the depending DRC set is applied togethe

with thq selected one. Second, if a DRC set with “Fade” or “Ducking” effect was automatically selected,
it is applied simultaneously with the DRC set selected in 6.3.4. Thus, if the DRC set selected in 6.3.4
has a non-zero dependsOnDrcSet value, a total of three DRC sets are applied, which is the maximum
number permitted. If all three DRC sets are applied to the same layout (downmixId), the DRC set with
“Fade” or “Ducking” effect shall be applied first, the DRC set referenced in the dependsOnDrcSet field
shall be applied thereafter, and the DRC set selected in 6.3.4 shall be applied last. If only two DRC sets
are applied to the same layout (downmixId), the same order applies. Note that if a DRC set with “Fade”
effect and another DRC set with “Ducking” effect were both automatically selected, the DRC set with

“Fade” effect is ignored.

—
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6.3.6 Album mode

When the playback system is in album mode, i.e. successive songs of an album are played back, the DRC
selection should be applied first using all DRCs in the loudnessInfo blocks for albums. These blocks may
contain drcSetlds that point to matching DRCs. Only if there is no match with any DRC in a loudnessInfo
block for albums, the selection should proceed to apply the logic described in 6.3.2 to all available DRCs.

In album mode, any “Fade” DRC is not applied. If not in album mode, if an applicable “Fade” DRC exists,
it must be applied. The “Fade” DRC can be applied simultaneously with any other DRC except "Ducking”.

.3.7 Ducking

he base layout and each specific downmix with a unique downmix ID can have a maxirhitm of pne DRC
set with a ducking effect. During configuration, the decoder scans all available DRC sgets for the active
ownmix to identify the applicable DRC set for ducking if present. If ducking DRC sets are both defined
fbr the base layout and the active downmix, select the one that exactly matchésythe active dpwnmix.
If a ducking DRC set is identified and the associated overlaid audio signal is)active, the duckiing gain
sequence is automatically applied to all channels except those that are mémbers of the channkl group
ssociated with the ducking DRC set (drcSetEffect=="Duck other”) or alté€pnatively to all chanfpels that
re members of the channel group associated with the ducking DR€ set (drcSetEffect=="Dugk self”).
The overlaid audio is defined to be active if at least one nonzero downmix coefficient is applied|to it.

Ducking is always applied before any downmix, i.e to the base layout. Hence, the DRC |channel
roups for the ducking process refer to the base layout.“The downmixld of the corregponding
rclnstructionsUniDrc() indicates how to generate the dewnmix after the ducking was applied,

[@M]e]

ote that a ducking DRC set with downmix ID 0x0 (haseLayout) is automatically applied indgpendent
f the requested downmix ID. It is therefore recomimended to define ducking DRC sets with downmix
D 0x0 only for specific use cases, where the duecking DRC set should be always applied when DRC
rocessing is enabled.

- =0 =

4.3.8 Precedence

If a bitstream contains the described DRC metadata and other DRC metadata such as MPEG| light or
Heavy compression, the described/metadata will take precedence unless the decoder is instrjucted to
apply the other DRC metadatas

6.4 Time domain DRC application

G.4.1 Overview

=]

he DRC gain€an be applied to the time-domain audio signal or to the sub-band signals of the audio
ecoder. The following text first includes a full description of the time-domain DRC. Subsequgntly, the
necessary.modifications of the time-domain DRC are described to achieve DRC in sub-bands.

(oW

1nce the encoder prov1des only sparsely sampled galn Values the decoder apphes interpolation to
3 din is the
audlo sample rate. Each gam sequence can be conflgured to use e1ther linear 1nterpolat10n or spline
interpolation. For linear interpolation, the interpolated values of one segment between two subsequent
gain samples (nodes) are derived from the two gain samples at both ends of the segment. For spline
interpolation, they are additionally derived from their slope (derivative). Hence, when transitioning
from one segment to the next, the first derivative is continuous as both segments have the same slope
at the transition point.

For applications of the DRC tool in tandem with an audio codec, the following parameters are provided
to adjust the DRC frame size and time resolution so that codec and DRC processing can be done most
efficiently in terms of complexity and delay. The parameters are:

— DRC frame size in units of the audio sample interval
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— deltaTmin in units of the audio sample interval
— delay mode.

These parameters have default values, but an audio codec specification may override the defaults.

6.4.2 Framing

The DRC gain information is organized in DRC frames. Each DRC frame contains DRC data to generate
the DRC gain for the duration of a DRC frame. The DRC frame duration is constant for a given audio item
and it isja multiple of the audio sample interval. DRC frames do not overlap.

In practjce, whenever suitable, the DRC frame size Mpgc is recommended to correspond to the-samie
duration} as the codec’s frame size to minimize delay and complexity. This is the default setting fq
frame sizes of 1 ms and more. For audio formats with a frame size below 1 ms, as is typically the case
for PCM| the default DRC frame size is 32 deltaTmin as defined in Formula (1). The defaultframe size is
used, unless the frame size is specified by drcFrameSize in the bitstream.

—

6.4.3 [[ime resolution

The DR( tool uses a uniform time grid to generate a sparse representation®fthe DRC gain. The spaci
of this grid defines the highest available time resolution deltaTmin. The unit of deltaTmin is one samp
interval|at the audio sample rate. For efficiency, deltaTmin is chosen to be an integer multiple of t
audio sgmple interval with a corresponding duration between [0-5%.1.0] ms. Preferably, deltaTmin is
an integer power of 2, so that sample rates can be efficiently cenvérted between audio and DRC. T
default yalues are computed based on the following formulas:

f50.0005 s < deltaTmin < f50.001 s (D

and

deltqTmin = 2M ®)

with thg audio sample rate f; in Hz and the non-negative integer exponent M. Audio sample rates smalle
than 1 kjHz are not permitted.

—

Alternatjively, the value of deltaTmin can be transmitted in the DRC bitstream field timeDeltaMin. If it is
present,|it overrides the default value.

6.4.4 [lime alignment

The tim¢ alignment Specifies the temporal location of each gain sample within a block of deltaTmin audi
sample IntervalssThe alignment is conveyed by the timeAlignment field in drcCoefficientsUniDrc().
value of|0 indieatées that the gain sample is located at the last audio sample interval of the block, i.e. t
sample ndex'at the audio rate is deltaTmin-1 assuming that index 0 is the first audio sample interval i
the blockAyvalue of 1 indicates that the gain value is located in the centre of the block, i.e. at the samp
index of ftoor{tdeftufmimr=1)7/2)-

]

In low-delay mode, a timeAlignment value of 1 is not supported. Hence, timeAlignment is set to 0 in low-
delay mode. The timeAlignment value for the gain sequences of all channelGroups within a DRC set shall
be identical.

6.4.5 Decoding

The DRC gains are derived from linear interpolation or spline interpolation, which is determined by the
node coordinates and, in case of spline interpolation, by their associated slopes. The decoding process
of the node coordinates consists of the following sequence of tasks:

1) Gather the DRC configuration information (once);
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2) Select a DRC set (once);
3) Parse the DRC gain bitstream (per DRC frame);

015(E)

4) Apply the code tables including Huffman decoding to decode the quantized values (per DRC frame);

5) Undo the differential encoding (per DRC frame).

The basic in-stream DRC configuration information is fully specified in this document including some

YR - - " a - -
L J & O U U d y A U U d . U UVV U &= U A U L d

Are most relevant for dcoding:

—+ The number of gain sequences: nDrcGainSequences;

1 The profile for DRC gain coding: drcGainCodingProfile;

—+ The type of DRC gain interpolation: gaininterpolationType;

-+ The assignment of a gain sequence to each channel. Channels using the.same sequence are
to as channel groups. The total number of groups is nDrcChannelGroups (See Table 14);

-+ The number of DRC bands in a group: nDrcBandes.

(jiven these parameters, the part of the DRC bitstream containing the DRC gains (uniDrcGain(]
arsed and decoded using the algorithms of Table 15 up to{Table 19 and the codes of Table A.1]
bllowing ones based on gainCodingProfile.

T

h the ISO base media file format, the audio content may-be carried in multiple tracks where a bg
ontains the DRC metadata for all tracks. The additional tracks are referenced by the base tra
track reference of type ‘adda’ (additional audio)- The channels are all the channels in the ba
lus all the channels in track(s) referenced,.imthe order of the references. The channel groups
dll those channels (even if they are channels\in a track that is disabled or not currently being pl

=0 o =

parts of ISO base media file format that are not included in ISO/IEC 14496-12. The configuration of the

ameters

referred

) can be
and the

se track
ck using
se track,
apply to
ayed).
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Table 14 — Derivation of drcChannelGroups from sequencelndexes

uniquelndex = {-10, -10, ...};
k=0;
if ((drcSetEffect & (3<<10)) != 0) { /* Ducking */
uniqueScaling = {-10, -10, ...};
for (i=0; i<channelCount; i++) {
match = FALSE;
idx = sequencelndex[i];
factor = duckingScaling[i];
if (idxfO)chammetGroupForChamnmetfii=—1—/mears o DRE€for thisthammet
else {
for (n=0; n<k; n++) {
if ((Yniquelndex[n] == idx) && (uniqueScaling[n] == factor)) {
match = TRUE;
channelGroupForChannel[i] = n;
break;

}

if (mdtch == FALSE) {
uniguelndex[k] =idx;

uniqueScaling[K] = factor;
charnelGroupForChannel[i] = k;
k++;
}
}
}
}
else {

for (i=0j i<channelCount; i++) {
match|= FALSE;
idx = sequencelndex[i];
if (idx§0) channelGroupForChannel[i] = -1;
else {
for (nE0; n<k; n++) {
if (upiquelndex|n] ==idx) {
match = TRUE;
channelGroupForChannel[i] = n;
brejak;
}
}
if (mdtch == FALSE) {
uniquelndex[k] = idx;
channelGroupForChannrel[i] = k;
k++;
}
}
}

nDrcChgnnélGroups = k;

The application of codes is expressed in Table 15 by the pseudo-functions decodelnitialGain(),
decodeDeltaGain(), decodeTimeDelta(), and decodeSlope(). Differentially encoded values are then
converted into absolute values according to Table 15. The decoded result is represented by the gain
values gDRC[g][b][k], the time values tDRC[g][b][k], and the slope values sDRC[g][b][k] where g is the
channel group index, b is the band index, and k is the node index. For linear interpolation, the slope
values are set to 0. They will be neglected during interpolation. Time values are integer numbers
relative to the beginning of the DRC frame in units of deltaTmin. The audio sample that coincides with
the beginning of the DRC frame has a time value of tDRC = 0.

For gainCodingProfile == 3, no dynamic gain sequence is transmitted. Hence, the decoded values are
constant. This is useful for generating a constant DRC gain based on the gainOffset value.
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if (timeAlignment==0) {
timeOffset = -1;

else {
timeOffset = - deltaTmin + floor((deltaTmin-1)/2);

for(g=0; g<nDrcChannelGroups; g++) {
if (gainCodingProfile[g]==3) {
nDrcBands[g] = 1;

MNodes{giibi = 1;
gDRC[g][b][0] = 0.0;
tDRC[g][b][0] = drcFrameSize + timeOffset;
sDRC[g][b][0] = 0.0;

else {
for(b=0; b<nDrcBands[g]; b++) {
gDRC[g][b][0] = decodelnitialGain(gainlnitialCode[g][b]);
if (drcGainCodingMode[g][b] == 0) {
/* “simple” mode */
tDRC[g][b][0] = drcFrameSize + timeOffset;
sDRC[g][b][0] = 0.0;

else {
for (k=1; k<nNodes[g][b]; k++) {
gDRC[g][b][k] = gDRC[g][b][k-1]+decodeDeltaGain(gainDeltaCode[g}{ b}k-1]);

tmp_timeOffset = timeOffset;
if (frameEndFlag[g][b] == 1) {
nodeResFlag = 0;
for (k=0; k<nNodes[g][b]-1; k++) {
tDRC_Buf = tmp_timeOffset +
deltaTmin * decodeTimeDelta(timeDeltaCode[g]{b][k]);
if ((DRC_Buf > drcFrameSize + timeOffset) {/* nodes from node reservoir */
if (nodeResFlag == 0) {
tDRC[g][b][k] = drcFrameSize + timeOffset;
nodeResFlag = 1;

}
tDRC[g][b][k+1] = tDRC_Buf;

else {
tDRC[g][b][k] = tDRC_Buf;

}
tmp_timeOffset = tDRC:Buf;

}
if (nodeResFlag ==0) {
tDRC[g][b][k] &drcFrameSize + timeOffset;

else {
for (k=05 k<nNodes[g][b]; k++) {
tDRC[g][b][K] = tmp_timeOffset +
deltaTmin * decodeTimeDelta(timeDeltaCode[g][b][k]);
tmp_timeOffset = tDrc[g][b][k];

- |

T
for (k=0; k<nNodes[g][b]; k++) {
if (gainInterpolationType == 0) {
sDRC[g][b][Kk] = decodeSlope (slopeCode[g][b][K]);

else {
sDrc[g][b][Kk] = 0.0; /* slope will be neglected */

© ISO/IEC 2015 - All rights reserved
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6.4.6 Gain modifications and interpolation

Before the gain can be applied to the audio signal, it must be converted to the linear domain and gain
values between gain samples must be interpolated. To achieve lower complexity, the dB to linear

conversi

on is done before the interpolation. Hence, the interpolation process is entirely done in the

linear domain. Both, the gain modification and conversion to the linear domain are done using the
pseudo code of Table 16. The input variables are the gain sample and slope in the dB domain. The output

consists

of the gain sample and slope in the linear domain.

As described in E.2.4 and E.4, there are several ways to adapt the DRC characteristics in the DRC tool

decoder]
toLinear
dB (see
modific:
than the
will seld
characte
compreg
boost fa
1.0, unle
applied

When diicking is active, the ducking gains in dB are scaled by the factor duckingScaling, if present. No]

that the

they are]
effect. U
with du

If the only drcSetEffect is “clipping prevention”, the clipping prevention gains are shifted depending

on the t
is derivg
Note th:
from “cl

These adjustments are applied to the decoded gain samples in the dB domain. The functio
() includes all necessary steps to generate a linear gain sample from the logarithmic value
Table 16). It contains an optional mapping function mapGain() (see Table 17) that supports
itions of the DRC gain values with the purpose of achieving a different compression characteristic
one used in the encoder. The mapping is controlled by the index drcCharacteristiclarget th3
ct one of the custom decoder DRC characteristics if it is larger than 0. Otherwise; the encode
ristic will not be replaced. A modified characteristic can be generated based’on the encods
sion characteristic that is conveyed in the DRC configuration. Moreovef; a compression an
Ctor is supported to scale negative and positive gains, respectively. Thesefactors have a value ¢
ss values in the range [0,1] are supplied by the user. Similarly, an encoder-controlled scaling i
when gainScalingPresent == 1 using the scale factors attenuationScdling and amplificationScaling

D = O N = et

duckingScaling factors are conveyed in the drclnstructionsUniDrc() payload for the channg
applied to, which is in contrast to the bsSequencelndex channel assignment for the “Duck other
ser supplied compression and boost factors shall be applied to all DRC sets except DRC sef]
'king, fading, or clipping effect.

%)

hrget loudness to provide just enough signal atténuation to avoid clipping. The scaling factgr
d based on the limiterPeakTarget. See 6.6 fer-the calculation of loudnessNormalizationGainDb.
it the shifting mechanism won’t be enabléd if there are additionally defined effect bits apat
pping prevention”.

(s
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Table 16 — Conversion of a DRC gain sample and associated slope from dB to linear domain

toLinear (gainDb, slopeDb) {
SLOPE_FACTOR_DB_TO_LINEAR = 0.1151f; /*1In(10) / 20 */
EFFECT_BIT_CLIPPING = 0x0100; /* drcSetEffect 9 (Clip.Prev.) */
EFFECT_BIT_FADE =0x0200; /* drcSetEffect 10 (Fade) */
EFFECT_BITS_DUCKING = 0x0400 | 0x0800; /* drcSetEffect 11 or 12 (Ducking) */
gainRatio = 1.0;
if (((drcSetEffect & EFFECT_BITS_DUCKING) == 0) &&

(drcSetEffect != EFFECT_BIT_FADE) &&

RO Do O IO T A o0

if ((drcCharacteristicTarget > 0) && (gainDb != 0.0)){
gainRatio = mapGain(gainDb) / gainDb;

}
if (gainDb < 0.0) {
gainRatio *= compress;
}
else {
gainRatio *=boost;

}

if (gainScalingPresent) {
if (gainDb < 0.0) {
gainRatio *= attenuationScaling;

else {
gainRatio *= amplificationScaling;

}

}

if (duckingScalingPresent && (drcSetEffect & EFFECTFBITS_DUCKING)) {
gainRatio *= duckingScaling;

}

gainLin = pow(2.0, gainRatio * gainDb / 6.0);
slopeLin = SLOPE_FACTOR_DB_TO_LINEAR* gainRatio * gainLin * slopeDb;
if (gainOffsetPresent) {

gainLin *= pow(2, gainOffset/6.0);

/* The only drcSetEffect is “clipping prevention” */
if (limiterPeakTargetPresent&& (drcSetEffect == EFFECT_BIT_CLIPPING)) {
gainLin *= pow(2, max(0:0;<limiterPeakTarget-loudnessNormalizationGainDb
-loudnessNormalizationGainModificationDb)/6.0);
if (gainLin >=1.0) {
gainLin = 1.0;
slopeLin = 0¢03
}
}

return (gainhLin, slopeLin);

Table 17 — DRC gain manning accordine to a targcet DRC characteristic
= 5 SPPTo5 I S Sk - ha N ©

mapGain(gainQuant) {
inLevel = inverseCompressorlO(gainQuant);
outgain = targetCompressorlO(inLevel);

return outgain;

}
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The gain
variable

interpolation is implemented by the pseudo code in Table 18. Dependent on the configuration
gainlnterpolationType, either spline interpolation or linear interpolation is performed. The

input variables are:

— thet

ime difference between the two gain samples in units of the target sample rate interval tGainStep

— apair of subsequent gain samples gain0 and gainl in dB

— a pair of corresponding slope steepness values slope0 and slopel in the dB domain. These are
neglected for linear interpolation.

This fur

sequenck of gain values at the target sample rate located between the pair of gain samples. The(targe

sample 1

ction uses toLinear() to convert the variables to the linear domain. The result is a smoath

—t

ate is the sample rate of the compressed audio signal.

Table 18 — Interpolation of the DRC gain for one spline or linear segment

{

intn;

float sl
float sl

floatg
(gainLg

slopeH

int tCd

tCor
tCor

interpolafeDrcGain(tGainStep, gain0, gainl, slope0, slopel)
float k1, k2,a, b, c, d;

float gjinLeft;
inRight;

(gainRight, slopeRight) = toLinear (gain1, slopel);

if (gain[nterpolationType == 0) {
slopeleft = slopeLeft / deltaTmin;

bool ugeCubiclnterpolation = TRUE;

float tfonnectFloat;
if (abs[slopeLeft) > abs(slopeRight)) {

if (({Connect >= 0) && (tConnect < tGainStep))f
useCubiclnterpolation = FALSE;
repult[0] = gainLeft;
repult[tGainStep] = gainRight;
a ¥ (slopeRight - slopeLeft) / (tConnectFloat + tConnectFloat);
b # slopeLeft;
c

peLeft;
peRight;

ft, slopeLeft) = toLinear (gain0, slope0);

ight = slopeRight / deltaTmin;

nnect;

nectFloat = 2.0 * (gainRight - gainLeft - slopeRight * tGainStep) / (slopeLeft - slopeRight);
nect = (floor) (0.5 + tConnectFloat);

gainLeft;

26
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Table 18 (continued)

for (n=1; n<tConnect; n++) {
float t = (float) n;
resultln]=(@*t+b)*t+c;
result[n] = max (0.0, result[n]);

a = slopeRight;
b = gainRight;
for ( ; n<tGainStep; n++) {
float t = (float) (n - tGainStep);

Telal X4
resurt M —a ¢ 0,

}
else if (abs(slopeLeft) < abs(slopeRight)) {
tConnectFloat = 2.0 * (gainLeft - gainRight + slopeLeft * tGainStep) / (slopeLeft - slopeRight);
tConnectFloat = tGainStep - tConnectFloat;
tConnect = (floor) (0.5 + tConnectFloat);
if ((tConnect >= 0) && (tConnect < tGainStep)) {
useCubiclnterpolation = FALSE;
result[0] = gainLeft;
result[tGainStep] = gainRight;
a = slopeLeft;
b = gainLeft;
for (n=1; n<tConnect; n++) {
float t = (float) n;
result[n]=a*t+b;

}

a = (slopeRight - slopeLeft) / (2.0 * (tGainStep - tConnectFloat)j;

b = - slopeRight;

¢ = gainRight;

for ( ; n<tGainStep; n++) {
float t = (float) (tGainStep-n);
result[n]=(@a*t+b)*t+c;
result[n] = max (0.0, result[n]);

}

}
}

if (useCubicInterpolation == TRUE) {
float tGainStepInv = 1.0 / (float)tGainStep;
float tGainSteplnv2 = tGainSteplnv * tGainSteplnv;
k1 = (gainRight - gainLeft) *$GainSteplnv2;
k2 = slopeRight + slopeLeft;
a = tGainStepInv * (tGainStepInv * k2 - 2.0 * k1);
b =3.0 *k1 - tGainStéplnv * (k2 + slopeLeft);
¢ = slopeLeft;
d = gainLeft;
result[0] = gdinleft;
result[tGainStép] = gainRight;
for (n=1;'v=tGainStep; n++) {
float.t = (float) n;
résult[n] = ((@*t+b)*t+c)*t) +d;
result[n] = max (0.0, result[n]);

}

A
BJ

else {
a = (gainRight - gainLeft) / tGainStep;
b = gainLeft;
result[0] = gainLeft;
result[tGainStep] = gainRight;
for (n=1; n<tGainStep; n++) {
float t = (float)n;
resultfn] =a*t+b;

}

return result;

}
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6.4.7 Spline interpolation

Interpolation of the DRC gain in the decoder is based on pairs of gain samples. For spline interpolation,
in addition to the node coordinates (time and value in dB), also the slope information is given for each
pair. The decoder will choose one of three available types of interpolation as illustrated in Figure 3. In
most cases cubic interpolation is chosen. However, under certain conditions, a hybrid interpolation
combining linear and quadratic interpolation is applied instead. For the hybrid interpolation, a node is
inserted between the two given nodes (shown as a square). At one side of that node, linear interpolation
is applied and quadratic interpolation is applied at the other. The method is fully specified in 6.4.6.

®

o>

©

gain

time

Figurje 3 — Spline segnient types: cubic interpolation (A). Hybrid using linear and quadratic
interpolation (B, C). A square indicates the connection point of the linear and quadratic sub-
segment

6.4.8 Look-ahead in decoder

The DRC ool decoder can be operated il one of two delay modes. 1 he tow-delay mode immediatet
applies the decoded DRC gain while the default mode applies the DRC gain with a delay of one DRC
frame. The low-delay mode requires that the flag fullFrame is 1, which signals that a gain value sample
is located at the end of each DRC frame. For the default mode, the flag fullFrame can also be 0. Then it
supports gain sample interpolation from any position of the current DRC frame to any position of the
next DRC frame.

Figure 4 illustrates the two delay modes. The upper diagram shows that each DRC frame has a spline
node at the end of the frame, so that the entire DRC gain curve for that frame can immediately be
generated by interpolation. The lower diagram shows that the interpolated gain curve is applied with a
delay of one DRC frame, since the interpolation for frame n-1 can only be completed after the first node
of frame n is received.
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For common perceptual codecs the default delay mode does not require additional decoder delay. The
delay is already required due to the overlap-add operation. The decoder appends audio samples with
zeros at the end to reconstruct the last frame. If the DRC gains for the last frame don’t cover the entire
duration, the last gain shall be repeated until the end of the frame. If DRC gains are required for the
first frame in default delay mode, they should be generated based on a node at the beginning of the first
frame with 0 dB gain and, when in spline interpolation mode, with a slope of 0.

DRC frame (n-1) DRC frame n
P —0 4

) b7 _

DRC gain ‘
apply to audio

time
DRC frame (n-1) DRC frame n
/%o/ 0
O
O
apply to audio

Figure 4 — Delay‘modes: low-delay and fullFrame = 1 (A), default delay and fullFrame =0 (B).
Spline nodes received in frame n-1 (circles) and frame n (squares).
The solid line illustrates the interpolated DRC gain up to DRC frame n

The low-délay mode is suitable for decoders that don’t have inherent delay such as a delay due to
dverlap-add. For instance this is the case for some lossless codecs. For any PCM audio format, Igw-delay
mode shall be used.

For ISO/IEC 14496 (ISO base media file format) the delay mode is explicitly conveyed in the
drcCoefficientsUniDrc() payload in the delayMode field (see Table 45). The encoding of delayMode is
given in Table A.20.

6.4.9 Node reservoir

To reduce bitrate peaks, a so-called node reservoir can be employed. The node reservoir can be
only applied in the default delay mode, where the DRC gain is applied with a delay of one DRC frame
(see 6.4.8). The node reservoir mechanism shifts nodes from the current frame into the subsequent
frame (see Figure 5). In order to keep the decoding delay constant, it is not allowed to shift the first node
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of a frame since in default delay mode, the first node is needed to fully decode the previous frame. Thus,
the maximum number of nodes that can be shifted to the subsequent frame is limited to nNodes-1 nodes.

no node reservoir node reservoir
frame n Ao | Ay ‘ A, | A; | A, ’ As Ag ‘ A ’ A; | As ;4;];7557_7
framen+l| By | B, ‘ B; ’ q Ag |‘ As | By | 7517_ 7227_7

frame n+2 Co

-

nodes: numiodes—6 nodes: numNodes=4——

Fig

transnjitted in DRC frame n, n+1, and n+2, respectively (left). When the node reservoiris used

Each no
have ch
regular
can be i
use of t}
obtain t

The nunjber of nodes shifted to the node reservoir in each frame is;not transmitted explicitly, but result

implicit]
the deca
is know

6.4.10

The inte
gain vec
The fun
channel
mode as

ire 5 — Illustration of node reservoir mechanism: Ay, By, and Cx are nodes regularly

some nodes (bold) are transmitted with a delay of one frame (right)

[s9)

e is defined by time, gain, and slope data (gainInterpolationType = 0). The gain and slope dat]
fonological order in the bitstream, therefore the data from the node #eservoir precedes tI

—

hodes of a particular frame in the bitstream. During decoding, the nodes of the node reservo
lentified because their time values are encoded with an offset of dreFrameSize. Therefore, t
e node reservoir is not explicitly signalled. The offset is subtracted’in the decoding process tp
he correct time value.

[72)

y from the number of time values larger than drcFrameSize: The decoding of time values precede
ding of gain and slope values. Therefore, the assignment of gain and slope values to time value
1 after decoding the time values. The decoding proeess is fully specified in 6.4.5 and 6.4.10.

wv n

Applying the compression

rpolated gain values of each interpolation segment are concatenated to generate a complete
tor gain[g][b][t] for the entire DRC frame. Finally, the gain vector is applied as shown in Table 19.
Ction channellnDrcGroup() returns.CRUE if the current channel ¢ belongs to the current DREi
group. Please note that the scheduling of the interpolation segments depends on the dela

indicated in Table 19.
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Table 19 — Concatenation of interpolation segments to a gain vector and application of the DRC
gain vector to the audio channels

for(g=0; g<nDrcChannelGroups; g++) {
for(b=0; b<nDrcBands[g]; b++) {
if (delayMode == DELAY_MODE_DEFAULT) {
nNodesNodeReservoir = 0;
for (k=0; k<nNodes[g][b]; k++){
if (tDRC[g][b][K] >= drcFrameSize){
nNodesNodeReservoir++;

s

}
for (k=0; ks<nNodesNodeReservoir; k++){

tDRCprev[g][b][nNodesPrev[g][b]+k]=tDRC[g][b][nNodes[g][b]-
nNodesNodeReservoir+k]-drcFrameSize;

gDRCprev|[g][b][nNodesPrev[g][b]+k]=gDRC[g][b][k];

sDRCprev[g][b][nNodesPrev[g][b]+k]=sDRC[g][b][k];

memmove(&gDRC[g][b][0],&gDRC[g][b][nNodesNodeReservoir],
nNodes[g][b]-nNodesNodeReservoir);
memmove(&sDRC[g][b][0],&sDRC[g][b][nNodesNodeReservoir],
nNodes[g][b]-nNodesNodeReservoir);
nNodesPrev[g][b] = nNodesPrev[g][b] + nNodesNodeReservoir;
nNodes[g][b] = nNodes[g][b] - nNodesNodeReservoir;
for (k=0; ksnNodesPrev[g][b]-1; k++) {
duration = tDRCprev|[g][b][k+1] - tDRCprev[g][b][K];
interpolationSegment= interpolateDrcGain(duration, gDRCprev[g][b][k],
gDRCprev|[g][b][k+1], sDRCprev[g][b][Kk], sDRCprev|[g][b][k+1]);
for (t=0; t<duration; t++)

gain[g][b][t+tDRCprev[g][b][k]] = interpolationSegment]t];

}
k =nNodesPrev|[g][b]-1;
duration = drcFrameSize + tDRC[g][b][0]* tDRCprev|[g][b][k];
interpolationSegment= interpolateDreGain(duration, gDRCprev[g][b][K],
gDRC[g][b][0], sDRCprev(g][b][k], sDRC[g][b][0]]);
for (t=0; t<duration; t++) {
gain[g][b][t+tDRCprev[g][b][k]] = interpolationSegment][t];
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Table 19 (continued)

else

{
k =nNodesPrev|[g][b]-1;
duration = tDRC[g][b][0]+1;
interpolationSegment= interpolateDrcGain(duration, gDRCprev[g][b][k],
gDRC[g][b][0], sDRCprev[g][b][k], sDRC[g][b][0]]);
for (t=1; t<=duration; t++)

{

gainfebteH=tnterpolationSesment{t:
%’or (K=0; k<nNodes[g][b]-1; k++) {
durdtion = tDRC[g][b][k+1] - tDRC[g][b][k];
intefpolationSegment= interpolateDrcGain(duration, gDRC[g][b][k],
gDRC[g][b][k+1], sDRC[g][b][k], sDRC[g][b][k+1]);
for (f=1; t<=duration; t++)
{
ga
}

}

}
/* Apgly gain to DRC bands of audio in each channel */

for (cH0; c<nChannels; c++) {
if (ch@annellnDrcGroup(c, g)) {
for (f=0; t<drcFrameSize; t++) {
audioBandOut[c][b][t] = audioBandIn[c][b][t] * gain[g][b][t];
}

}
}

jo

h[g][b][t+tDRC[g][b][k]] = interpolationSegment [t];

if (deldyMode == DELAY_MODE_DEFAULT) {
for (=0; k<nNodes; k++) {
gDRLprev(g][b][k] = gDRC[g][b][K];
sDREprev(g][b][k] = sDRC[g][b][K];
tDR{prev(g][b][Kk] = tDRC[g][b][K];

}
nNodesPrev[g][b] = nNodes[g][b];
for (t+0; t<drcFrameSize; t++) {
gain[ g][b][t] = gain[g][b][t + dreErameSize];
}
}

else {
k=nNpdes[g][b]-1;
gDRCprev|g][b][k]£gPRC[g][b][K];
sDRCprev|g][b][k}="sDRC[g][b][k];
nNodesPrev[g]|b]'= nNodes[g][b];

}
}

for(g=0; gznDrcChanmetGroups; g++) <
for(c=0; c<nChannels; c++) {
if (channellnDrcGroup(c, g)) {
for (t=0; t<drcFrameSize; t++) {
sum = 0.0;
for(b=0; b<nDrcBands[g]; b++) {
sum = sum + audioBandOut[c][b][t];

audioSampleOut[c][t] = sum;
}
}
}

}
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Table 19 is based on the following assumption:
— interpolationSegment is a vector that contains the gain values of one interpolation segment

— duration is an integer number describing the duration of the interpolation segment in units
sample intervals.

— nNodes is the number of gain values in the current DRC frame.

— drcFrameSize is the number of audio sample intervals in a DRC frame.

015(E)

of audio

-+ Initialize the following variables:

gDRCprev[g][b][0]=0.0,
sDRCprev[g][b][0]=0.0
nNodesPrev[g][b]=1,
if (timeAlignment==0)
tDRCprev[g][b][0]=drcFrameSize-1
else
tDRCprev[g][b][0]=drcFrameSize-timeDeltaMin+floor((timeDeltaMin-1)/2).

4.4.11 Multi-band DRC filter bank

When the DRC gains are applied in the time domain and a multi-band DRC is used, the time
dudio signal must be split into sub-bands before the DRE gains are applied to the bands. T
onfiguration parameters are conveyed by the drcCoefficiéntsUniDrc() defined in Table 44 or ]

-rdomain
he filter
[able 45.

he tables provide the bitstream syntax for the number'of bands and the crossover frequency
etween bands. The number of time-domain DRC bands cannot be larger than four.

oull— Ne)

he time-domain audio signal is split into the specified number of bands by Linkwitz-Riley (L]
bith a topology shown in Figure 6. If thererare more than two bands, all-pass filters are 3

= o <

ass filters are implemented as second efder sections (biquads).

y indices

R) filters
dded to

ompensate for the delay of the different outputs, so that they are all in phase. The low-pass ajnd high-
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Figure 6 — Topology of Linkwitz-Riley crossover filters for 2, 3, and 4 bands. The band index

increases with the frequency of the band. The crossover frequencies f¢ p increase with index b,

i.e. fc,p+1 > fc,p Crossover frequencies in brackets of an all-pass filter specify the corresponding
LR low-pass filter with the matching phase response

Each Linkwitz-Riley crossover filter is composed of a pair of a complementing low-pass and high-pass
filter that results in a flat frequency response overall. Each LR low-pass filter is created by a cascade of
two identical second-order Butterworth (BW) low-pass filters. Similarly, each LR high-pass filter is a
cascade of two identical BW high-pass filters with the same order and cutoff frequency as the BW low-
pass filters. Each all-pass filter is a second order IIR filter.
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Each BW filter and each all-pass filter is implemented as second order section with the following
transfer function.

bO + b1Z_1 + sz_Z

2 (3)

H(z)= 2
apg+a.z "~ +ayz

Based on the crossover frequency indices in Table A.8, the decoder can look up the normalized crossover
frequencies f: norm Or the filter coefficient parameters y and 8. The filter coefficients are then computed
using Table 20 for the BW filters and Table 21 for the all-pass filters. The crossover frequencies f; in Hz
are computed by:

fc =fs’fc,Norm (4‘)

Table 20 — Butterworth filter coefficient formulas

BW low-pass | BW high-pass
INormalized cutoff frequenc
d y 0y = tan(n c,Norm)
Intermediate parameters 1
o=
1 2(00 + [on)
2
Yy = 0,0
Final BW filter coefficients _ _
apo =1 ppo =1
appq =2y — &) aypq = 2(y —6)
aLP72:2(7—|—5)—1 aHP72:2(7/+5)—1
bipo =7 bHP.,o =90
brply =27 byp, =—26
bipy=v byp, =96

The all-pass filters in Figure.6'are used to generate the same phase response as one of the LR low-pass
Iters (with matching grayjlevel and matching f. in Figure 6) so that the signals of all bands are|in phase
at the output of the filter bank. The all-pass filter coefficients are derived from the coefficienls of the
dorresponding BW.Jew-pass filter as shown in Table 21.

—

Table 21 — All-pass filter coefficient formulas

dapo=dLpo
Aapy1=AdLp1
Ayppa=Uppo
bapo=arpy
bapp=aip
bapp=aipp

After the DRC gains are applied to the individual bands, the final audio signal is computed by adding all
bands.

In configurations that apply different multiband filters to different channel groups, additional all-
pass filters must be incorporated to achieve an in-phase output of all channel groups. The example in
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Figure 7 shows three channel groups that are processed with a single band (0), two DRC bands (1), and
four DRC bands (2). The overall phase response of the system is determined by the following steps:

— Construct a filter structure for each channel group according to the crossover frequencies and
number of bands.

— Concatenate all filter structures to determine the target phase response.

— Add all-pass filters to each channel group filter structure to match the target phase response.

while maintaining in-phase output of all channel groups.
DRC gain
channel
group 0 all-pass o all-pass o all-pass all-pass ” o
USIR Tl fe2) " fcio) (fc00)
DRC gain
LR
. b=1
channel hlggh-pass
group 1 all-pass _ all-pass _ all-pass _ C,00
fe1) | (ei2) | (o) R 0
low-pass
fc.00
LR
high-pass
all-pass _ fcr2
(fc10) | IR
. LR low-pass
channel high-pass f
roup 2 f C12
9 all-pass _ GM
(fc,00) IR
low-pass . LR
fC " high-pass
’ f
all-pass _ c10
(fc,12) o LR
low-pass
fc1o

Figure 7 — Example of phase adjustments for time-domain multiband DRC with different DRC
bands for each channel group

Support for up to three different time-domain multiband DRC filter banks with phase alignment of the
corresponding channel groups is mandatory. This number includes full-band DRCs and counts each
multiband filter bank with a different crossover frequency. If two DRC sets for time-domain application
are combined using the dependsOnDrcSet field, not more than one of them can be a multiband DRC. In
this case, the exact output waveform depends on the processing order of the DRC sets, which is defined
in 6.3.5. However, if the multiband DRC set has a downmixId of 0x7F, the information whether it is
processed before or after the downmix needs to be provided to fully define the output waveform, e.g.
for conformance testing
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Systems that process audio objects may not apply time-domain multi-band DRC to only a sub-set of

objects since that will result in phase misalignment with other objects in the final mix.

6.5 Sub-band domain DRC

While the application of DRC gains in the time-domain is mandatory for MPEG AAC up to four DRC

bands, other MPEG codecs might use sub-band domain DRC. The concept of sub-band domain DRC
means that the existing sub-band signals of the audio decoder are subject to the DRC gain application.

Therefore, it is not necessary to add time-domain band spllttlng for a multl band DRC and it is

on- exhaustlve list of codecs and the domaln where the DRC gain is apphed Please note that.the
depends on the decoder configuration and not on the bitstream. For instance, if MPEG=Sur
decoded with a plain AAC decoder, the DRC gains are applied in the time domain. Furthern

possible
ntains a
domain
Found is
ore, the

sjub-band domain is not the MDCT domain of a core codec - it is usually the QMF domain. The applicable

dudio codec standard may specify the DRC application in more detail.

Table 22 — Domain of DRC gain applications for various MPEG decoders

Decoder Time-domain DRC Sub-band DRC
MPEG-4 AAC v
MPEG-4 HE-AAC v
MPEG-D Surround 4
MPEG-D SAOC v
MPEG-D USAC v v
MPEG-H v v

h the most general case, the DRC gains areidecoded as described in 6.4.5. They are inte
sing the same technique as described in\Fable 18 and Table 19, however, the sampling ratf
nterpolation result is lowered to matchthe sample rate of the sub-band signals. This can be 3
y sub-sampling the interpolated time-domain DRC gains by a factor of L or by directly inter
sing the sub-band sample rate as target.

— O = ==

h many cases of sub-band DRC, it is more efficient to override the default deltaTmin in the
y setting timeDeltaMin to avalue that matches the sub-band sample interval. With that, unn
terpolation and downgampling can be avoided in the decoder and the DRC time resolutid
igher than necessary-(se€ also D.1.2).

[ slicrill o sillars)

—

o reproduce the-frequency response of the Linkwitz-Riley filters, the filter slopes are gene
he sub-band domadin as illustrated by the pseudo code in Table 24 for bandType==1. The pre
eighting coéffiCients reflect the filter responses including the slopes. The final weighting cod
dre obtained’by normalizing the preliminary weighting coefficents, such that the sum of the w
dll DRCpand gains at each decoder sub-band centre frequency is 1.0.

<

rpolated
e of the
ichieved
polating

encoder
bcessary
n is not

rated in
iminary
fficients
bights of

Table 23.

[he down sampllng and delay operatlons can be expressed by the flrst part of pseudo code in

irate the

gains for the audlo decoder sub-bands. The meanlng of Varlables and functlons of the pseudo code is
explained in Table 25. The description assumes that the sample rates in all sub-bands are equal. If this
is not the case, the down-sampling factor L needs to be adjusted for the different sub-band sample rates.
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Table 23 — DRC gain down-sampling, overlap, and application in decoder sub-bands

/* resample DRC gain */
for (g=0; g<nDrcChannelGroups; g++) {
for (b=0; b<nDrcBands[g]; b++) {
for (m=0; m<drcFrameSizeSb; m++) {
gainLr[g][b][m]=gain[g][b][(m*L+floor((L-1)/2)];

}
}

for (g=0rg=mBrcthanmettroups; g+
if (mDrgBands[g] == 1) {
for (s=0; s<nDecoderSubbands; s++) {
overlapWeight[g][0][s] = 1.0;

}
}else{
overlapWeight[g] = generateOverlapWeights(g)

}
for (b=0; b<nDrcBands[g]; b++) {
for (s={0; s<nDecoderSubbands; s++) {
for (m=0; m<drcFrameSizeSb; m++) {
gainfSb[g][s][m] += overlapWeight[g][b][s] * gainLr[g][b][m];
}

}
}

/* apply|DRC gain in sub-bands */
for (g=0] g<nDrcChannelGroups; g++) {
for (c=(; c<nChannels; c++) {
if (chahnellnDrcGroup(c, g)) {
for (sp0; s<nDecoderSubbands; s++) {
for (m=0; m<drcFrameSizeSb; m++) {

audioSampleSbOut[c][s][m]=gainSb[g][s][m]*audigSampleSbin[c][s][m];

38
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Table 24 — Computation of overlap weigths

generateSlope(fCrossNormLo, fCrossNormHi) {
float filterSlope = -24.0 /* filter slope in dB per octave /
floatlog10_2_inv =3.32192809; /*1.0 /logl0(2)*/
float norm = 0.05 * filterSlope *log10_2_inv;
for (s=0; ss<nDecoderSubbands; s++) {
if (fCenterNormSb[s]<fCrossNormLo) {
response[s] = pow (10.0, norm * log10(fCrossNormLo / fCenterNormSb[s]));
etseif{fCemterNormSbifst=fCrossNormHi) <
response[s] = 1.0;
}
else {
response[s] = pow (10.0, norm * log10(fCenterNormSb(s] / fCrossNormHji));

}

return (response)

]

generateOverlapWeights(g) {
if (drcBandType[g] == 1) {
fCrossNormLo = 0.0f;
for (b=0; b<nDrcBands[g]; b++) {
if (b<nDrcBands - 1) {
fCrossNormHi = fCross[g][b+1];

else {
fCrossNormHi = 0.5;

overlapWeight[b] = generateSlope (fCrossNormLo;fCrossNormHi);
fCrossNormLo = fCrossNormHi;
}
for (s=0; s<nDecoderSubbands; s++) {
wNorm[s] = overlapWeight[0][s];
for (b=1; b<nDrcBands[g]; b++) {
wNorm[s] += overlapWeight[b][s];
}
}
for (s=0; s< nDecoderSubbands; s++) {
for (b=0; b<nDrcBand§[g]; b++) {
overlapWeight[b][s] /= wNorm[s];
}
}

}else {
startSubBandindex = 0;
for (b=0jb<nDrcBands[g]; b++) {
if (bs/nDrcBands[g]-1) {
stopSubBandIndex = startSubBandIndex[g][b+1]-1;
Yelse {
stopSubBandIndex = nDecoderSubbands-1;
5
for (s=0; s< nDecoderSubbands; s++) {
if (s >= startSubBandIndex && s <= stopSubBandIndex) {
overlapWeight[b][s] = 1.0;

}else{
overlapWeight[b][s] = 0.0;
}
startSubBandIndex = stopSubBandIndex+1;

}

return (overlapWeight);

}
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Table 25 — Explanation of pseudo code items

6.6 Lg

6.6.1

Loudnes
to the dé
would r
limiter),
accepts

6.6.2

The targ
loudnes
signal af

The lou
loudnes
to limi
outputPq
loudness
based

loudness

The DR(
a partic
Table 26

Code item Meaning
gainSb DRC gain to be applied to decoder sub-bands
gainLr Low-rate (resampled) DRC gain
fCross Normalized crossover frequency
startSubBandIndex Sub-band start index of multiband DRC band
drcFrameSizeSb Number of sub-band samples per sub-band in one audio frame
nDecoderSubbands Number of audio decoder sub-bands
fCenterNormSb Center frequency of audio decoder sub-band
audioSampleSbin Decoded sub-band audio sample before dynamic compression
audioSampleSbOut Decoded sub-band audio sample after dynamic compressioti

pudness normalization

Dverview

snormalization is done by the DRC decoder if a targetloudnesslevel(targetLoudness) is supplie
coder. If no value is supplied, loudness normalization is disabled. If the loudness normalizatio
esult in a too high level (that causes clipping or severe audible distortions introduced by a pea
the output level can be decreased by reducing the gain as described in 6.3.2. The DRC decodsg
hn optional value loudnessDeviationMax to limit the applied gain reduction.

- A = =

|.oudness normalization based on target loudness

t

et loudness is the desired output loudness.level in LKFS (loudness, K-weighted[4]). If the targe
b value is supplied, a loudness normalizatien gain is applied to all channels of the time domaip
the final step after all DRC related processing, if applicable.

D

dness normalization is based~en the loudness metadata received in the applicabl
5Info() structure. The DRC decodet accepts an optional value loudnessNormalizationGainDbMd|
the maximum loudnesstnormalization gain. Second, it accepts an optional Vale

<

bakLevelMax to limit the peak level as described in 6.3.2. Third, it accepts an optional val

INormalizationGainModificationDb to modifiy the default IloudnessNormalizationGainD,
on external parfameters or measurements available only at the decoder.
INormalizationGainModificationDb can be different for each DRC frame.

decoder has,an input for loudness normalization settings which accepts three indices to requeg
ilar loudnes$imeasurement method, measurement system, and pre-processing as specified i
, Table 27, and Table 28. If no settings are supplied, default values are used according to Table 2

e BEPSY

Tabre 26— Permitted method definition indices for the loudness normalization settings

Index Method definition
0 Default method
1 Program Loudness (as defined in loudnessinfo())
2 Anchor loudness (as defined in loudnessInfo())
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Table 27 — Measurement system indices for the loudness normalization settings

Index Measurement system
0 Default system
1 ITU-R BS.1770-3
2 User
3 Expert/Panel
4 (reserved, not permitted) Reserved Measurement System A (RMS_A)
% (reserved, not permitted) Reserved Measurement System B (RMS_B)
6 (reserved, not permitted) Reserved Measurement System C (RMS_C)
T (reserved, not permitted) Reserved Measurement System D (RMS_D)
8 (reserved, not permitted) Reserved Measurement System E (RMS_E)
Table 28 — Permitted measurement system pre-processing indicesfor the loudness
normalization settings
Index Pre-processing
Default preprocessing
No preprocessing
y High-pass filter with 500Hz cutoff frequency as'specified in Table A.37
Table 29 — Default loudness.normalization settings
Entry Default value Meaning of default
Measurement method 1 Program Loudness
Measurement system 1 ITU-R BS.1770-3
Pre-processing 1 No pre-processing
Table 30 — Matching order for measurement system
Order of Requested measurement system as defined in Table 27
selection | pg 1770 3] yser Expert/ | RMS_A | RMS_B RMS_C RMS.D | RMS_E
Panel
Selected measurement system as defined in Table A.37
1 BS.¥770-3 User Expert/ RMS_A RMS_B RMS_C RMS_D RMS_E
Panel
2 RMS_C RMS_E RMS_D RMS_C RMS_C RMS_B Expert/ User
Panel
RMS_B RMS_D RMS_C RMS_B RMS_A RMS_A RMS_C RMS_D
4 RMS_A Expert/ RMS_B |BS.1770-3 | BS.1770-3 | BS.1770-3 | RMS_B Expert/
Panel Panel
RMS_D RMS_C RMS_A RMS_D RMS_D RMS_D RMS_A RMS_C
6 Expert/ RMS_B |BS.1770-3 | Expert/ Expert/ Expert/ |BS.1770-3| RMS_B
Panel Panel Panel Panel
RMS_E RMS_A RMS_E RMS_E RMS_E RMS_E RMS_E RMS_A
User BS.1770-3 User User User User User BS.1770-3
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The request is then fulfilled by the decoder with best effort depending on which loudness metadata
values are available. This is accomplished by the following steps:

1y

From the applicable loudnessinfo() structure, select all loudness measurements that match the
requested measurement method. The applicable loudnessinfo() structure is defined by the selected
drcSetld and the requested downmixId as specified in 6.3. If no match is found, select all loudness
measurements that match the other method for the applicable loudnessInfo() structure. If no match
is found, fallback values are selected from a different loudnessInfo() structure as specified in 6.1.3,
first for the requested method. Second, the other method is used if no match was found. Finally,

if nomatch wa olind at A disable loudne NOorma3 On and ignore the remaining on he

2) Wit
syst
cont

reqliested measurement system must be processed including the reserved measufement syste

toe
resq

reqiiests of those systems.

3) Ifp
AL]
pro
aval
loud

4. If p
Tab}
adjy

AL

For each

pie pre 500-20

[

in all selected loudness measurements, find the one that matches the requested meastremer
em. If none is found, use the order given in Table 30 to find the best match. Thexvalue ¢
entLoudness is equal to the selected loudness value. Note that all column entries for t'{

S

—n

hsure that measurement systems defined in the future can be found and applied. Although t
rved measurement systems are currently not permitted, the system shall, be able to procegs

re-processing is requested, the loudness value needs to be adjusted. The adjustment value
reis the difference between the program loudness based on™TU-R BS.1770-3 with prg

fessing and ITU-R BS.1770-3 without pre-processing. If the-two loudness values are nd
lable, the adjustment value is set to -2 dB. The value of confentLoudness is equal to the selecte
ness value plus adjustment.

S arey

re-processing is requested and a value for device€utOffFrequency f;pre is provided (se
e A.40), the value of contentLoudness is calculatéd as stated in step 3, but with a modifie
stment value AL,.:

[®FRre

max[20,min(500, fc,pre )]-20

— AL )]

DRC frame, the loudness normalization is then applied according to Table 31.

Table 31« Loudness normalization processing

if (targe
loudne

else {
loudng

}
if (loudn)|
loudng

LoudnessPresent) {
ssNormalizationGainDbF'targetLoudness - contentLoudness;

ssNormalizationGainDb = 0.0;
essNormalizationGainDbMaxPresent) {

ssNormalizationGainDb =
minfloeudnessNormalizationGainDb, loudnessNormalizationGainDbMax);

Yelse{

}
for (t=0;

audi

}

}

if (loudnecc]\anma]ivnfinn(‘:\inMnHiFir‘:)finnnhprncanf) {
gainNorm = pow(2.0, (loudnessNormalizationGainDb +

gainNorm = pow(2.0, loudnessNormalizationGainDb / 6);

for(c=0; c<nChannels; c++) {

loudnessNormalizationGainModificationDb) / 6);

t<drcFrameSize; t++) {

oSample[c][t] = gainNorm * audioSample[c][t];
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6.7 DRC in streaming scenarios

6.7.1 DRC configuration

The DRC configuration information is usually conveyed by the ISO Base Media File

Format

(ISO/IEC 14496-12) syntax. However, if a legacy streaming format such as ADTS is used to carry an
MPEG Audio stream that does not support the ISO base media file format, the configuration information
needs to be embedded in the audio stream. This can be achieved by sending uniDrcConfig() as part

of the uniDrc() payload in-stream. Whenever uniDrcConfig() is transmitted, then a loudnessl

han the DRC frame rate, presence flags are used to indicate when this information is availa
eceived loudnessInfoSet() and uniDrcConfig() payload must be decoded and processed. ) DR(
Uith configuration information should be synchronized with random access pointspof'the e
treaming format.

wn < = o

lease note that the full DRC information can only be decoded afternleudnessinfoSe
niDrcConfig() were received by the decoder. The repetition rate of uniDrdGonfig() determ
haximum decoding delay for a decoder that starts decoding the contentat.an arbitrary positi
tream. In such a scenario when the decoder receives uniDrc() but no unibfcConfig(), the deco
hute the audio output until uniDrcConfig() is available and the DRC information can be suc
ecoded and applied to the audio signal. However, if the uniDrcConfig() is not received within 2
ecoder shall disable any DRC- and loudness-related processingand un-mute the audio.

.o =5 U =5 <

]

y the uniDrcConfig() syntax, the in-stream syntax shall‘take precedence over the ISO base m
brmat syntax.

= o

(@)

.7.2  Error handling

F uniDrc() payloads are corrupted or lost:oiithe receiver side during DRC gain application,

ecoder shall replace missing DRC frames by artificial uniDrc() payloads with drcGainCoding}
‘simple” mode). If the last valid DRC gain was an attenuation gain, gainlnitialCode shall be s
ist valid DRC gain. If the last valid DRC gain was an amplification gain, gainlnitialCode shall

dB. The same applies for all DRC,channel groups and DRC bands. The described behaviour
epeated till the next valid uniDrc() payload is received. However, if a valid uniDrc() paylod
eceived within 2.5 s the decoder shall disable any DRC-and loudness-related processing unt
niDrc() payload is received!

| eriilion Hillee W« B ~vall cum WS © Pillaval

o

.8 DRC configuration changes during active processing

fter the DRC. fopl decoder is initialized and has started to process audio frames, there arg
vents that.cafitrigger a reconfiguration or an adjustment of parameters as summarized in |
Uhen certain values of the payload change with respect to the previous values.

< O

nfoSet()
er rate
le. Each
[ frames
mployed

t() and
ines the
bn of the
Her shall
ressfully
.5 s, the

F the DRC configuration information is both conveyed by<the ISO base media file format symtax and

edia file

the DRC
flode =0
bt to the
be set to
shall be
1d is not
] a valid

several
Fable 32
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Table 32 — Configuration changes for various events

Payload received Condition Result
loudnessinfoSet(), no|If different values in loudnessInfoSet() New selection of DRC set based on latest
uniDrcConfig() request. Reset of DRC tool if selected DRC

set changes. Update loudness normali-
zation gain

loudnessinfoSet(),|If same values in all fields of uniDrcConfig() but|New selection of DRC set based on latest
uniDrcConfig() different values in loudnessInfoSet() request. Reset of DRC tool if selected DRC

ol Tadatal < | H
St trmangtSoptatcToOuCtTIC S STIoT I aTy

zation gain

If different value in any field of uniDrcConfig() |Reset of DRC tool. New selection,ef DR(
set based on latest request

uniDrcly

terface() If different value in any field ignoring compress, | New selection of DRC set hased on lates
boost, and loudnessNormalizationGainModifica- | request. Reset of DRC toolifselected DR(
tionDb set changes.

=

If different values in compress, boost, or loud-|Update loudnes§ normalization gain,
nessNormalizationGainModificationDb fields but | compress, andboost values
same values in all remaining fields

ADRCt
the lates
gains ar
reset, it
signal, 1
new ong

pol decoder reset is associated with an initialization that discards‘the current state except fqr
t request in form of a uniDrcInterface() payload (see Annex. B).or equivalent and the last DRC
d loudness normalization values that were applied. When~the decoder is initialized after thie
lises the latest DRC request to select a DRC set. In order to’prevent discontinuities in the outpyt
near interpolation is applied to smoothly transition from the previous gain sequence to t

after reset. The interpolation starts at the minimum gain node of the received DRC fra

when t

normalifation gain is linearly interpolated during the first frame after reset. If the DRC set is applie
in a locdtion before or after downmix where no DRC*set was applied before reset, the gain value t
interpolpte from is set to 0 dB. Vice versa, if a DRC-set is not used anymore in a location where a DRC sd
has been used before, the gain value to interpolate to in the second frame is 0 dB.

If any o
interpol
fade-in ¢

If the co
interpol
does nof

An upd3
or boost
new val
in one |
needed

loudnes

e reset occurs and ends at the minimum gain nedé of the next frame. Similarly, the loudneg

~+ O w

f the active DRC sets during a DRE’set change includes a time-domain multi-band DRC, np
htion is applied. Instead, a fade-aut shall be applied to the audio signal before the reset and
fter the reset. The multi-band filter states are initialized with zero.

[Y)

hfiguration change includes’a target channel layout change or a target channel count change, n
htion is applied from-previous DRC gains nor from the previous normalization gain. The res¢
disrupt the outputandio signal.

- O

te of the loudfiess normalization gain, loudnessNormalizationGainModificationDb, compress$,
value does‘ot involve a reset. The compress and boost values are smoothly adjusted to the
ies by linear interpolation during one DRC frame. A loudness normalization gain adjustmerjt
DRC frame€ cannot be faster than + 40 dB/s with linear interpolation. If more frames arje
o reach the new gain value, a rate of + 40 dB/s is applied until the target value is reached. Thie
b nformalization gain is limited to a maximum value so that outputPeakLevelMax is not exceedef

(s Mo kY

(see 6.3.2

27207

In the IS

0 base media file format framework (see ISO/IEC 14496-12), the same rules apply. For instance,

if a LoudnessBox is received, the loudness normalization gain is updated and configuration changes can
trigger a reset as indicated in Table 32.
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7 Syntax

7.1 Syntax of DRC payload

Table 33 — Syntax of uniDrc() payload

ISO/IEC 23003-4:2015(E)

Syntax

No. of bits

Mnemonic

uniDrc()

}

loudnessinfoSet();

}

uniDrcGain();

]

uniDrcLoudnessInfoSetPresent;
if (uniDrcLoudnessIinfoSetPresent==1) {
uniDrcConfigPresent;

if (uniDrcConfigPresent==1) {
uniDrcConfig();

bslbf

bslbf

© ISO/IEC 2015 - All rights reserved

45


https://standardsiso.com/api/?name=3593136d40c0dfc1f8d855012357f0fe

ISO/IEC 23003-4:2015(E)

7.2 Syntax of DRC gain payload

Table 34 — Syntax of uniDrcGain() in-stream payload and for ISO/IEC 14496-12

Syntax No. of bits Mnemonic

uniDrcGain()

{

hDrcGainSequences = sequenceCount;
/* from drcCoefficientsUniDrc */

for (s=0; s<nDrcGainSequences; s++) {
if (gainCodingProfile[s]<3) {

drcGainSequence();

nniDrcGainExtPresent; 1 bslbf
f (uniDrcGainExtPresent==1) {

uniDrcGainExtension();

Table 35 — Syntax of uniDrcGainExtension() payload

Syntax No. of bits Mnemonic
uniDrcGpinExtension()
{
while (uniDrcGainExtType |=UNIDRCGAINEXT_TERM) { 4 uimsbf
extSizeBits = bitSizeLen +4; 3 uimsbf
extBitSize = bitSize +)1; extSizeBits uimsbf
switch (uniDreGainExtType) {
/* addfuture extensions here */
default:
for (i=0; i<extBitSize; i++) {
otherBit; 1 bslbf
}
}
}
}
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7.3 Syntax of static DRC payload
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Table 36 — Syntax of uniDrcConfig() payload

Syntax

No. of bits

Mnemonic

uniDrcConfig()

sampleRatePresent;

if (sampleRatePresent==1) {
bsSampleRate;

}

downmixInstructionsCount;

drcDescriptionBasicPresent;

if (drcDescriptionBasicPresent==1) {
drcCoefficientsBasicCount;
drcInstructionsBasicCount;

}else{
drcCoefficientsBasicCount = 0;
drclnstructionsBasicCount = 0;

}

drcCoefficientsUniDrcCount;

drcInstructionsUniDrcCount;

channelLayout();

for (i=0; ixdownmixInstructionsCountyi+) {
downmixInstructions(J;

}

for (i=0; i<drcCoefficientsBasicCount ; i++) {
drcCoefficientsBasic();

}

for (i=0; i<drelnstructionsBasicCount ; i++) {
dicInstructionsBasic();

}

for (1=0; i<drcCoefficientsUniDrcCount; i++) {

drcCoefficientsUniDrc();

}

18

bslbf

uimsbf

uimsbf
bslbf

uimsbf

uimsbf

uimsbf

uimsbf

for (i=0; i<drcInstructionsUniDrcCount; i++) {
drclnstructionsUniDrc();

}

uniDrcConfigExtPresent;

if (uniDrcConfigExtPresent==1) {

uniDrcConfigExtension();

bslbf
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Table 37 — Syntax of loudnessInfoSet() payload

f (loudnessinfoSetExtPresent==1) {

loudnessInfoSetExtension();

Syntax No. of bits Mnemonic
loudnessInfoSet()
{
loudnessinfoAlbumCount; uimsbf
loudnessinfoCount; uimsbf
for (i=0; i<loudnessInfoAlbumCount; i++) {
loudnessinfo();
for (i=0; i<loudnessIinfoCount; i++) {
loudnessinfo();
oudnessinfoSetExtPresent; 1 bslbf

Table 38 — Syntax of loudnessInfo() payload

Syntax No. of bits Mnemonic
loudness]nfo()
{
frcSetld; uimsbf
HdownmixId; uimsbf
samplePeakLevelPresent; bslbf
f (samplePeakLevelPresent==1) {
bsSamplePeakLevel; 12 uimsbf
fruePeakLevelPresent; 1 bslbf
f (truePeakLevelPrésent==1) {
bsTruePeakLevel; 12 uimsbf
medsurementSystem; 4 uimsbf
reliability; uimsbf
easurementCount; 4 uimsbf
for (i=0; ixmeasurementCount; i++) {
methodDefinition; 4 uimsbf
methodValue; 2..8 viclbf
measurementSystem; 4 uimsbf
reliability; 2 uimsbf
}
}
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Table 39 — Syntax of loudnessInfoSetExtension() payload

Syntax No. of bits Mnemonic
loudnessinfoSetExtension()
{
while (loudnessIinfoSetExtType = UNIDRCLOUDEXT_TERM) { 4 uimsbf
extSizeBits = bitSizeLen + 4; 4 uimsbf
extBitSize = bitSize + 1; extSizeBits uimsbf
switch (loudnessinfoSetExtType) {
/* add future extensions here */
default:
for (i=0; i<extBitSize; i++) {
otherBit; 1 bslbf
}
}
}
]
Table 40 — Syntax of channellayout() payload
Syntax No. of bits Mnemnmponic
hannelLayout()
baseChannelCount; uimsbf
layoutSignallingPresent; bslbf
if (layoutSignallingPresent==1)-{
definedLayout; 8 uimsbf
if (definedLayout==0) {
for (i=0; i<baseChannelCount; i++) {
speakerPosition; 7 uimsbf
}
¥
}
}
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Table 41 — Syntax of downmixInstructions() payload

Syntax No. of bits Mnemonic
downmixInstructions()
{
downmixlId; 7 uimsbf
targetChannelCount; 7 uimsbf
targetLayout; 8 uimsbf
downmixCoefficientsPresent; 1 bslbf
f (downmixCoefficientsPresent==1)
for (i=0; i<targetChannelCount; i++) {
for (j=0; j<baseChannelCount; j++) {
bsDownmixCoefficient; 4 bslbf
}
}
}
Table 42 — Syntax of in-stream drcCoefficientsBasic() payload
Syntax No. of bits Mnemonic
drcCoefflicientsBasic()
{
drcLocation; 4 uimsbf
drcCharacteristic; 7 uimsbf
}
Table 43 — Syntax of drcCoefficientsBasic() payload for ISO/IEC 14496-12
aligned(B) class DRCCoefficientsBasic extends FullBox(‘udc1’) {
/N copies of this box, one of these per DRC_location
bit(4) reserved =0;
signed int(5) DRC_lecation;
unsigned int(7) DRO_characteristic;
}
TFable 44 — Syntax of in-stream drcCoefficientsUniDrc() payload
Syntax No. of bits Mnemonic
drcCoeffictentstntDTIT()
{
drcLocation; 4 uimsbf
drcFrameSizePresent; 1 bslbf

if (drcFrameSizePresent==1) {

bsDrcFrameSize; 15 uimsbf
}
sequenceCount; 6 uimsbf

for (i=0; i<sequenceCount; i++) {
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Table 44 (continued)

Syntax No. of bits Mnemonic
gainCodingProfile; 2 uimsbf
gainlnterpolationType; 1 uimsbf
fullFrame; 1 uimsbf
timeAlignment; 1 uimsbf
timeDeltaMinPresent; 1 bslbf
if (timeDeltaMinPresent==1) {

bsTimeDeltaMin; 11 uimsbf
}
if (gainCodingProfile!=3) {
bandCount; 4 uimsbf
if (bandCount>1) {
drcBandType; 1 uimsbf
}
for (j=0; j<bandCount; j++) {
drcCharacteristic; 7 uimsbf
}
for (j=1; j<bandCount; j++) {
if (drcBandType==1) {
crossoverFreqlndex; 4 uimsbf
}else {
startSubBandIndex; 10 uimsbf
}
}
}
}
)
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Table 45 — Syntax of drcCoefficientsUniDrc() payload for ISO/IEC 14496-12

aligned(8) class DRCCoefficientsUniDrc extends FullBox(‘udc2’) {
// N copies of this box, one of these per DRC_location

bit(2) reserved = 0;
signed int(5) DRC_location;
bit(1) drc_frame_size_present;
if (drc_frame_size_present == 1) {

bit(1) reserved = 0;

unsigned int(15) bs_drc_frame_size;

bit(1) reserved =0;
nt(1l) delayMode;
insigned int(6) sequence_count;
for (sequence_index=1; sequence_index<=sequence_count; sequence_index++){
// each entry here in 1:1 correspondence with the
// gain coefficient sets (for the bands) in the given location
bit(2) reserved = 0;
unsigned int(2) gain_coding_profile;
unsigned int(1) gain_interpolation_type;
unsigned int(1) full_frame;
unsigned int(1) time_alignment;
bit(1) time_delta_min_present;
if (time_delta_min_present == 1) {
bit(5) reserved = 0;
unsigned int(11) bs_time_delta_min;

if (gain_coding_profile!=3) {
bit(3) reserved = 0;
unsigned int(4) band_count; // mustbe >=1
unsigned int(1) drc_band_type;
for (j = 1; j <= band_count; j++) {
bit(1) reserved = 0;
unsigned int(7) DRE_characteristic;
}
for (j = 2; j <= band_gotnt; j++){
if (drc_band.type ==1) {
bit(4) reserved =0;
unsigned int(4) crossover_freq_index;
} else){
bit(6) reserved = 0;
unsigned int(10) start_sub_band_index;
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Table 46 — Syntax of in-stream drcInstructionsBasic() payload

Syntax No. of bits Mnemonic
drclnstructionsBasic()
{
drcSetld; 6 uimsbf
drcLocation; 4 uimsbf
downmixlId; 7 uinasbf
additionalDownmixIdPresent; 1 bslbf
if (additionalDownmixIdPresent==1) {
additionalDownmixIdCount; 3 uimsbf
for (j=0; j<additionalDownmixIdCount; j++) {
additionalDownmixId; 7 uimsbf
}
}else {
additionalDownmixIdCount = 0;
}
drcSetEffect; 16 bslbf
if ((drcSetEffectand (3 < <10)) ==0){
limiterPeakTargetPresent; 1 bslbf
if (limiterPeakTargetPresent==1)¢
bsLimiterPeakTarget; 8 uimsbf
}
}
drcSetTargetLoudnessPresent; 1 bslbf
if (drcSetTargetLoudnessPresent==1) {
bsDrcSetTargetLoudnessValueUpper; 6 uimsbf
drcSetTargetLoudnessValueLowerPresent; 1 bslbf
if(dycSetTargetLoudnessValueLowerPresent==1) {
bsDrcSetTargetLoudnessValueLower; 6 uimsbf
}
¥
)
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Table 47 — Syntax of drcInstructionsBasic() payload for ISO/IEC 14496-12

aligned(8) class DRCInstructionsBasic extends FullBox(‘udil’) {
// N copies, one for each overall combination DRC that can be applied
bit(3) reserved = 0;
unsigned int(6) DRC_set_ID; // must be non-zero and unique
signed int(5) DRC_location;
unsigned int(7) downmix_ID;  //if 0 - to base
// if non-0, applies after downmix
// if 0x7f, applies before or after downmix unsigned int(3) additional_downmix_ID_count;
or {j=0;j<additiomat—downmixtD—count 777
bit(1) reserved = 0;
unsigned int(7) additional_downmix_ID;

bit(16) DRC_set_effect;
f ((DRC_set_effect & (3<<10)) ==0) {
bit(7) reserved = 0;
bit(1) limiter_peak_target_present;
if (limiter_peak_target_present == 1) {
unsigned int(8) bs_limiter_peak_target;
}

bit(7) reserved =0;

bit(1) DRC_set_target_loudness_present;

f (DRC_set_target_loudness_present==1) {
bit(4) reserved =0;
unsigned int(6) bs_DRC_set_target_loudness_value_upper;
unsigned int(6) bs_DRC_set_target_loudness_value lower;

Table 48 — Syntax of in-stream drcinstructionsUniDrc() payload

Syntax No. of bits Mnemonic
drcInstrjuctionsUniDrc()
{

drcSetld; 6 uimsbf
drcLocation; 4 uimsbf
downmixId; 7 uimsbf
hdditionalDownmixidPresent; 1 bslbf
f (additionalDownmixIdPresent==1) {

additionalDownmixIdCount; 3 uimsbf

for/j=0; j<additionalDownmixIdCount; j++) {

additionalDownmixId; 7 uimsbf

1
}else{

additionalDownmixIdCount = 0;
}
drcSetEffect; 16 bslbf
if ((drcSetEffect & (3<<10)) ==0) {

limiterPeakTargetPresent; 1 bslbf

if (limiterPeakTargetPresent==1) {

bsLimiterPeakTarget; 8 uimsbf
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Table 48 (continued)
Syntax No. of bits Mnemonic
}
}
drcSetTargetLoudnessPresent; 1 bslbf
if (drcSetTargetLoudnessPresent==1) {
bsDrcSetTargetLoudnessValueUpper; uimsbf
drcSetTargetLoudnessValueLowerPresent; 1 bslbf
if (drcSetTargetLoudnessValueLowerPresent==1) {
bsDrcSetTargetLoudnessValueLower; 6 uimsbf
}
}
dependsOnDrcSetPresent; 1 bslbf
if (dependsOnDrcSetPresent==1) {
dependsOnDrcSet; 6 uimsbf
Yelse {
nolndependentUse; 1 bslbf
}
channelCount = baseChannelCount;
if ((drcSetEffect & (3<<10)) !=0) {
for (i=0; i<channelCount; i++) {
bsSequencelndex; uimsbf
duckingScalingPresent; 1 bslbf
if (duckingScalinigPresent==1) {
bsDuckingScaling; 4 bslbf
}
repeatParameters; 1 bslbf
if (repeatParameters) {
bsRepeatParametersCount; 5 uimsbf
i =1+ repeatParametersCount;
}
}
Jelse {
if([downmixId!=0 && downmixId!=0x7F) {
channelCount = targetChannelCountFromDownmixId;
} else if (downmixId==0x7F) {
channelCount = 1;
}
for (i=0; i<channelCount; i++) {
bsSequencelndex; uimsbf
repeatSequencelndex; 1 bslbf
if (repeatSequencelndex) {
bsRepeatSequenceCount; 5 uimsbf

© ISO/IEC 2015 - All rights reserved

55


https://standardsiso.com/api/?name=3593136d40c0dfc1f8d855012357f0fe

ISO/IEC 23003-4:2015(E)

Table 48 (continued)

Syntax No. of bits Mnemonic

i =1+ repeatSequenceCount;

}
}
for (i=0; i<nDrcChannelGroups; i++) {
gainScalingPresent; 1 bslbf
if (gainScalingPresent==1) {
bsAttenuationScaling; 4 uimsbf
bsAmplificationScaling; 4 uimsbf
}
gainOffsetPresent; 1 bslbf
if (gainOffsetPresent==1) {
bsGainOffset; 6 bslbf
}
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Table 49 — Syntax of drcInstructionsUniDrc() payload for ISO/IEC 14496-12

aligned(8) class DRCInstructionsUniDrc extends FullBox(‘udi2’) {
// N copies, one for each overall combination DRC that can be applied
bit(3) reserved = 0;
unsigned int(6) DRC_set_ID; // must be non-zero and unique
signed int(5) DRC_location;
unsigned int(7) downmix_ID;  //if 0 - to base
// if non-0, applies after downmix
// if 0x7f, applies before or after downmix unsigned int(3) additional_downmix_ID_count;
for{7=0;j=additiomat—dowmnmix_D—count; 5+ <
bit(1) reserved = 0;
unsigned int(7) additional_downmix_ID;

unsigned int(16) DRC_set_effect;
if ((DRC_set_effect & (3<<10)) == 0) {
bit(7) reserved = 0;
bit(1) limiter_peak_target_present;
if (limiter_peak_target_present == 1) {
unsigned int(8) bs_limiter_peak_target;
}

}

bit(7) reserved = 0;

bit(1) DRC_set_target_loudness_present;

if (DRC_set_target_loudness_present==1) {
bit(4) reserved =0;
unsigned int(6) bs_DRC_set_target_loudness_walue_upper;
unsigned int(6) bs_DRC_set_target_loudness:value_lower;

}
bit(1) reserved = 0;
unsigned int(6) depends_on_DRC_set;
// if non-zero, must match a DRC.that must be applied before this one
// it must be examined to see if'that is before/after downmix
if (depends_on_DRC_set==0) {
bit(1) no_independent_use;
}else {
bit(1) reserved =0;
}

unsigned int(8) channellcount;
// if downm(ix) ID==0x7F, must be 1, and applies to all channels
// else mustimatch channel count of the signal
for (i=1; i<=channel_count; i++){
unsignied int (8) channel_group_index;
// 1-based channel_group_index for channel
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Table 49 (continued)
}

for (i=1; i<=channel_group_count; i++){
bit(2) reserved = 0;
unsigned int(6) bs_sequence_index;
// if 0, then this channel_group/object is not processed
// else 1-based index into the DRC sequence array for this location

}
if ((DRC_set_effe_ct & (3<<10)) = 0){

for (1. 3ol oo PEEZE PIE SN T A
for-{i=t-i<=channel-group—eotnt+{
bit(7) reserved = 0;
bit(1) ducking_scaling_present;
if (ducking_scaling_present==1) {
bit(4) reserved = 0;
bit(4) bs_ducking_scaling;
}
}

else {
for (i=1; i<=channel_group_count; i++) {
bit(7) reserved = 0;
bit(1) gain_scaling_present;
if (gain_scaling_present==1) {
unsigned int(4) bs_attenuation_scaling;
unsigned int(4) bs_amplification_scalinig;

bit(7) reserved = 0;

bit(1) gain_offset_present;

if (gain_offset_present==1) {
bit(2) reserved = 0;
bit(6) bs_gain_offset;

Table 50 — Syntax of uniDrcConfigExtension() payload

Syntax No. of bits Mnemonic
uniDrcCpnfigExtension()
{
while (uniDrcConfigExtType != UNIDRCCONFEXT TERM) { 4 uimsbf
extSizeBits = bitSizeLen + 4; 4 uimsbf
extBitSize = bitSize + 1; extSizeBits uimsbf
switch (uniDrcConfigExtType) {
/* add future extensions here */
default:
for (i=0; i<extBitSize; i++) {
otherBit; 1 bslbf
}
}
}
}
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Table 51 — Syntax of drcGainSequence() payload

Syntax

No. of bits Mnemonic

drcGainSequence()

{
for(b=0; b<nDrcBands[s]; b++) {

drcGainCodingMode(s|[b];

if (drcGainCodingMode(s][b] == 0) {
gainlnitialCode/s][b];
nNodes|s][b] = 1;

else {

k++;

while (endMarker([s][b][k-1] != 1);
nNodes[s][b] = k;
if (gainInterpolationType == 0) {

slopeCode[s}{b][k++];

}

if (fullFrame == Q) {
frameéEndFlag][s][b];

}

else {
frameEndFlag|[s][b] = 1;

¥

for (k=0; k<nNodes|[s][b]-1; k++) {
timeDeltaCode[s][b][K];

}

if (frameEndFlag|[s][b] == 0) {
k=nNodes[s][b]-1;
timeDeltaCode[s][b][K];

for (k=0; k<nNodes[s][b];k++) {

1 uimsbf

1.11 viclbf

1 uimsbf

1.9 viclbf

1 uimsbf

2..7+2 viclbf

2..2+2 viclbf

}

gainlnitialCode]s][b];

for (k=1; k<nNodes|s][b]; k++) {
gainDeltaCode[s][b][k-1];

1.11 viclbf

1.11 viclbf
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Annex A
(normative)

Tables

A1 CJ)ding of DRC gain values

Table A.1 — Coding of regular initial DRC gain values (gainCodingProfile == 0)

Encoding Size Mnemonic gainlnitial in [dB] Range

{1 bit, 8 bits} {uimsbf, uimsbf} _ o ~-3 -34.875...31.875 dB,
9pre(0)=(-1)" u2 0.125 dB step size

{o,u}

Table A.2 — Coding of initial DRC gain values for fading only (gainCodingProfile == 1)

Encoding Size Mnemonic gainlnitial irx[dB] Range
0 1 bit bslbf 0 0
{1 bit, 10 bits} {bslbf, uimsbf} R -3 -128...-0.125 dB|,
{Lﬂ} 9pre(0)=<(1 +1)2 0.125 dB step size

Taple A.3 — Coding of initial DRC gain values forelipping prevention and ducking only
(gainCodingProfile == 2)

Encoding Size Mnemonic gainlnitial in [dB] Range
0 1 bit bslbf 0 0
{1 bit, 8 bits} {bslbf, uimsbf} _ -3 -32..-0.125 dBj}
{Lﬂ} 9pre(0)=—(n+1)2 0.125 dB step size

Table A.4 — Coding of regular DRC gain differences (gainCodingProfile <[0,1])

Cpdeword size [bits] gainValueDelta gainDelta in [dB]
binary encoding
0x000 -2.0
9 0x039 -1.875
11 0x0E2 -1.750
11 0x0E3 -1.625
10 0x070 -1.500
10 0x1AC -1.375
10 0x1AD -1.250
9 0x0D5 -1.125
7 0x00F -1.000
7 0x034 -0.875
7 0x036 -0.750
6 0x019 -0.625
5 0x002 -0.500
5 0x00F -0.375
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Codeword size [bits]

gainValueDelta
binary encoding

gainDelta in [dB]

3 0x001 -0.250
2 0x003 -0.125
3 0x002 0.000
2 0x002 0.125
{ 0x018 0.250 R
« 0x006 0.375 R
T 0x037 0.500 ‘>"l/
$ 0x01D 0.625 Y
) 0x0D7 0750 O~
>4
) 0x0D4 0.875 . I/
0x00E 1.000
o
Table A.5 — Coding of DRC gain differences for clippin féevention and ducking onlly
(gainCodingProfile == 2 g\
Z
Codeword size [bits] gainValueDeltaQ\( gainDelta in [dB]
binary encode
] N
/ 0x06A oD -4.000
1 0x07A @ ) ~3.875
1 0x07B QY ~3.750
q . Q)"
) 0x1AD € -3.625
0 0x03C, O -3.500
) oxtA€ -3.375
) (ox1a6 ~3.250
) ‘§§ *[0x0CD -3.125
O |ox19E -3.000
A 0x19F -2.875
A4
) K 0x0CE -2.750
) e 4 0x1A7 ~2.625
) - 0x01F ~2.500
O 0x0CC ~2.375
8 (% 0x0D2 ~2.250
=N 0X0AB ~2.125
8 0x0AA -2.000
8 0x04F -1.875
7 0x054 -1.750
7 0x068 -1.625
7 0x026 -1.500
7 0x006 -1.375
6 0x02B -1.250
6 0x028 -1.125
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Table A.5 (continued)

Codeword size [bits] gainValueDelta gainDelta in [dB]
binary encoding
6 0x002 -1.000
5 0x011 -0.875
5 0x00E -0.750
4 0x00C -0.625
4 0x009 -0.500
4 0x005 -0.375
4 0x003 -0.250
3 0x007 -0.125
4 0x001 0.000
4 0x00B 0.125
5 0x005 0.250
5 0x004 0.375
5 0x008 0.500
5 0x000 0.625
5 0x00D 0.750
5 0x00F 0.875
5 0x010 1.000
5 0x01B 1.125
6 0x012 1.250
6 0x018 1.375
6 0x029 1.500
7 0x032 1.625
8 0x04E 1.750
8 0x0D7 1.875
8 0x00E 2.000

A.2 Coding of timed@ifferences

Table Al.6 — Coding-of time differences with nNodesMax = Nprc and Z = ceil(log2(2*nNodesMax))

Encoding Size Mnemonic Time difference Range
0x0 2 bits bslbf tDrcDelta=1 1
{0x1,u} {ZDits, Z bits;) {bsIbf, uImsb1 | TDrcDelta = i+2 2.5
{0x2,u} {2 bits, 3 bits} {bslbf, uimsbf} tDrcDelta = u+6 6..13
{0x3,u} {2 bits, Z bits} {bslbf, uimsbf} tDrcDelta = u+14 14..2*nNodesMax-1

A.3 Coding of slope steepness

62
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Table A.7 — Coding of slope steepness (gainInterpolationType == 0)

Codeword size [bits] Slope steepness Slope steepness
binary encoding

6 0x018 -3.0518

8 0x042 -1.2207

7 0x032 -0.4883

5 0x00A -0.1953

5 0x009 -0.0781

5 0x00D -0.0312

2 0x000 -0.0050

1 0x001 0:000

4 0x007 0.0050

5 0x00B 0.0312

6 0x011 0.0781

9 0x087 0.1953

9 0x086 0.4883

7 0x020 1.2207

7 0x033 3.0518

A.4 Coding of normalized crossover frequencies
Table A.8 — Coding of normalized crossover frequencies and associated filter coeffidient
parameters
crossoverFreqlndex feNorm Y g

0 2/1024 0.0000373252 0.99136003¢45
1 3/1024 0.0000836207 0.98706808B0
2 4/1024 0.0001480220 0.9827947083
3 5/1024 0.0002302960 0.97853982p3
4 6/1024 0.0003302134 0.97430335p7
5 2/256 0.0005820761 0.96588528P7
6 3/256 0.0012877837 0.94926629L6
7 2/128 0.0022515827 0.93293215p1
8 3/128 0.0049030350 0.90109585B5
9 2/64 0.0084426929 0.87033077P3
16 3764 8-0+78631928 6-81+18317459
11 2/32 0.0299545822 0.7570763753
12 3/32 0.0604985076 0.6574551915
13 2/16 0.0976310729 0.5690355937
14 3/16 0.1866943331 0.4181633458
15 2/8 0.2928932188 0.2928932188

A.5 Coding of DRC gain extension types
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Table A.9 — UniDrc gain extension types

Symbol Value of uniDrcGainExtType Purpose
UNIDRCGAINEXT TERM 0x0 Termination tag
(reserved) (All remaining values) For future use

A.6 Coding of static DRC payload

A.6.1 (oding of top level fields of uniDrcConfig() and loudnessInfoSet()

Table A.10 — Coding of top level fields of uniDrcConfig() and loudnessIinfoSet()

Field label Encoding Mnemonic | Decoded value Deseription
bsSampleRate uimsbf Audio sample rate in [HZ
b 18 bits Js = pu+1 000 b 1
downmifkInstructionsCount u uimsbf Np = Number of downmixInf
7 bits b=H stfuctions() blocks
drcCoeffjcientsBasicCount, drc- u uimsbf No= Number of drcCoefficientp
CoefficigntsUniDrcCount 3 bits C=H blocks
drclnstfuctionsBasicCount, u uimsbf A= Number of drcInstructionp
drcInstrjuctionsUniDrcCount 4/6 bits 1=K blocks
loudnesginfoAlbumCount u uimsbf Nia= Number of loudnessInfo(
6 bits La=H blocks for albums
loudnesgInfoCount u uimshf N = Number of loudnessInfo(
6 bits L=H blocks

A.6.2 (oding of loudnessIinfoSet extension-types

Table A.11 — loudnessInfoSet extension types

Symbol Value of loudnessinfoSetExtType Purpose
UNIDRCLOUDEXT_TERM 0x0 Termination tag
(reservedl) (All remaining values) For future use
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A.6.3 Coding of DRC configuration extension types

Table A.12 — UniDrc configuration extension types

Symbol Value of uniDrcConfigExtType Purpose
UNIDRCCONFEXT_TERM 0x0 Termination tag
frpcpr\mri) (A 1 remaining \mluac) For future use

=

A.6.4 Coding of metadata that appears in multiple logical blocks of uniDrcConfig(

Table A.13 — Coding of metadata that appears in multiple logical blocks

Metadata field Description
dlrcLocation See 6.1.2.3
tllrcSetId A unique number for each drclnstructions block:0%0 reserved.
tllependsOnDrcSet Same encoding as drcSetld.
(Ilownmixld Aunique number for each downmixInstruétions() block. 0x00 and 0x7F are eserved.

A value of 0x7F in drclnstructions indicates that the DRC set can be appli¢d to any
downmix or to the original channglNayout. In this case the DRC set must contain
a single DRC gain sequence that/is‘@pplied to all channels. A downmixId of zero
indicates that the DRC set is applied to the base layout. See also ISO/IEC 1#496-12.

A.6.5 Coded metadata in channelLayout()

Table A.14 — Coding/ef metadata in channelLayout()

Metadata field Description
baseChannelCount number ofchannels in the base layout / original audio input
(IlefinedLayout See ChannelConfiguration in ISO/IEC 23001-8 (CICP)
gpeakerPosition SeeOutputChannelPosition in ISO/IEC 23001-8 (CICP)

A.6.6 Coded metadata in downmixInstructions()

Table A.15 — Coding of metadata in downmixInstructions()

Metadatafield Description
flargetLayout See ChannelConfiguration in ISO/IEC 23001-8 (CICP)
IbsDowmnimixCoefficient See ISO/IEC 14496-12 (ISO base media file format)
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A.6.7 Coded metadata in drcCoefficientsBasic() and drcCoefficientsUniDrc()

Table A.16 — Coding of metadata in drcCoefficientsBasic() and drcCoefficientsUniDrc()

Metadata field Description

gainCodingProfile See Table A.18

gainIntegppelationType SeeTable-A10

fullFrame Avalue of 1 signals that the last node is always at the end of the frame. In low-delay
mode, it shall be 1.

timeAlignment A bit field that indicates whether the gain sample is aligned with the end)(0) or the
centre (1) of the deltaTmin interval.

delayMofde Abitfield thatindicates whether the received gains are applied immediately or with
a delay of one frame (see Table A.20).

bsTimeDeltaMin If present, this field indicates the custom time resolution ef'\a.DRC sequence whiclp
overrides the default deltaTmin value. The values are encodedaccording to Table A.21].

drcCharhjcteristic A value of 0 means that the DRC characteristic is undefined for a DRC sequencd.
Values > 11 are reserved. See ISO/IEC 23001-8 (CICR)

drcBand[Type A bit field, which signals if the “crossoverFreqlndex-syntax” (1) or the “startSub}

124

BandIndex-syntax” (0) should be used. If nrulti-band DRC gains are applied in th¢
time-domain by using the multi-band DRG{iltér bank like specified in 6.4.11, only th¢
“crossoverFreqindex-syntax” is allowed.Note that if the “startSubBandIndex-syntax|
is used, the frequency smoothing/fading with overlap weights according to Tabl¢

1y

24 is not applied.
crossovdrFreqlndex See Table A.8
startSuhjBandIndex zero-based sub-band indexdor an available sub-band domain. The field is used t

signal the start index for-a‘specific DRC band.

Table A.17 — €oding of bsDrcFrameSize field

Field Encoding Mnemonic drcFrameSize Range
bsDrcFrameSize u uimsbf Mpprc = u+1 DRC frame size in units of
15 bits audio sample intervald.
Range: 1...215

Table A.18 — Coding of gainCodingProfile field

Value Meaning

Regulargain coding

Fading gain coding

Clipping prevention and ducking gain coding

WIiIN | =[O

Constant gain (no gain sequence is transmitted)
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Table A.19 — Coding of gainInterpolationType field

Value Meaning
0 spline interpolation
linear interpolation
Tablc A.ZG - Cudiug Uf C'lt:la_yrv{udc fil:ld
Value Meaning
Regular delay (Gains are applied with a delay of one frame)
Low delay (Received gains are applied immediately)
Table A.21 — Coding of bsTimeDeltaMin field
Field Encoding Mnemonic timeDeltaMin Range
IbsTimeDeltaMin u uimsbf deltaTmin = u+1 deltaTmin inl units of
11 bits audio sample |ntervals.
Range: 1...211L
Table A.22 — Coding of drcCharacteristic field
[$ee 150/1EC 23001-8
Table A.23 — Coding of startSubBandIndex field
Field Encoding Mnemonic Decoded value Range
gtartSubBandIndex U Uimsbf startSubBandIndex =y |startSubBand|Index in
10 bits zero-based indices of

the sub-band
Range: 0...210

domain.
1
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A.6.8 Coded metadata in drcInstructionsBasic() and drcInstructionsUniDrc()

Table A.24 — Coding of metadata in drcInstructionsBasic() and drcInstructionsUniDrc()

Metadata field

Description

bsSequencelndex

A unique number which specifies which DRC sequence should be assigned to which
channel/object of the configuration specified in downmixId.

The reserved value 0x00 indicates that the assigned channel will not be processe(li
by the DRC tool.

All other values indicate the assigned DRC sequence index plus one.

Due to the reserved value, the number of DRC gain sequences in one Jgcation cannof
be more than 63.

Note that bsSequencelndex is effectively a 1-based index. The sequence indice}
(sequencelndex) used for processing are 0-based.

addition

hIDownmixIdCount

Number of additional downmixIds connected with ohe,PRC set. Note that onl)
one DRC channel group is allowed if an additional downmixId refers to a differenf
target channel layout than the first downmixId.

<

addition

hlDownmixId

Additional downmixId connected with a drcSetld. This field may be used to declar¢
additional target layouts for which one sihgle DRC set provides suitable gaing,
e.g. for clipping prevention of multiple target layouts with the same DRC set. Not
that only one DRC channel group is allowed if an additional downmixId refers t
a different target channel layout thanythe first downmixId.

o

bsRepeafSequenceCount

A field which declares that the eiirrent sequence index should be repeated fo
multiple channels. The assignient for-loop continues at position “i =i + repeatt
SequenceCount”. bsRepeatSequenceCount is encoded according to Table A.26. If &
sequence index should be¥epeated more than 32 times, bsSequencelndex has t
be signalled again.

=

bsRepeatParametersCount

A field similar to bsRepeatSequenceCount to indicate if the sequence index and the
duckingScalingfac¢tor should be repeated for multiple channels. bsRepeatParam}
etersCount i§ encoded according to Table A.26.

ness-Val

nolndeppndentUse A flag which signals that the DRC set can only be used in combination with anothef
DRC setyas indicated by the dependsOnDrcSet field.
bsDrcpetTargetLoud-|Afield which contains the upper limit of the target loudness of a DRC set. The defaulf

heUpper

value is 0 dB. The values are encoded according to Table A.31.

bsDrcSefTargetLoudness-Val~|'A field which contains the lower limit of the target loudness of a DRC set. The defaulf
ueLowe value is =63 dB. The values are encoded according to Table A.31.
Table A.25 — Coding of bsSequencelndex
Encoding Size Mnemonic sequencelndex Range
1 6 bits uimsbf u=1if u >0, else undefined 0...62

Table A.26 — Coding of bsRepeatParametersCount and bsRepeatSequenceCount field

Encoding Size Mnemonic repeatParametersCount, Range
repeatSequenceCount
u 5 bits uimsbf Ng = u+1 1..32

68
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Table A.27 — Coding of bsLimiterPeakTarget field

Encoding Size Mnemonic limiterPeakTarget in [dBFS] Range
u 8 bits uimsbf Lpr=-u2-3 -31.875 ... 0 dBFS,
0.125 dB step size
Table A.28 — Coding of bsDuckingScaling field
Encoding Size Mnemonic duckingScaling Range
{o,u} {1 bit, 3 bits} | {uimsbf, uimsbf} w=1+(=1)° (1+ )2 -3 1+ [Oéltig..s.lz]éOJZS

Table A.29 — Coding of bsAttenuationScaling and bsAmplificationScaling field

Encoding Size Mnemonic attenuationScaling, Range
amplificationScaling
u 4 bits uimsbf _ 2_3 0...1.875, 0.125
w=H step Jize
Table A.30 — Coding of bsGainOffset field
Encoding Size Mnemonic gainOffset in [dB] Range
o, 1 bit, 5 bits uimsbf, uimsbf -2 +[0.25...8], 0{25 ste
owd ) 4 N M g =07 2 10:25.8) 125 step

Table A.31 — Coding of bsDrcSetTargetLoudnessValueUpper/-Lower field

Encoding

Size

Mnemonic

drcSetTargetLoudnessValue in [dBFS]

Ranhge

u

6 bits

uimsbf

drcSetTargetLoudnessValue = u - 63

-63 .. dBFS, 1
dB step size
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Table A.32 — Coding of drcSetEffect field. A bit value of 1 indicates that the effect is present

bit position drcSetEffect Short name Description
1 (LSB) Late night “Night” For quiet environment, listening atlow level,
avoiding to disturb others.

2 Noisy environment “Noisy” Optimized to get the best experience in noisy
environments, for instance by amplifyin
soft sections.

3 Limited playback range |“Limited” Reduced dynamic range to improve quality
on playback devices with limited dynamif
range.

4 Low playback level “LowLevel” Listening at a low playback level.

Dialog enhancement “Dialog” The main effectis a more prominent dialogue
within the content.

6 General compression “General” A DRC effect that reduces the dynamic range
and is applicable\to multiple playback sce}
narios.

7 Dynamic expansion “Expand” Dynamicsienhancement.

8 Artistic effect “Artistic” To créate an artistic sound effect.

9 Clipping prevention “Clipping” The main purpose is clipping prevention.

1 Fade-in/fade-out “Fade” Fade-in and fade-out envelope for gaples}
content (applicable when not playing in Album
mode). It has no dynamic compression.

11 Ducking other “Duck other” An effect that attenuates all audio conten‘ﬁ
except for the channelGroup it is associate
with. It has no dynamic compression.

12 Ducking self “Duck selt” An effect that attenuates all channelGroup§
that it is associated with. It is identical t
“Ducking other”, however, it has the samg
channelGroup assignment as regular DR(
gains.

Remaining values are reserved
NOTE: Ay information on DRC sets with “Ducking” effect in this specification shall refer to both “Ducking other” angl
“Ducking|self” if not stated otherwise.
A.6.9 (oded metadata in loudnessinfo()
Table A.33 — Coding of bsSamplePeakLevel field
Enjceding Size Mnemonic samplePeakLevel in [dBFS] Approximate range
T 1t2bits Timsbf "undefined " if 1 =—0 =107 20,0-0312step size

L =
P | Ly, =20- p27>;else

Table A.34 — Coding of bsTruePeakLevel field (True Peakl4])

Encoding Size Mnemonic truePeakLevel in [dBTP] Approximate range

u 12 bits uimsbf

"undefined";if u==

L. =
P\ Ly, =20— p27selse

-107 ... 20,0.0312 step size
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Table A.35 — Coding of methodValue field

Encoding Format methodDefinition methodValue Approx. range
u 8 uimsbf 1,..5 _ -2 -57.75 ... 6,
L=-57.75+ p2 0.25 step size
. 1SeZ 8 uimsbf 6 See Table A.39 0..121
u 5 uimsbf 7 L=80+pu 80..111dB
u 2 uimsbf 8 0x0: "not indicated” n/a
0x1: "large room,
X curve monitor”[1]
0x2: "small room,
flat monitor”[1]
0x3: “reserved”
u 8 uimsbf 9 B 1 -116 ... 11}5 LKFS,
L=-116+p2 0.5 step sige

Table A.36 — Coding of methodDefinition field in [oudnessinfo()

Value Value type Meaning
n/a Unknown/other
Loudness program loudness (programfoudness as defined in ISO/IEC 23001-8)
) Loudness anchor loudness (anchorLoudness as defined in ISO/IEC 23001-8)
Loudness maximum of the range, i.e. the 95th percentile of the loudness disfribution
according to EBU R<128I8],[Z]
4 Loudness maximum momentary loudness, measured using a 0.4s window accqrding to
ITU-R BS.1771<1l5] or EBU R-128I8],[6]
Loudness maximumni.short-term loudness, measured using a 3s window accqgrding to
ITU-RBS.1771-1[5] or EBU R-128I8],[6]
( Loudness range loudness range derived from EBU R-128I[8],[7]
T Sound pressure level «|production mixing level measured according toll
8 Index production room type according tolll
9 Loudness Short-term loudness, measured using a 3s window according to ITU-R BS.]1771-1[5]
or EBU R-128I8] [6] The 3s window shall include the current DRC framie.

Remaining values are reserved

Table A.37 — Coding of measurementSystem field in loudnessinfo()

Value Meaning
0 Unknown/other
i EBU R-12818]
2 ITU-R BS.1770-3[4]
3 ITU-R BS.1770-3 with pre-processing. The pre-processor is a 4th order Link-
witz-Riley filter with a cutoff frequency of 500 Hz.
4 User
5 Expert/panel
6 ITU-R BS.1771-1[3]
7 (reserved, not permitted) Reserved Measurement System A (RMS_A)
8 (reserved, not permitted) Reserved Measurement System B (RMS_B)
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Table A.37 (continued)

Value Meaning

9 (reserved, not permitted) Reserved Measurement System C (RMS_C)

10 (reserved, not permitted) Reserved Measurement System D (RMS_D)

11 (reserved, not permitted) |Reserved Measurement System E (RMS_E)

Remaining values are reserved

Table A.38 — Coding of reliability field in loudnessInfo()

Value

Meaning

Reliability is unknown

Value is reported/imported but unverified

Value is a ‘not to exceed’ ceiling

W IN[=|O

Value is measured and accurate

Table A.39 — Coding algorithm for loudnessRange in)dB

method}

blse

falue(loudnessRange) {
if (lou¢lnessRange < 0.0f)

plse if(loudnessRange <= 32.0f)
blse if(loudnessRange <= 70.0f)

else if(loudnessRange < 121.0f)

return 0;

return (UInt8)(4.0f*loudnessRange + 0.5f);

return (UInt8)(2.0f*(loudnessRange - 32.0f) +@/5f) + 128;
return (UInt8)(loudnessRange - 70.0f) + 0u5f) + 204;

return 255;
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Table A.40 — Summary of all supported control parameters for loudness normalization

supplied by host
Identifier Default value Unit Description
targetLoudness - dB Desired output loudness
albumMode FALSE Boolean See 6.3.6
lotdrressBeviattonMax 63 a5 Permitted-deviationfronrthe exact

loudness normalization

lloudnessMeasurementMethod

Program Loudness

Requested method (seeTable 26)

loudnessMeasurementSystem

ITU-R BS.1770-3

Requested system|(sée Tabl¢ 27)

IloudnessMeasurementPreProc

No pre-processing -

Requested pré-processing (gee Table
28)

dleviceCutOffFrequency 20 Hz Lower,acoustic frequency limjt of play-
back’system response
loudnessNormalizationGainDbMax |oo dB Maximum permitted normalization
gain
loudnessNormalizationGainModifi- |0 dB Normalization gain modificgtion
ationDb
utputPeakLevelMax 0, (6,if peakLimiterPre- | dB Maximum permitted peak value
sent)
peakLimiterPresent FALSE Boolean Indicates if a peak limiter if present

in the playback chain

Table A.41 — Summary of all supportedeontrol parameters for dynamic range compre¢ssion

supplied by host
dentifier Default value Unit |Description
(IlynamicRangeMeasurement - - See Table 12
TynamicRangeMeasurementValue - dB The requested value correspopding to
dynamicRangeMeasurement
iynamicRangeMeasurementValueMin, - dB The requested range correspopnding to
ynamicRangeMeasurementValueMax dynamicRangeMeasurement
tllrcCharacteristic - - See Table E.4 and Table E.5
cllrcEffectType (desired/fallback) - - See Table 11
ompress 1 - Scaling factor for negative DRC gpins [dB]
boost 1 - Scaling factor for positive DRC ghins [dB]
(IlrcCharacteristicTarget 0 - Target DRC characteristic. See Table E.4
and Table E.5
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B1 D

This anpex describes a normative decoder interface to the DRC tool for external parameter dccess ip

various

— Con
allo

— Adjuystment of DRC tool parameters to changed playback conditions (e.g. switch from loudspeakgd

toh

— Renjote control of DRC tool from a different device than it is implemented on.

— Adjgstment of loudness normalization gain based on live measurements or other parameter|s
avallable at the decoder.

The syntax and semantics of the interface are defined in,B:2*and B.3, respectively. Decoders shall

support
support

Althoug

The synftax as defined in Table B.1 includes amoptional interface signature, which can be used fqr

various

— Allgw parameter changes only for authorized signatures.

— Allj: hardware related parameter changes only to specific signatures.

— Al

— Define priorities for ceftain signatures if contradicting parameters are received.

Annex B
(normative)

External Interface to DRC tool

pscription

hpplications. A non-exhaustive list of example use cases is listed below:

frol of DRC tool from a higher system layer (e.g. all kinds of graphical user interfaces, which
v manipulating the DRC effect, the target loudness or others).

—

padphone playback).

(i.e. parse) received interface streams and normatiyely act on them. In local environments, thie
of alternative interfaces is optionally permitted;

h the interface is optional, it is recommended-to use it whenever possible.

fasks. Some examples are listed below:

loudness related parameter changes only to specific signatures.

NOTE It is expected that a registration authority will maintain a list of values of thle
uniDrcInfterfaceSignatureDataType.
B.2 Syntax
Table B.T— Syntax of uniDrcInterface() paytoad
Syntax No. of bits Mnemonic
uniDrcInterface()
{
uniDrcInterfaceSignaturePresent; 1 bslbf
if (uniDrcInterfaceSignaturePresent == 1) {
uniDrcInterfaceSignatureType; 8 uimsbf
bsUniDrcInterfaceSignatureDataLength; 8 uimsbf
for (c = 0; c < bsUniDrcInterfaceSignatureDataLength+1; c++) {
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Syntax

No. of bits

Mnemonic

uniDrcInterfaceSignatureData|c];

}

systemInterfacePresent;

if (systemInterfacePresent == 1) {

8

uimsbf

bslbf

systemlInterface();

}

loudnessNormalizationControllnterfacePresent;

if (loudnessNormalizationControllnterfacePresent == 1) {
loudnessNormalizationControllnterface();

}

loudnessNormalizationParameterInterfacePresent;

if (loudnessNormalizationParameterinterfacePresent == 1) {
loudnessNormalizationParameterInterface();

}

dynamicRangeControllnterfacePresent;

If (dynamicRangeControllnterfacePresent == 1) {
dynamicRangeControllnterface();

}

dynamicRangeControlParameterInterfacePresent;

If (dynamicRangeControlParameterlnterfacePresent == 1) {
dynamicRangeControlPdrameterinterface();

}

uniDrcInterfaceExtensionPresent;

if (uniDrcInterfaceE&tehsionPresent == 1) {

uniDrclnterfaceExtension();

bslbf

bslbf

bslbf

bslbf

bslbf
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Table B.2 — Syntax of systemInterface() payload

Syntax No. of bits Mnemonic
systemlInterface()
{
targetConfigRequestType; 2 uimsbf
f (targetConfigRequestType == 0) {
numDownmixIdRequests; 4 uimsbf
for (d = 0; d < numDownmixIdRequests; d++) {
downmixIdRequested|[d]; 7 uimsbf
}
else if (targetConfigRequestType == 1) {
targetLayoutRequested; 8 uimsbf
else if (targetConfigRequestType == 2) {
bsTargetChannelCountRequested; 7 uimsbf
}
Table B.3 — Syntax of loudnessNormalizationControllnterface() payload
Syntax No. of bits Mnemonic
loudnesgNormalizationControllnterface()
{
oudnessNormalizationOn; 1 bslbf
f (loudnessNormalizationOn == 1) {
targetLoudness; 12 uimsbf
}

Table B.4 — Syntax of loudnessNormalizationParameterInterface() payload

Syntax No. of bits Mnemonic

loudnesgNormaliZationParameterinterface()

{
hlbumMode; 1 bslbf
peakLimiterPresent; 1 bslbf
changeLoudnessDeviationMax; 1 bslbf

if (changeLoudnessDeviationMax == 1) {

loudnessDeviationMax; 6 uimsbf
}
changeLoudnessMeasurementMethod; 1 bslbf
if (changeLoudnessMeasurementMethod == 1) {

loudnessMeasurementMethod; 3 uimsbf

76 © ISO/IEC 2015 - All rights reserved


https://standardsiso.com/api/?name=3593136d40c0dfc1f8d855012357f0fe

ISO/IEC 23003-4:2015(E)

Table B.4 (continued)
Syntax No. of bits Mnemonic
changeLoudnessMeasurementSystem; 1 bslbf
if (changeLoudnessMeasurementSystem == 1) {
loudnessMeasurementSystem; 4 uimsbf
}
changelLoudnessMeasurementPreProc; 1 bslbf
if (changeLoudnessMeasurementPreProc == 1) {
loudnessMeasurementPreProc; 2 uimsbf
}
changeDeviceCutOffFrequency; 1 bslbf
if (changeDeviceCutOffFrequency == 1) {
deviceCutOffFrequency; 6 uimsbf
}
changeLoudnessNormalizationGainDbMax; 1 bslbf
if (changeLoudnessNormalizationGainDbMax == 1) {
loudnessNormalizationGainDbMax; 6 uimsbf
}
changeLoudnessNormalizationGainModificationDb; 1 bslbf
if (changeLoudnessNormalizationGainModificatiopnDb == 1) {
loudnessNormalizationGainModificationDb; 10 uimsbf
}
changeOutputPeakLevelMax; 1 bslbf
if (changeOutputPeakLevelMax'==1) {
outputPeakLevelMax; 6 uimsbf
}
}
Table-B.5 — Syntax of dynamicRangeControllnterface() payload
Syntax No. of bits Mnemonic
dlynamicRangeControllnterface()
dynamicRangeControlOn; 1 bslbf
if (dynamicRangeControlOn == 1) {
numDrcFeatureRequests; 3 uimsbf
for (i = 0; i < numDrcFeatureRequests; i++) {
drcFeatureRequestTypeli]; 2 uimsbf
switch (drcFeatureRequestTypeli]) {
case 0:
numDrcEffectTypeRequests; 4 uimsbf
numDrcEffectTypeRequestsDesired; 4 uimsbf
for (j = 0; j < numDrcEffectTypeRequests; j++) {
drcEffectTypeRequest[i][j]; 4 uimsbf
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Table B.5 (continued)

Syntax No. of bits Mnemonic
}
break;
case 1:
dynRangeMeasurementRequestTypeli]; 2 uimsbf
dynRangeRequestedIsRangeli]; 1 bslbf
if (dynRangeRequestedIsRange[i] == 0) {
dynamicRangeRequestValue; 8 uimsbf
}else{
dynamicRangeRequestValueMin[i]; 8 uimsbf
dynamicRangeRequestValueMax[i]; 8 uimsbf
}
break;
case 2:
drcCharacteristicRequest[i]; 7 uimsbf
break;
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Table B.6 — Syntax of dynamicRangeControlParameterInterface() payload

Syntax No. of bits Mnemonic

dynamicRangeControlParameterinterface()

{
changeCompress; 1 bslbf
changeBoost; 1 bslbf
if (changeCompress == 1) {
compress; 8 uimsbf]|
}
if (changeBoost == 1) {
boost; 8 uimsbf]
}
changeDrcCharacteristicTarget; 1 bslbf

if (changeDrcCharacteristicTarget == 1) {

drcCharacteristicTarget; 8 uimsbf]

)

Table B.7 — Syntax of uniDrcInterfaceExtension() payload

Syntax No. of bits = Mngmonic
yniDrcInterfaceExtension()
while (uniDrcInterfaceExtType!=UNIDRCINTERFACEEXT TERM) { 4 uimsbf
extSizeBits = bitSizeLen+ 4; 4 uim§sbf
extBitSize = bitSize +'1; extSizeBits uim§bf

switch (uniDrclnterfaceExtType) {

/* ddd future extensions here */

default:
for (i=0; i<extBitSize; i++) {
otherBit; 1 bslbjf
}
}
¥

}
B.3 Semantics
B.3.1 Semantics of uniDrcInterface()
uniDrcInterfaceSignatureDataType This field defines the type of signature. The following values

are possible:
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Table B.8 — Coding of uniDrcInterfaceSignatureDataType field

Value Meaning
0 Generic String in UTF-8 according to ISO/IEC 10646
1-127 Reserved for ISO use
128-255 Reserved for use outside of ISO scope

bsUniDrcInterfaceSignatureDataLengthThis field defines the length of the following interface signature

in Bvtes minus one

uniDrcllnterfaceSignatureData

This field defines a signature, which, e.g. contains the origing
tor of the interface data if uniDrcInterfaceSignatureDataTyp
is setto 0.

B.3.2 $emantics of systemInterface()

targetCpnfigRequestType

[¢)

This field contains the requested target configuration typ|
according to Table B.9.

Table B.9 — Coding of targetConfigRequestType field

Value Meaning
0 downmixId or downmix IDist request
1 target layout tequest
2 target channel,count request
3 Feserved

numDownmixIdRequests

downmjfxIdRequested

targetLpyoutRequested

bsTargé¢tChannelCountRequested

This field ¢ontains the number of downmixId requests. The
field can take values between 0 and 15.

This,field contains a requested downmixId.

This field contains a requested target layout according to ISO
IEC 23001-8.

This field contains a requested target channel count. The val-
ues are encoded according to Table B.10.

Table B.10 — Coding of bsTargetChannelCountRequested field

Encofing Size Mnemonic | targetChannelCountRequested Range

U 7 bits uimsbf

N = p+l 1..128

B.3.3 S$emantics of loudnessNormalizationControllnterface()

loudnessNormalizationOn

targetLoudness

80

This flag signals if loudness normalization processing should
be switched on or off. If loudnessNormalizationOn == 0, loud-
nessNormalizationGainDb shall be set to 0 dB.

This field contains the desired output loudness. The values are
encoded according to Table B.11.
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Table B.11 — Coding of targetLoudness field

015(E)

Encoding Size Mnemonic Value in [LKFS] Approximate range

u 12 bits uimsbf -128...0dB, 0.0312

size

Ly =—p2™°

dB step

B.3.4 Semantics of loudnessNormalizationParameterInterface()

albumMode This flag signals if the playback system is in album mode, which
—H@MVWMWFWk. In
album mode, the same loudness normalization is doné-fpr all
songs/items of an album and not independently for_each single
song/item. The default value is FALSE.

peakLimiterPresent This flag signals if a peak limiter is present at’the end of the
processing chain. This field may be alsouséd to signal that an
available peak limiter is switched on or.off. The default value is
FALSE.

dhangeLoudnessDeviationMax This flag signals that the defatlt value of loudnessDevidtion-
Max should be changed.

IpudnessDeviationMax This field contains a changed value for loudnessDeviatipnMax.
The values are encodéd according to Table B.12. The default
value is 63 dB.

Table B.12 — Coding of loadnessDeviationMax field
Encoding Size Mnemonic Value in [LKFS] Range
u 6 bits uimsbf loudnessDeviationMax = y 0 ...63 dB, 1 dB stg¢p size
dhangeLoudnessMeasurement- This flag signals that the default value of loudnessMeasurement-

NMethod Method should be changed.

lpudnessMeasurementMethod This field contains a changed loudness measurement method

according to Table 26. The default value is 0.
dhangeLoudnessMeasurementSys- This flag signals that the default value of loudnessMeasufement-
tem System should be changed.

IpudnessMeasurementSystem This field contains a changed loudness measurement sysfem

according to Table 27. The default value is 0.
dhangel.oudnessMeasurementPre- This flag signals that the default value of loudnessMeasutement-

Rro¢ PreProc should be changed.

loudnessMeasurementPreProc

changeDeviceCutOffFrequency

cessing according to Table 28. The default value is 0.

should be changed.

deviceCutOffFrequency This field contains a changed deviceCutOffFrequency acc

to Table B.13. The default value is 20 Hz. This value is lim

This field contains a changed loudness measurement pre-pro-

This flag signals that the default value of deviceCutOffFrequency

ording
ited to

[20, 500] and it will be used to interpolate loudness values be-

tween loudness measurement pre-processing type 0 and
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Table B.13 — Coding of deviceCutOffFrequency field

Encoding Size Mnemonic Value in [Hz] Range
K 6 bits uimsbf | deviceCutOffFreq = max(min(u10,500),20) | 20 ..500Hz,
10 Hz step size

changeLoudnessNormalization-  This flag signals that the default value of loudnessNormalization-
GainDbMax GainDbMazx should be changed.

loudne

sNormalizationGainDbMaxThis field contains a r‘hnngpd value for londnessNormalization-

GainDbMax. The values are encoded according to Table B.14. Thg
default value is plus infinity.

Table B.14 — Coding of loudnessNormalizationGainDbMax field

Encod

ing Size Mnemonic Value in [dB] Range

6 bits uimsbf -1, s 0’... +inf dB, 0.5 dB
p275 i <08 step size
oo; else

loudNormGainDbMax = {

changel

GainModificationDb GainModificationDb should be.changed.

loudnes

ficationDb GainModificationDb. Thealues are encoded according to Table

LoudnessNormalization- This flag signals that the default value of loudnessNormalizatior

sNormalizationGainModi- This field contains a changed Value for loudnessNormalization-

B.15. The default value'is’0 dB.

Table B.15 — Coding of loudnessNormalizationGainModificationDb field

Encodling Size Mnemonic Value in [dB] Approximate range
u 10 bits uimsbf loadNormGainModDb = —16 + ,u2’5 -16 ... 16 dB, 9.0312
dB step size
changeQutputPeakLevelMax This flag signals that the default value of outputPeakLevelMax
should be changed.
outputHeakLevelMax This field contains a changed value for outputPeakLevelMax. The
values are encoded according to Table B.16. The default value is P
dB. If peakLimiterPresent = = 1, the default value is 6 dB.
Table B.16 — Coding of outputPeakLevelMax field
Encofing Size Mnemonic Value in [dBFS] Range
U 6 bits uimsbf outputPeakLevelMaX _ ,UZ_] 0..31.5 dBES, 0.5dB
step size
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B.3.5 Semantics of dynamicRangeControllnterface()

dynamicRangeControlOn

numDrcFeatureRequests

This flag signals if dynamic range control process

ing

should be switched on or off. If dynamicRangeContro-
10n == 0, any selected DRC set shall not be applied except

for fading or ducking.

This field contains the number of feature requests to the

dynamic range control system. The field can take
between Qand 7

values

drcFeatureRequestType

numDrcEffectTypeRequests

=

umDrcEffectTypeRequestsDesired

o

rcEffectTypeRequest

dynRangeMeasurementRequestType

o

ynRangeRequestedIsRange

dynamicRangeRequestValue

o

ynamicRangeRequestValueMin

o

ynamicRangeRequestValueMax

drcCharacteristicRequest

This field contains the requested dynamic rangeg
feature type according to Table 10.

This field contains the total number of réquested

ontrol

dynam-

ic range control effect types. The field-can take vallues

between 0 and 15.

This field contains the number-of requested dyna
range control effect types,\which are desired and
fallback requests. The/field can take values betwe]
and 15.

This field contains the requested dynamic range g
effect type according to Table 11.

This field.contains the requested dynamic range i
urement type according to Table 12.

This flag signals if the requested dynamic range i
tied as range (0) or as single value (1).

mic
not
en 0

ontrol

neas-

5 speci-

This field contains a requested dynamic range value. The

values are encoded according to methodDefinitio
Table A.35.

This field contains the lower boundary of a reque
dynamic range. The values are encoded according
methodDefinition #6 in Table A.35.

This field contains the upper boundary of a reque
dynamic range. The values are encoded according
methodDefinition #6 in Table A.35.

This field contains the requested dynamic range
characteristic used on encoder side according to [
IEC 23001-8.

N #6 in

bted
to

sted
to

ontrol
SO/
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B.3.6 Semantics of dynamicRangeControlParameterInterface()

changeCompress

compress

changeBoost

boost

This flag signals that the default value for compress
should be changed.

This field contains a scaling factor for negative DRC
gains [dB]. The default value is 1. The values are en-
coded according to Table B.17.

This flag signals that the default value for boost

Table B.17 — Coding of compress and boost field

should be changed.

This field contains a scaling factor for positive\DRC
gains [dB]. The default value is 1. The value$are en-
coded according to Table B.17.

Encodling Size

Mnemonic

Value Approximate
range

8 bits

uimsbf

scalingFactor = {

0.0 ...1.0,0.0039
step size

1—p2 b yifyr < 255

0.0; else

changel

drcChaj

B.3.7

DrcCharacteristicTarget

racteristicTarget

semantics of uniDrcInterfaceExtension()

Table B.18— UniDrc interface extension types

This flag signals that the default value for drcCharact
teristicTarget'should be changed.

This field contains a target DRC characteristic index
which can be used for the mapping of DRC gains (see
6:4:6). The default value is 0 (no mapping). The val-
ues are encoded according to ISO/IEC 23001-8.

Symbol Value of uniDrcInterfaceExtType Purpose
UNIDRC|NTERFACEEXT_TERM\_/| 0x0 Termination tag
(reserved)) (All remaining values) For future use

84
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Annex C
(informative)

Audio codec specific information

(.1 Introduction

]

F applicable, audio codec specific information for the DRC tool is included in the'corres
judio codec standard. For example, this information can include the location of the DRC pay

ny configuration that differs from the default. The following summarizes ascmuch codec
nformation as was available during the editing period of this standard. Pleaser'efer to the lateg
tandards for up-to-date specifications.

wn —-

(.2 AAC

(.2.1 DRC metadata extension for AAC

1

or AAC (ISO/IEC 14496-3) the DRC data uniDrc() is carried\yin an extension payload in a Fill
The extension type ID is given in Table C.1.

Table C.1 — Definition of new extension_type for AAC

ponding
oad and
specific
st codec

Element.

Symbol Value of extension type (binary) Purpose

EXT_UNIDRC 0100 Unified DRC

(.2.2 Delay mode for AAC
AAC uses the default delay mode.

(.2.3 DRC frame size and‘time resolution for AAC

—

he value of deltgTmin in number of samples at the audio rate is calculated as specified in 6.4.3
alues are provided here for convenience based on the following formula:

<

deltaTmin-= 2M

—]

he applicable exponent M is found by looking up the audio sample rate range that fulfils:

The DRC frame size has.the default size, i.e. it has the same time duration as the AAC frame sizq.
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