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(57) Abstract: Provided is a decoder device for decoding a bitstream so as to produce therefrom an audio output signal, the bit -
stream comprising audio data and optionally loudness metadata containing a reference loudness value, the decoder device compris -
ing: an audio decoder device configured to reconstruct an audio signal from the audio data; and a signal processor configured to pro -
duce the audio output signal based on the audio signal; wherein the signal processor comprises a gain control device configured to
adjust a level of the audio output signal; wherein the gain control device comprises a reference loudness decoder configured to create
a loudness value, wherein the loudness value is the reference loudness value in case that the reference loudness value (4) is present
in the bitstream; wherein the gain control device comprises a gain calculator configured to calculate a gain value based on the loud -
ness value and based on a volume control value, which is provided by an external user interface allowing a user to control the
volume control value; wherein the gain control device comprises a loudness processor configured to control the loudness of the au-
dio output signal based on the gain value.
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Method and apparatus for normalized audio playback of media with and

without embedded loudness metadata on new media devices

Description

The invention relates to the control of the loudness of audio, video, and mul-
timedia content played back in digital form on electronic reproduction devic-
es, specifically but not exclusively to the control of the playback loudness
with content that is prepared both with and without embedded loudness

metadata as commonly occurs in new media devices.

In the production and transmission of music, video, and other multimedia
content, the process of loudness normalization is carried out to ensure that
the consumer hears the audio signal with an appropriate loudness from song
to song or program to program. Since the early days of recording and films,
this has been done during the production process or through reproduction
standards for theaters. The common practice today in the music and radio
broadcasting industries is to adjust the loudness to a value near the maxi-
mum peak level of the medium, while the practice in the film or television in-
dustries is to use one of several standard loudness levels that may be 20 to
31 dB below the maximum peak level. In the era before media convergence,
this was unnoticed by consumers as separate devices or volume settings

were used to playback each type of content.

With the advent of mobile devices such as mobile phones or portable media
players that are intended to playback both music and film content, this differ-
ence in production practices leads to loudness differences that may be as
much as 30 dB, if the content is transmitted to the device without modifica-
tion. This can lead to movies that are too quiet, or music that is too loud,

when switching from one type of content to another.
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A related trend is the increase in loudness of many genres of recorded music
through the use of strong dynamic range compression, limiting, and clipping
during the mastering of a recording. Such mastering is done considering only
lossless recording media such as Compact Discs, though the majority of mu-
sic sold today is in lossy data-compressed formats such as MPEG AAC and
MP3. The data compression process may introduce changes in the time-
domain waveform reconstructed in the decoder during playback that cause
overshoots in the waveform above the full-scale limits or maximum peak val-
ue of the signal. In a fixed-point decoder (or saturating floating-point decoder)
typically used in mobile devices, this can lead to clipping of the overshoot to
the full-scale limit, causing additional audible clipping in the reproduced sig-

nal.

This strong compression and clipping of music is done in some cases for ar-
tistic purposes, but is more commonly done either as an attempt to increase
the commercial appeal of a recording by making it “sound louder” than oth-

ers, or to provide content that can be understood in all listening circumstanc-

es, such as in airports or noisy places as well as quiet environments.

In the film and video industries, wide audio dynamic range is used in some
genres for dramatic effect and to create a more engaging experience. When
conveyed to a consumer through the Dolby Digital or MPEG-4 AAC codecs,
audio dynamic range control metadata is often included to allow the dynamic
range to be optionally reduced at the receiver or player for cases where there

is a noisy environment or where loud scenes would be too disturbing.

The traditional metadata included in DVD or BluRay content encoded with
Dolby Digital or transmitted in TV signals encoded with Dolby Digital (stand-
ardized in Advanced Television Systems Committee, Inc. Audio Compression
Standard A/52) or MPEG-4 AAC (standardized in ISO/IEC 14496-3 and ETSI
TS 101 154) includes the following components:
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1. A single, static metadata value indicating the overall long-term inte-
grated loudness of the program, termed program reference level in the
MPEG standards.

2. Static metadata values for downmix gains used to control the down-
mixing of multi-channel content for output through a stereo or monophonic

device.

3. Two sets of dynamic range control gains or scaling factors, sent for
each data-compressed bitstream frame for a plurality of frequency bands or
regions in the audio signal. One is used for “light” compression in the industry
vernacular and the other for “heavy” compression. The use of these light and
heavy DRC values is typically tied to operation at decoder loudness target
levels established for the operating modes “Line Mode” and “RF Mode”. The
naming conventions and operation points for these modes were established
in the early days of digital media when it might have been necessary to con-
vert digital audio to analog signals sent over baseband cables to line inputs
on a succeeding device or transmitted over an RF carrier to an analog televi-

sion set.

The use of this metadata allows the reproduction to be tailored to the listen-
ing environment in a non-destructive manner during playback. The same
stream or file may be played back with a different set of metadata, or no
metadata used at all, to produce a different dynamic range. Unlike the use of
a compressor that resides solely in the playback device, dynamic range con-
trol using metadata allows monitoring and control of the nature of the com-

pression by creative artists during the production process, if desired.

Unfortunately, dynamic range control metadata as commonly implemented in
lossy codecs such as MPEG AAC or the Dolby Digital family cannot com-
press a signal strongly enough to match the loudness of contemporary mu-

sic, as the metadata affects the average power of the signal (potentially in
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several frequency bands) on an audio compression frame basis, with com-
mon frame periods of 20-40 ms. This frame-by-frame gain control is not quick
enough to reduce the peak to average ratio of the signal to that of highly pro-

cessed contemporary music.

The approach taken by Wolters et al as described in [5] to solve this problem
is to employ an audio limiter following the decoder in a playback device to
increase the average loudness. This will solve the loudness matching issue,
so that music and film content have equal loudness, but has several disad-
vantages. When a consumer is playing content in a quiet environment, per-
haps with the mobile device connected to speakers in a quiet room or using
headphones or earphones with strong acoustic isolation, the film content will
be undesirably compressed as strongly as the music. Also, the limiter intro-

duces additional workload on the device CPU or DSP, shortening battery life.

A different approach is described by Camerer et al in [6] which proposes en-
coding a loudness measurement such as described in ITU Standard
BS.1770-2 as metadata in music files and normalizing the playback of each
file to a target level set by the device's volume control. This builds upon pre-
vious systems of music loudness normalization such as SoundCheck
(www.apple.com) and ReplayGain (www.replaygain.org), which have been
optional features of some music players such as the iPod. In their approach,
they advocate mandating loudness normalization as on by default; however,
they do not specify what is to happen when a user turns off the loudness
normalization, or more importantly, what happens when content which has
not been encoded with loudness metadata is played back. Their assumption
is that all content will be analyzed by the playback device or by a secure
trusted distributor such as iTunes before playback. Additionally, there is no
provision for adjusting the overall dynamic range of the content to tailor it to

the listening environment.
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Therefore, it is an object of the invention to provide a unified approach to the
problem of normalizing playback loudness of both film/video style content,
with potentially wide dynamic range and possible embedded loudness
metadata, and music or radio/podcast content, with potentially extremely nar-
row dynamic range and strong compression, limiting, and clipping, potential-
ly, but likely not containing embedded loudness metadata, due to the vast

amount of prior music content already held or exchanged by consumers.

It is another object of this invention to allow the dynamic range of content
containing dynamic range control metadata to be adjusted to the consumer’s

listening environment or taste.

A further object of this invention is to prevent potential clipping in lossy data-
compression audio decoders, such as an AAC, MP3, or Dolby Digital decod-
er, caused by the changes in signal components introduced by the data

Compression process.

A further object of this invention is to provide a mild incentive for the music
recording industry to abandon pursuit of ever-stronger dynamic range com-

pression, limiting, and clipping in their content.

Still another object of this invention is to limit the additional workload on the

device CPU or DSP caused by loudness processing or clipping prevention.

One embodiment of the invention includes a decoder device for decoding a
bitstream so as to produce therefrom an audio output signal, the bitstream
comprising audio data and optionally loudness metadata containing a refer-

ence loudness value, the decoder device comprising:

an audio decoder device configured to reconstruct an audio signal from the

audio data; and
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a signal processor configured to produce the audio output signal based on

the audio signal;

wherein the signal processor comprises a gain control device configured to

adjust a level of the audio output signal;

wherein the gain control device comprises a reference loudness decoder
configured to create a loudness value, wherein the loudness value is the ref-
erence loudness value in case that the reference loudness value is present in

the bitstream:

wherein the gain control device comprises a gain calculator configured to
calculate a gain value based on the loudness value and based on a volume
control value, which is provided by an user interface allowing a user to con-

trol the volume control value;

wherein the gain control device comprises a loudness processor configured

to control the loudness of the audio output signal based on the gain value.

The audio decoder device may be any device which is capable of recon-
structing an audio signal from the audio data of the compressed bitstream.
The signal processor may be any device which is able to produce the audio
output signal when the audio signal from the audio decoder device is set to it
and which has a gain control device as explained below. The gain control
device is a device which is set up to control the loudness of the audio output

signal.

The reference loudness decoder is configured to decode loudness metadata
contained in the bitstream. If the loudness metadata contain a reference
loudness value, the reference loudness decoder outputs just this reference

loudness value as a loudness value.
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The gain calculator is a device for calculating a gain value which is based on
the loudness value outputted by the reference loudness decoder and a vol-
ume control value set by a user of the decoder device. For setting the volume
control value any user interface may be used. The gain calculator in particu-

lar may be a subtractor.

The loudness processor is capable of controlling the loudness level of the
audio output signal based on the gain value provided by the gain calculator.

The loudness processor may be in particular a multiplier.

Unlike a traditional compressed decoder device, such as a Dolby Digital or
AAC decoder device, used in portable devices or in consumer electronic
equipment, a compressed decoder device is operated with a variable gain
value or decoder target threshold value (corresponding to the decoded level
of a full-scale bitstream) which is controlled by the user’s volume control. This
allows the decoder device to normally operate well below the maximum full-
scale range of the device’s digital audio system. Such operation avoids the
possibility of clipping decoder overshoots and allows the loudness normaliza-
tion of film-style content without heavy dynamic range compression and limit-
ing to that of music content with heavy compression and limiting, without fur-
ther compression or limiting of the film-style content, as is normally required.
The invention performs this normalization without reducing the dynamic

range of content solely for the purpose of loudness matching.

In a preferred embodiment of the invention the loudness value is a preset
loudness value in case that the reference loudness value is not present in the
bitstream. These features allow a high quality playback of bit streams having

no loudness metadata.

In a preferred embodiment of the invention the preset loudness value is set to
a value between -4 dB and -10 dB, in particular between-6 dB and -8 dB, ref-

erenced to a full-scale amplitude. Empirical studies of contemporary music
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show that the observed upper limit of loudness for music content that is in-
tended for full-scale playback is about -7 dB. Hence, preset loudness values
as claimed provide an optimized mode for playbacking bit streams having no

loudness metadata.

in a preferred embodiment of the invention the signal processor comprises a
dynamic range control device configured to adjust a dynamic range of the

audio output signal,

wherein the dynamic range control device comprises a dynamic range control
switch configured to derive at least one dynamic range control value from the
loudness metadata and to output alternatively one of the derived dynamic

range control values or a preset dynamic range control value,

wherein the dynamic range control device comprises a dynamic range calcu-
lator configured to calculate a dynamic range value based on the dynamic

range control value outputted by the dynamic range control switch and based
on a compression control value, which is provided by an user interface allow-

ing a user to control the compression control value;

wherein the dynamic range control device comprises a dynamic range pro-
cessor configured to control the dynamic range of the audio output signal

based on the dynamic range value.

The dynamic range control device comprises a dynamic range control switch
which is configured to decode the loudness metadata of the bitstream in such
way that at least one dynamic range control value may be derived. Typically
the dynamic range control switch is configured in such way that one dynamic
range control value for light dynamic range control and another dynamic
range control value for heavy dynamic range control may be derived. The
dynamic range control switch may output one of these derive dynamic range

control values or a preset dynamic range control value alternatively. The dy-
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namic range control switch may be controlled automatically, for example de-
pending on the subsequent equipment using the audio output signal, or man-
ually by a user action. The preset dynamic range control value may be set for

example to 0 dB.

The dynamic range control device may comprise a dynamic range calculator
which is capable of calculating a dynamic range value based on the dynamic
range control value outputted by the dynamic range control switch and based
on a compression control value, which is provided by an user interface allow-
ing a user to control the compression control value. The dynamic range cal-

culator may in particular be a multiplier.

Furthermore, a dynamic range processor is foreseen which is capable of con-
trolling the dynamic range of the audio output signal based on the dynamic
range value. By these features the playback of the bitstream may be adapted

through the listening environment and/or to the listeners taste.

According to preferred embodiment of the invention the signal processor
comprises a limiter device configured to limit an amplitude of the output audio
signal, wherein the limiter device comprises a limiter component having a
limiter and a control component configured to control the limiter component,
wherein a processed audio signal, which is derived from the audio signal by
being processed at least by the gain control device, is inputted to the limiter
component, and wherein the audio output signal is outputted from the limiter

component.

The limiter device provides limiting for the purpose of decoder overshoot
clipping prevention, volume limiting for hearing loss prevention or user pref-
erence, and artistic compression to allow reversible generation of content
with peak limiting when needed due to the listening environment or user

taste.
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According to a preferred embodiment of the invention the control component
is configured to control the limiter component depending on a bit rate of the
bitstream. The likelihood of decoder overshoot clipping increases when the
bit rate is lowered. Therefore, decoder overshoot clipping prevention is en-
hanced when the limiter component is controlled depending on the bit rate of

the bitstream.

According to a preferred embodiment of the invention the control component
is configured to control the limiter component depending on a compression
efficiency of the audio decoder device. The compression efficiency of an au-
dio encoder device producing the bitstream and at the same time of the audio
decoder device decoding the bitstream describes how much the data quantity
is reduced when encoding the original audio data in order to produce the bit-
stream. As more as the data quantity is reduced the likelihood of decoder
overshoot clipping increases. Hence, decoder overshoot clipping prevention
is enhanced when the limiter component is controlied depending on the com-

pression efficiency of the audio decoder device.

According to a preferred embodiment of the invention the control component
is configured to control the limiter component depending on a true peak value
transmitted in the loudness metadata of the bitstream and indicating a maxi-
mum peak level of an audio source converted to the bitstream by an external
encoder. The use of this true peak value allows the computation of a more
accurate value for the maximum possible peak level of the audio output sig-

nal.

According to a preferred embodiment of the invention the control component
is configured to control the limiter component depending on the gain value of
the gain control device. The maximum possible peak level of the audio output
signal is determined in this sub-case by the gain value of the gain control de-
vice. If said value is 0 dB, the decoder device is operating at its full-scale lim-

its as commanded by the maximum setting of volume control value. As said
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volume control value is reduced, the decoder device will operate such that
full-scale bitstream values reach only the maximum level set by the gain val-

ue of the gain control device.

According to a preferred embodiment of the invention the control component
is configured to control the limiter component depending on a volume limit
value set by the user or manufacturer in order to prevent hearing damage. By

these features hearing damages may be avoided efficiently.

According to a preferred embodiment of the invention the control component
is configured to control the limiter component depending on artistic limiter
parameters transmitted in the loudness metadata of the bitstream and indi-
cating artistic limiter threshold values, artistic limiter attack time values and/or
artistic limiter release time values. These features allow the operation of the
limiter device to be under the creative control of the artist or content creator.
The dynamic range control values contained in the loudness metadata dis-
cussed previously allow the overall dynamic range of the content to be tai-
lored to the listening environment through the use of compression gains that
act with typical time constants of 100 ms to 3 seconds. In challenging listen-
ing environments, compression of the audio signal with these time constants
may not produce a signal with sufficient loudness for intelligibility or enjoy-
ment without unpleasantly high peak levels. There is also the possibility that
music creators, who have traditionally produced only a highly compressed
“crushed” mix, may desire to use the flexibility of this invention to produce
both a “crushed” mix and an “uncrushed” mix with less limiting and compres-
sion, so that consumers may hear the “uncrushed” version in quiet environ-

ments or when desired,

According to a preferred embodiment of the invention the control component
is configured to control the limiter component continually or repeatedly.

These features allow variable controlled of the limiter component over time.
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According to preferred embodiment of the invention the limiter device is con-
figured to bypass the limiter by way of a bypass device having a transfer
function which is, regarding a gain and a delay, similar to a transfer function
of the limiter. By these features the work load of the signal processor may be

reduced significantly.

One embodiment of the invention includes a system comprising a decoder

and an encoder, wherein the decoder is designed as claimed.

One embodiment of the invention includes a method of decoding a bitstream
so as to produce therefrom an audio output signal, the bitstream comprising
audio data and optionally loudness metadata containing a reference loud-

ness value, the method comprising the steps:

reconstructing an audio signal from the audio data using an audio decoder

device; and

producing the audio output signal based on the audio signal using a signal

processor;

wherein a loudness level of the audio output signal is adjusted using a gain

control device comprised by the signal processor;

wherein a loudness value is created by a reference loudness decoder com-
prised by the gain control device, wherein the loudness value is the reference
loudness value in case that the reference loudness value is present in the

bitstream;

wherein a gain value is calculated based on the loudness value and based
on a volume control value, which is provided by an user interface allowing a
user to control the volume control value, by a gain calculator comprised by

the gain control device;
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wherein the loudness level of the audio output signal is controlled based on

the gain value by a loudness processor comprised by the gain control device.

One embodiment of the invention includes a computer program for perform-

ing, when running on a computer or a processor, the method as claimed

herein.

Preferred embodiments of the invention are subsequently discussed with re-

spect to the accompanying drawings, in which:

Fig. 1

Fig. 2

Fig. 3

Fig. 4

Fig. 5

shows a block diagram of an existing prior art data-compressed
audio decoder with loudness metadata support, such as speci-
fied by ISO/IEC 14496-3 and ETSI TS 101 154, as integrated
into a typical mobile phone, tablet computer, or portable media

player;

shows an embodiment of a decoder with a data-compressed
audio decoder device and an optional audio limiter according to
the invention, which is suitable for integration into a typical mo-

bile phone, tablet computer, or portable media player;

shows an empirically derived function of the possible additional
clipping due to the overshoot of the reconstructed signal wave-

form in an AAC-LC stereo decoder versus the bitstream bit rate;

shows a block diagram of a preferred embodiment of the op-

tional limiter device according to the invention; and

shows a block diagram of a preferred embodiment of the op-
tional limiter device operating in an artistic limiting mode ac-

cording to the invention.
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As an aid to understanding the operation of the invention, the operation of an
existing prior art metadata-enabled data-compressed decoder device 21,
such as specified by ISO/IEC 14496-3 and ETSI TS 101 154, as integrated
into a typical mobile phone, tablet computer, or portable media player, is pre-
sented in Fig. 1. A compressed audio bitstream 1 may include both the com-
pressed audio essence data 2 and the loudness metadata 3. The decoder
device 21 comprises an audio decoder device 9 configured to reconstruct an
audio signal 8 from the audio data 2; and a signal processor 26 configured to
produce the audio output signal 18 based on the audio signal 8. The loud-
ness metadata 3 include a reference loudness value 4 for the overall inte-
grated loudness of the entire file, program, song, or album, known as the
program reference level in ISO/IEC 14496-3. This reference loudness value 4
may be transmitted in the bitstream 1 once per file or at a repetition rate suf-
ficient to allow a broadcast bitstream 1 to be joined while the program is in
progress. This reverence loudness value 4 is compared to a fixed decoder
target level value, which is provided by a static target level provider 17, by
gain calculator 16, which is designed as subtractor 16. The output of the gain
calculator 16 is the difference in loudness between the incoming bitstream 1
and the desired target level. This is applied to loudness processor 15, which
is designed as a multiplier 15, to adjust the level of the audio output signal 18

so that the target long-term loudness for the song or program is attained.

Dynamic range control switch 12 allows the application of either light dynamic
range control values 6, as typically used in “Line Mode” or heavy dynamic
range control values 7, as typically used in “RF Mode”, or none at all. These
values 6, 7 are sent for each data-compressed bitstream frame for a plurality
of frequency bands or regions in the bitstream 1 and applied to a dynamic
range processor 13, which is designed as a multiplier 13, to change the out-
put level of the audio decoder device 9 so that the short-term (on the order of
seconds) loudness of the audio output signal 18 is compressed according to

the desired dynamic range. Typically, the decoder target level provided by



10

15

20

25

30

WO 2014/114781 PCT/EP2014/051484

15

the static target letter provider 17 is also adjusted with the selection of 12 to -
20 dB for RF Mode and -31 dB for Line Mode. The operation of the dynamic
range control values 6 and/or 7 are usually pre-computed so that any in-
crease in level created by the operation of multiplier 16 in combination with
multiplier 13 is controlled such that clipping at the audio output signal 18 is

prevented.

The metadata 3 also contain downmix gain values 5 which are used to adjust
the mixing of the channels of multi-channel content (such as a 5.1 channel
surround program) into a stereo or mono output when needed. As the inven-
tion may be applied to bitstream 1 containing any number of channels, this

feature is not discussed further.

Importantly, if there is no reference loudness value 4 present in a given bit-
stream 1, the loudness value 31 outputted by the reference loudness decod-
er 10 is set equal to the decoder target level outputted by the static target
level provider 17 so that there is no gain adjustment of the audio output sig-
nal 18, and the decoder device 21 operates as a simple decoder device with
its output range equal to the full-scale dynamic range of the audio output sig-
nal 18.

The output of the audio decoder 21 is then typically supplied to a system au-
dio mixer 23 where the audio output signal 18 is combined with user interface
sounds (Ul sounds), ringing tones or other audio signals 22 so that a mixed
audio signal 19 is created. The overall volume is controlled by volume control
value 20. The operation of the audio signal mixer 23 may include secondary
volume controls for adjusting the relative levels of each type of audio signal
or changing their amplitude depending on the device’s mode of operation,
which are not pertinent to understanding the operation of the invention. What
is important is that the audio output signal 18 of the decoder device 21 is typ-
ically scaled so that a full-scale output signal corresponds to a maximum

fixed-point or nominal full-scale (typically in the range -1.0 to 1.0) floating
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point value. With heavily compressed audio data, as is typical for contempo-
rary music, the decoder output signal 18 will have peaks that approach its full
scale values when listening at nominal listening levels. Thus a 0 dB FS (ref-
erenced to the full-scale amplitude of the audio output signal) full-scale peak
on audio output signal 18 will be attenuated in the system audio mixer 23 and
correspond to a sound pressure level (SPL) at the listener’s ears of perhaps

75 dB SPL when listening in a quiet environment.

Fig. 2 depicts a decoder device 41 for decoding a bitstream 1 so as to pro-
duce therefrom an audio output signal 42, the bitstream 1 comprising audio
data 2 and optionally loudness metadata 3 containing a reference loudness

value 4, the decoder device 41 comprising:

an audio decoder device 9 configured to reconstruct an audio signal 8 from

the audio data 2; and

a signal processor 27 configured to produce the audio output signal 42 based

on the audio signal 8;

wherein the signal processor 27 comprises a gain control device 10, 15, 28

configured to adjust a level of the audio output signal 42;

wherein the gain control device 10, 15, 28 comprises a reference loudness
decoder 10 configured to create a loudness value 37, wherein the loudness
value 37 is the reference loudness value 4 in case that the reference loud-

ness value 4 is present in the bitstream 1;

wherein the gain control device 10,15, 28 comprises a gain calculator 28
configured to calculate a gain value 33 based on the loudness value 37 and
based on a volume control value 20, which is provided by an user interface

allowing a user to control the volume control value 20;
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wherein the gain control device 10, 15, 28 comprises a loudness processor
28 configured to control the loudness of the audio output signal 42 based on

the gain value 33.

The audio decoder device @ may be any device 9 which is capable of recon-
structing an audio signal 8 from the audio data 2 of the compressed bitstream
1. The signal processor 37 may be any device 37 which is able to produce
the audio output signal 42 when the audio signal 8 from the audio decoder
device 9 is fed to it and which has a gain control device 10, 15, 28 as ex-
plained below. The gain control device10, 15, 28 is a device which is set up

to control the loudness of the audio output signal 42.

The reference loudness decoder 10 is configured to decode loudness
metadata 3 contained in the bitstream 1. If the loudness metadata 3 contain a
reference loudness value 4, the reference loudness decoder 10 outputs just

this reference loudness value 4 as a loudness value 37.

The gain calculator 28 is a device for calculating a gain value 33 which is
based on the loudness value 37 outputted by the reference loudness decoder
10 and a volume control value 20 set by a user of the decoder device41. For
setting the volume control value 20 any user interface may be used. The gain

calculator 28 in particular may be a subtractor 28.

The loudness processor 15 is capable of controlling the loudness level of the
audio output signal 42 based on the gain value 33 provided by the gain cal-

culator 28. The loudness processor 15 may be in particular a multiplier 15.

Unlike a traditional compressed decoder device 21, such as a Dolby Digital
or AAC decoder device, used in portable devices or in consumer electronic
equipment, the compressed decoder device 41 is operated with a variable
gain value 33 or decoder target threshold value 33 (corresponding to the de-

coded level of a full-scale bitstream) which is controlled by the user’s volume
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control. This allows the decoder device41 to normally operate well below the
maximum full-scale range of the device’s digital audio system. Such opera-
tion avoids the possibility of clipping decoder overshoots and allows the
loudness normalization of film-style content without heavy dynamic range
compression and limiting to that of music content with heavy compression
and limiting, without further compression or limiting of the film-style content,
as is normally required. The invention performs this normalization without
reducing the dynamic range of content solely for the purpose of loudness

matching.

In a preferred embodiment of the invention the loudness value 37 is a preset
loudness value 37 in case that the reference loudness value 4 is not present
in the bitstream 1. These features allow a high quality playback of bitstreams

1 having no loudness metadata 3.

In a preferred embodiment of the invention the preset loudness value 37 is
set to a value between -4 dB and -10 dB, in particular between-6 dB and -8
dB, referenced to a full-scale amplitude. Empirical studies of contemporary
music show that the observed upper limit of loudness for music content that
is intended for full-scale playback is about -7 dB. Hence, preset loudness
values 37 as claimed provide an optimized mode for playbacking bitstreams

having no suitable loudness metadata 3.

In a preferred embodiment of the invention the signal processor 27 compris-
es a dynamic range control device 12, 13, 14 configured to adjust a dynamic

range of the audio output signal 42,

wherein the dynamic range control device 12, 13, 14 comprises a dynamic
range control switch 12 configured to derive at least one dynamic range con-
trol value 6, 7 from the loudness metadata 3 and to output alternatively one
of the derived dynamic range control values 6, 7 or a preset dynamic range

control value 43,
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wherein the dynamic range control device 12, 13, 14 comprises a dynamic
range calculator 14 configured to calculate a dynamic range value 44 based
on the dynamic range control value 6, 7, 43 outputted by the dynamic range
control switch 12 and based on a compression control value 25, which is pro-
vided by an user interface allowing a user to control the compression control

value 25;

wherein the dynamic range control device 12, 13, 14 comprises a dynamic
range processor 13 configured to control the dynamic range of the audio out-

put signal 42 based on the dynamic range value 44.

The dynamic range control device 12, 13, 14 comprises a dynamic range
control switch 12 which is configured to decode the loudness metadata 3 of
the bitstream 1 in such way that at least one dynamic range control value 6, 7
may be derived. Typically the dynamic range control switch 12 is configured
in such way that one dynamic range control value 6 for light dynamic range
control and another dynamic range control value 7 for heavy dynamic range
control may be derived. The dynamic range control switch 12 may output one
of these derive dynamic range control values 6, 7 or a preset dynamic range
control value 43 alternatively. The dynamic range control switch 12 may be
controlled automatically, for example depending on the subsequent equip-
ment using the audio output signal 42, or manually by a user action. The pre-

set dynamic range control value may be set for example to 0 dB.

The dynamic range control device 12, 13, 14 may comprise a dynamic range
calculator 14 which is capable of calculating a dynamic range value 44 based
on the dynamic range control value 6, 7, 43 outputted by the dynamic range
control switch 12 and based on a compression control value 25, which is pro-
vided by an user interface allowing a user to control the compression control
value 25. The dynamic range calculator 14 may in particular be a multiplier
14.
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Furthermore, a dynamic range processor 13 is foreseen which is capable of
controlling the dynamic range of the audio output signal 42 based on the dy-
namic range value 44. By these features the playback of the bitstream 1 may

be adapted through the listening environment and/or to the listeners taste.

Fig. 2 shows the operation of a preferred embodiment of the invention as
contained in an improved audio decoder 41. The incoming audio bitstream 1
consists of audio essence data 2 and optional loudness metadata 3 contain-
ing the aforementioned standard metadata values for program reference lev-
el 4, downmix gains 5, light DRC values 6 and heavy DRC values 7. The
metadata 3 may also include artistic limiter parameters 32 and true peak val-

ues 36 which are used in an optional embodiment.

In contrast to the operation previously described in Fig.1, the loudness value
37 outputted by the reference loudness decoder 10 is compared to the vol-
ume control value 20 of the volume control so that the multiplier 15 is used to
adjust the audio output signal 42 of the decoder device 41 to the desired lis-
tening level. Said audio output signal 41 is then added to the loudness ad-
justed supplementary audio signal 24 of the system audio mixer 23 to form
the mixed audio signal 29 sent to succeeding audio post-processing func-
tions in the device or directly to the digital to analog converter (DAC) and
therefrom to loudspeakers, or to an digital output of the device, such as
would commonly occur when the device is connected to other equipment
through HDMI, MHL, S/PDIF, AES, TosLink, AirPlay, or other wired or wire-

less digital interface standards.

Importantly, the audio output signal 42 in this invention is not typically oper-
ated at full-scale values. 0 dB FS of the audio output signal 42 now corre-
sponds to the maximum sound pressure level possible with the decoder de-
vice 41 and, depending on the connected earphones, speakers, or other

transducers, perhaps to the range of 110-120 dB SPL with typical earphones.



10

15

20

25

30

WO 2014/114781 PCT/EP2014/051484

21

If there is no value 4 present in a given bitstream 1, the loudness value 37 is
set to a level of -7 dB FS. Empirical studies of contemporary music (such as
in [5]) show this is the observed upper limit of loudness for music content that
is intended for full-scale playback. This provides a mild incentive for music
creators and distributors to prepare versions of their content without heavy
limiting, compression, or clipping for distribution to devices or distribution
ecosystems that utilize this invention, as their content will then be distributed
with loudness metadata 3 that will enable their content to be reproduced as

loud or louder than a traditional “crushed” version of the content.

As in the prior art decoder of Fig. 1, the dynamic range control switch 12
again allows selection of no dynamic range modification, or the application of
either the light dynamic range control value 6 or the heavy dynamic range
control value 7. For example, in a mobile phone the light dynamic range con-
trol value 6 may be applied when the phone is connected to an external au-
dio system over HDMI and the heavy dynamic range control value 7may be
applied when the headphone jack is used. These dynamic range control val-
ues (or a static preset dynamic range control value 43, which may be set to
zero, if there is no dynamic range control applied, are then fed to multiplier 14
which scales the dynamic range control values in accordance with a new us-
er compression control value 25 which varies over a 0 to 1 range. Compres-
sion control value 25 allows the dynamic range control values 6, 7, 43 to be
scaled such that a variable amount of dynamic range compression may be
applied to the audio output signal 42, independent of the listening level. The
value of compression control value 25 may be obtained from a user-interface
control element in the decoder device 41, from presets corresponding to
modes of the device 41 or its location or configuration, from estimates of am-
bient noise obtained by the decoder device 41, from empirically obtained
functions of overall volume setting or output level, or through other means.
The output 44 of the multiplier 14 containing the scaled dynamic range con-

trol values is then applied to the multiplier 13 in the usual manner, with multi-
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plier 13 modifying the loudness of the audio signal 8 of audio decoder device
9 for further modification by the multiplier 15. The processed audio signal 35
outputted by multiplier 15 (or in other embodiments outputted by the multipli-
er 13) is connected to the limiter device 30 of an optional embodiment ex-

plained below, or directly used as the audio output signal 42.

It will be understood by those skilled in the art that there may be a need for a
offset or scaling of the volume control value 20 either in the system audio
mixer 23 or the subtractor 28 so that the volume of the mixed audio signal 29

tracks in loudness with the loudness adjusted supplementary audio signal 24.

In prior approaches to matching loudness of content of various genres, such
as in [5], a limiter was employed in the signal chain following the core audio
decoder and application of dynamic range control metadata in order to limit
the signal peaks and thus increase the average level of the signal without
clipping. Such a limiter should operate in a manner that limits the signal
peaks in a “soft” manner by varying the signal gain as the signal waveform
approaches or exceeds a threshold value, as opposed to a “hard” limiter or
clipper that simply implements a mathematical saturation at a threshold level,
to avoid introducing audible artifacts into the signal. Such soft limiters are
computationally expensive, potentially consuming 10-30 % of the workload

incurred by the decoder device.

In contrast, the present invention does not require a limiter for control of the
peak to average ratio of the audio output signal 42 for the purpose of loud-
ness matching, but may include the optional limiter device 30 for the purpos-
es of protection against clipping, for limiting to avoid hearing damage, and for
limiting for artistic effect or compression increase. A particular decoder de-
vice 41 may be equipped with the limiter device 30 for any or all of these pur-
poses with varying costs of implementation, or the limiter device 30 may be

simply omitted. Each of these cases is explained below.
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In considering the case of clipping protection, two sub-cases of signals must
be considered: Some bitstreams 1 may not contain any metadata 3, such as
legacy music content already present on the user’s device which has not
been analyzed for loudness or dynamic range. In this sub-case, the multiplier
13 is not active, and the multiplier 15 provides a maximum gain of unity at the
highest volume control setting. Thus, the only potential for clipping is the
possibility of data-compression induced overshoots in the signal waveform.
The amount of potential overshoot possible with ordinary signals may be em-
pirically determined for a compression codec within a confidence interval as a
function of the bits per sample per channel or similar metric of compression
ratio. A typical empirically determined clipping prediction function 56 for AAC
LC stereo bitstreams is shown in Fig. 3. It should be understood by those
skilled in the art that other methods, empirical, analytic, or iterative, may be

used to determine or predict the amount of clipping that may be present.

According to preferred embodiment of the invention shown in Figs. 4 and 5
the signal processor 27 comprises a limiter device 30 configured to limit an
amplitude of the output audio signal 42, wherein the limiter device 30 com-
prises a limiter component 62 having a limiter 51 and a control component 63
configured to control the limiter component 62, wherein a processed audio
signal 35, which is derived from the audio signal 8 by being processed at
least by the gain control device 10, 15, 28, is inputted to the limiter compo-
nent 62, and wherein the audio output signal 42 is outputted from the limiter

component 62.

The limiter device 30 provides limiting for the purpose of decoder overshoot
clipping prevention, volume limiting for hearing loss prevention or user pref-
erence, and artistic compression to allow reversible generation of content
with peak limiting when needed due to the listening environment or user

faste.
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The limiter 51 is controlled by internal signals or supplied peak level or artistic
metadata, which provides limiting for the purpose of decoder overshoot clip-
ping prevention, volume limiting for hearing loss prevention or user prefer-
ence, and artistic compression to allow reversible generation of content with

peak limiting when needed due to the listening environment or user taste.

Limiter 51 is ideally an efficient, non-clipping, look-ahead limiter such as
commonly used for digital audio mastering and known to those skilled in the
art. For example, it may be an implementation such as described in [8]. Al-
ternatively, if clipping protection is not a desired feature, but volume limiting
is, a hard clipper with threshold set by the output of 58 may substituted and

the compensating buffer 53 removed or shortened.

According to a preferred embodiment of the invention shown in Fig. 4 the
control component 63 is configured to control the limiter component 62 de-
pending on a bit rate of the bitstream 1. The likelihood of decoder overshoot
clipping increases when the bit rate is lowered. Therefore, decoder overshoot
clipping prevention is enhanced when the limiter component 62 is controlled

depending on the bit rate of the bitstream 1.

In a preferred embodiment of this optional feature, the bit rate value 34 of the
bitstream 1 being decoded by the audio decoder device 9 is input to a clip-
ping prediction device 54, which comprises a clipping prediction function 56
implemented in logic statements or gates, as a look-up table, or by other
techniques of implementing a function of at least one variable as will be
known to those skilled in the art. The output of the function 56 is fed through
a minimum function 59, similarly implemented, which selects the lesser of its
two inputs, to comparator 55. We consider here that the volume limit feature
described below is not active and the switch 58 outputs a value correspond-
ing to 0 dB FS (full scale) thus that the minimum function 59 is always con-
trolled by the output of the clipping prediction function 56. In this manner

comparator 55 compares the output of the clipping protection function 56 to
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the maximum possible peak level of the processed audio signal 35 to deter-
mine if it is necessary to engage the limiter 51 via limiter switch 52 to protect

against clipping at the audio output signal 42.

According to a preferred embodiment of the invention the control component
is configured to control the limiter component 62 depending on a compres-
sion efficiency of the audio decoder device 9. The compression efficiency of
an audio encoder device producing the bitstream and at the same time of the
audio decoder device 9 decoding the bitstream 1 describes how much the
data quantity is reduced when encoding the original audio data in order to
produce the bitstream 1. As more as the data quantity is reduced the likeli-
hood of decoder overshoot clipping increases. Hence, decoder overshoot
clipping prevention is enhanced when the limiter component 62 is controlled

depending on the compression efficiency of the audio decoder device 9.

In a preferred embodiment of this optional feature, a compression efficiency
of the audio decoder device 9 is input to a clipping prediction device 54,
which comprises a clipping prediction function 56 implemented in logic
statements or gates, as a look-up table, or by other techniques of implement-
ing a function of at least one variable as will be known to those skilled in the
art. The output of the function 56 is fed through a minimum function 59, simi-
larly implemented, which selects the lesser of its two inputs, to comparator
55. We consider here that the volume limit feature described below is not
active and the switch 58 outputs a value corresponding to 0 dB FS (full scale)
thus that the minimum function 59 is always controlled by the output of the
clipping prediction function 56. In this manner comparator 55 compares the
output of the clipping protection function 56 to the maximum possible peak
level of the processed audio signal 35 to determine if it is necessary to en-
gage the limiter 51 via limiter switch 52 to protect against clipping at the au-

dio output signal 42.
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In cases where the maximum level of the processed core decoder output
signal 35 is less than the level predicted by clipping prediction function 56,
there is no possibility of clipping due to decoder overshoots (within the confi-
dence interval or error bound of the function 54) and the switch 52 selects the
output of compensating buffer 53. Said buffer is merely a delay to match the
processing delay of limiter 51, and will introduce only negligible computation-

al workload, in comparison to the significant workload of the limiter 51.

According to a preferred embodiment of the invention the control component
63 is configured to control the limiter component 62 depending on the gain
value 33 of the gain control device 10, 15, 28. The maximum possible peak
level of the audio output signal 42 is determined in this sub-case by the gain
value 33 of the gain control device 10, 15, 28. If said value is 0 dB, the de-
coder device 41 is operating at its full-scale limits as commanded by the
maximum setting of volume control value 20. As said volume control value 20
is reduced, the decoder device 41 will operate such that full-scale bitstream
values reach only the maximum level set by the gain value 33 of the gain
control device 10, 15, 28.

In this sub-case, where there is no metadata 3 present, the switch 60 outputs
a 0 dB FS value as this is the maximum possible in the incoming audio data
2 of the bitstream 1.

According to a preferred embodiment of the invention the control component
63 is configured to control the limiter component 62 depending on a true
peak value 36 transmitted in the loudness metadata 3 of the bitstream 1 and
indicating a maximum peak level of an audio source converted to the bit-
stream 1 by an external encoder. The use of this true peak value 36 allows
the computation of a more accurate value for the maximum possible peak

level of the audio output signal 42.
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In the case, where bitstreams contain loudness metadata 3, the metadata 3
may be specified to also include the true peak measurement specified by ITU
standard BS.1770-3. In this sub-case, the switch 60 selects the true peak
value 36 contained in the loudness metadata 3 instead of the 0 dB FS con-
stant. The sum of the gain adjustment 33 and the true peak value 36, indicat-
ing the maximum peak amplitude of the signal input 35 to the limiter 30, is
computed by adder 61 and is then compared to the output of the clipping
function 56 by comparator 55. The use of this true peak metadata value 36
merely allows the computation of a more accurate value for the maximum

possible peak level of the audio output signal 41.

According to a preferred embodiment of the invention the control component
63 is configured to control the limiter component 62 depending on a volume
limit value 57 set by the user or manufacturer in order to prevent hearing

damage. By these features hearing damages may be avoided efficiently.

In the case of limiting to avoid hearing damage, the device user or manufac-
turer may set a maximum peak level 57 to which the output must be limited
using a volume limit signal. When the switch 58 is thrown to activate this vol-
ume limit feature, the minimum function 59 selects the lower of the two output
levels needed to either engage the limiter 51 for limiting the output due to
clipping prevention or for volume limiting. The output of the switch 58 is also

input to the limiter 51 to set its threshold to the appropriate level.

According to a preferred embodiment of the invention shown in Fig. 5 the
control component 63 is configured to control the limiter component 62 de-
pending on artistic limiter parameters 32 transmitted in the loudness metada-
ta 3 of the bitstream 1 and indicating artistic limiter threshold values 74a, ar-
tistic limiter attack time values 74b and/or artistic limiter release time val-
ues74c. These features allow the operation of the limiter device 30 to be un-
der the creative control of the artist or content creator. The dynamic range

control values 6, 7 contained in the loudness metadata 3 discussed previous-
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ly allow the overall dynamic range of the content to be tailored to the listening
environment through the use of compression gains that act with typical time
constants of 100 ms to 3 seconds. In challenging listening environments,
compression of the audio signal with these time constants may not produce a
signal with sufficient loudness for intelligibility or enjoyment without unpleas-
antly high peak levels. There is also the possibility that music creators, who
have traditionally produced only a highly compressed “crushed” mix, may
desire to use the flexibility of this invention to produce both a “crushed” mix
and an “uncrushed” mix with less limiting and compression, so that consum-
ers may hear the “uncrushed” version in quiet environments or when desired.
To address both of these concerns, the limiter 30 can be reconfigured to op-

erate in an Artistic Limiter mode as shown in FIG. 5.

in this mode, the loudness metadata 3 includes the artistic limiter parameters
32, shown in electrical bus notation in Fig. 5, which are sent for each audio
frame of the content. Contained in 32 are limiter attack time, release time,
and threshold values for the light and heavy modes selected by switch 12
and selected by a correspondingly ganged switch 73 to output bus 74. The
bus 74 contains the selected artistic limiter threshold value 74a, which is
added to the decoder gain adjustment 33 by adder 71, and the desired attack
and release times 74b and 74c, which are supplied directly to limiter 51. Min-
imum function 72 is used to select either the Volume Limit 57 (or 0 dB FS if
no volume limit is used) or the output of the adder 71. In this manner, normal-
ly the limiter 51 operates at a threshold controlled by the value 74a until the
volume control 20 is increased to a point where the volume limit is reached
and limits the maximum level of the limiter threshold. In this mode, the limiter
51 operates continuously, and the switch 52 is always in the position shown.
The artistic use of these parameters may be achieved by monitoring the out-
put of a device, audio software plug-in, or other apparatus containing a copy
of the invention during mixing, mastering, or other creative or distribution op-

erations.
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According to a preferred embodiment of the invention there is no possibility to
apply makeup-gain after the limiter device 30 to artificially increase its loud-

ness, as this would remove the mild incentive mentionad above.

According to a preferred embodiment of the invention the control component
63 is configured to control the limiter component 62 continually or repeatedly.

These features allow variable control of the limiter component 62 over time.

According to preferred embodiment of the invention the limiter device 30 is
configured to bypass the limiter 51 by way of a bypass device 53 having a
transfer function which is, regarding a gain and a delay, similar to a transfer
function of the limiter 51. By these features the work load of the signal pro-

cessor 27 may be reduced significantly.

It will be understood by those skilled in the art that this process may be im-
plemented in software as a series of computer instructions or in hardware
components. The operations described here are typically carried out as soft-
ware instructions by a computer CPU or Digital Signal Processor and the reg-
isters and operators shown in the figures may be implemented by corre-
sponding computer instructions. However, this does not preclude embodi-
ment in an equivalent hardware design using hardware components. Also, it
will be understood by those skilled in the art that the values 4, 6,7, 20, 33, 36,
57, 74a, and others will typically be expressed in a logarithmically-scaled
domain as is standard practice and specified in the referenced standards.
Further, the operation of the invention is shown here in a sequential, elemen-
tary manner. It will be understood by those skilled in the art that the opera-
tions may be combined, transformed, or pre-computed in order to optimize
the efficiency when implemented on a particular hardware or software plat-
form. Also, it will be understood that these operations may be carried out on
time-domain data or may be carried out in one or more frequency bands in

the frequency domain.
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In the construction of the improved decoder 41 device, those skilled in the art
will recognize that it will be necessary to use numerical representations, reg-
ister lengths, or other ordinary means to avoid internal saturation, clipping, or
overflow in the signal path from the audio decoder 9 through the multipliers

13 and 15, and the optional limiter device 30 to the audio output signal 42, as

well as elsewhere in the invention.

It should be further understood that although the invention offers the specific
merit of controlling clipping produced by decoder overshoots in lossy audio
data-compression codecs such as AAC, MP3, or Dolby Digital, that it may
also be used in audio systems with lossless audio codecs or with audio sig-

nals that are not compressed with an audio codec at all.

The invention may provide:

1. A system for audio loudness normalization which provides an output
whose full-scale value is intended to correspond to the maximum peak output
voltage or sound pressure level of an incorporating device, with said output’s
loudness level or average power controlled directly or indirectly by the user
volume control of said device, such that both content with audio loudness
metadata, and content without audio loudness metadata but normalized to its

full-scale values, are reproduced at nearly the same audio loudness level.

2. A system where the long-term average power or perceived loudness
of content without audio metadata is estimated by a fixed value determined

by empirical or statistical analysis of content.

3. A system the estimate is biased to reproduce typical content without
metadata at slightly lower loudness than the same content with properly pre-

pared metadata, thus providing an incentive to use said metadata.
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4. A system for data-compressed audio decoding containing an output
peak limiter in which the need for peak limiting for the purpose of preventing
clipping on decoder overshoots is determined by the target level of the com-
pressed audio decoder and a computed function of the audio codec com-

pression efficiency or bitrate.

5. A system for data-compressed audio decoding containing an output
peak limiter in which the need for peak limiting for the purpose of preventing
clipping on decoder overshoots is determined by the target level of the com-
pressed audio decoder, a computed function of the audio codec compression
efficiency or bitrate, and a metadata value indicating the maximum peak level

of the audio program transmitted in the compressed bitstream.

6. A system for data-compressed audio decoding containing an output
peak limiter in which the need for peak limiting for the purpose of limiting the
maximum peak audio output of a device is determined by the target level of

the compressed audio decoder.

7. A system for data-compressed audio decoding or audio processing
containing an output peak limiter in which the need for peak limiting for the
purpose of limiting the maximum peak audio output of a device is determined

by the value of a scaling gain applied to the audio signal.

8. A system for data-compressed audio decoding or audio processing
containing an output peak limiter in which the need for peak limiting for the
purpose of limiting the maximum peak audio output of a device is determined
by the value of a scaling gain applied to the audio signal and a metadata val-
ue indicating the maximum peak level of the audio program transmitted in the

compressed bitstream.

9. A system where the limiter is replaced by a function with similar gain

and delay when limiting is not required.
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10. A system for data-compressed audio decoding or audio processing
containing an output peak limiter, where the peak limiter threshold is con-
trolled by a metadata value transmitted in the compressed bitstream on a

periodic basis.

11. A corresponding method or non-transitory storage for audio loudness
normalization which provides an output whose full-scale value is intended to
correspond to the maximum peak output voltage or sound pressure level of
an incorporating device, with said output's loudness level or average power
controlled directly or indirectly by the user volume control of said device, such
that both content with audio loudness metadata, and content without audio
loudness metadata but normalized to its full-scale values, are reproduced at

nearly the same audio loudness level.

Although some aspects have been described in the context of an apparatus,
it is clear that these aspects also represent a description of the correspond-
ing method, where a block or device corresponds to a method step or a fea-
ture of a method step. Analogously, aspects described in the context of a
method step also represent a description of a corresponding block or item or
feature of a corresponding apparatus. Some or all of the method steps may
be executed by (or using) a hardware apparatus, like for example, a micro-
processor, a programmable computer or an electronic circuit. In some em-
bodiments, some one or more of the most important method steps may be

executed by such an apparatus.

Depending on certain implementation requirements, embodiments of the in-
vention can be implemented in hardware or in software. The implementation
can be performed using a non-transitory storage medium such as a digital
storage medium, for example a floppy disc, a DVD, a Blu-Ray, a CD, a ROM,
a PROM, and EPROM, an EEPROM or a FLASH memory, having electroni-

cally readable control signals stored thereon, which cooperate (or are capa-
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ble of cooperating) with a programmable computer system such that the re-
spective method is performed. Therefore, the digital storage medium may be

computer readable.

Some embodiments according to the invention comprise a data carrier hav-
ing electronically readable control signals, which are capable of cooperating
with a programmable computer system, such that one of the methods de-

scribed herein is performed.

Generally, embodiments of the present invention can be implemented as a
computer program product with a program code, the program code being
operative for performing one of the methods when the computer program
product runs on a computer. The program code may, for example, be stored

on a machine readable carrier.

Other embodiments comprise the computer program for performing one of

the methods described herein, stored on a machine readable carrier.

In other words, an embodiment of the inventive method is, therefore, a com-
puter program having a program code for performing one of the methods de-

scribed herein, when the computer program runs on a computer.

A further embodiment of the inventive method is, therefore, a data carrier (or
a digital storage medium, or a computer-readable medium) comprising, rec-
orded thereon, the computer program for performing one of the methods de-
scribed herein. The data carrier, the digital storage medium or the recorded

medium are typically tangible and/or non-transitionary.

A further embodiment of the invention method is, therefore, a data stream or
a sequence of signals representing the computer program for performing one

of the methods described herein. The data stream or the sequence of signals
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may, for example, be configured to be transferred via a data communication

connection, for example, via the internet.

A further embodiment comprises a processing means, for example, a com-
puter or a programmable logic device, configured to, or adapted to, perform

one of the methods described herein.

A further embodiment comprises a computer having installed thereon the

computer program for performing one of the methods described herein.

A further embodiment according to the invention comprises an apparatus or a
system configured to transfer (for example, electronically or optically) a com-
puter program for performing one of the methods described herein to a re-
ceiver. The receiver may, for example, be a computer, a mobile device, a
memory device or the like. The apparatus or system may, for example, com-

prise a file server for transferring the computer program to the receiver .

In some embodiments, a programmable logic device (for example, a field
programmable gate array) may be used to perform some or all of the func-
tionalities of the methods described herein. In some embodiments, a field
programmable gate array may cooperate with a microprocessor in order to
perform one of the methods described herein. Generally, the methods are

preferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for the principles of
the present invention. It is understood that modifications and variations of the
arrangements and the details described herein will be apparent to others
skilled in the art. It is the intent, therefore, to be limited only by the scope of
the impending patent claims and not by the specific details presented by way

of description and explanation of the embodiments herein.
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Reference signs:
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11
12
13
14
15
16
17
18
19
20
21
22
23
24
25
26
27
28
29
30

bitstream

audio data

loudness metadata

reference loudness value
downmix gain value

light dynamic range control value
heavy dynamic range control value
audio signal

audio decoder device

reference loudness decoder
downmix gain decoder

dynamic range control switch
dynamic range processor
dynamic range calculator
loudness processor

gain calculator

static target level provider

audio output signal

mixed audio signal

volume control value

decoder device

supplementary audio signal
audio signal mixer

loudness adjusted supplementary audio signal
compression control value

signal processor

signal processor

gain calculator

mixed audio signal

limiter device
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31 loudness value
32  artistic limiter parameters
33 gain value
34 Dbit rate value
35 processed audio signal
36 true peak value
37 loudness value
41 decoder device
42  audio output signal
43 preset dynamic range control value
44 dynamic range value
51 limiter
52 limiter switch
53 bypass device
54  clipping predicting device
55 comparator
56 clipping prediction function
57 volume limit value
58 volume limit switch
59  minimum finder
60 true peak value switch
61 combiner
62 limiter component
63 control component
71 combiner
72 minimum finder
73 dynamic range controls switch
74 output data of the dynamic range control switch

70a artistic limiter threshold value

70b  artistic limiter attack time value

70c¢ artistic limiter release time value
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Claims

. Decoder device for decoding a bitstream (1) so as to produce therefrom

an audio output signal (42), the bitstream (1) comprising audio data (2)
and optionally loudness metadata (3) containing a reference loudness

value (4), the decoder device (41) comprising:

an audio decoder device (9) configured to reconstruct an audio signal (8)

from the audio data (2); and

a signal processor (27) configured to produce the audio output signal (42)

based on the audio signal (8);

wherein the signal processor (27) comprises a gain control device (10, 15,

28) configured to adjust a loudness level of the audio output signal (42);

wherein the gain control device (10, 15, 28) comprises a reference loud-
ness decoder (10) configured to create a loudness value (37), wherein the
loudness value (37) is the reference loudness value (4) in case that the

reference loudness value (4) is present in the bitstream (1);

wherein the gain control device (10, 15, 28) comprises a gain calculator
(28) configured to calculate a gain value (33) based on the loudness val-
ue (37) and based on a volume control value (20), which is provided by

an user interface allowing a user to control the volume control value (20);

wherein the gain control device (10, 15, 28) comprises a loudness pro-
cessor (15) configured to control the loudness level of the audio output

signal (42) based on the gain value (33).
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2. Decoder device according to the preceding claim, wherein the loudness

value (33) is a preset loudness value in case that the reference loudness

value (4) is not present in the bitstream (1).

. Decoder device according to the preceding claim, wherein the preset

loudness value is set to a value between -4 dB and -10 dB, in particular

between-6 dB and -8 dB, referenced to a full-scale amplitude.

. Decoder device according to one of the preceding claims, wherein the

signal processor (27) comprises a dynamic range control device (12, 13,

14) configured to adjust a dynamic range of the audio output signal (42),

wherein the dynamic range control device (12, 13, 14) comprises a dy-
namic range control switch (12) configured to derive at least one dynamic
range control value (6, 7) from the loudness metadata (3) and to output
alternatively one of the derived dynamic range control values (6, 7) or a

preset dynamic range control value (43),

wherein the dynamic range control device (12, 13, 14) comprises a dy-
namic range calculator (14) configured to calculate a dynamic range value
(44) based on the dynamic range control value (6, 7, 43) outputted by the
dynamic range control switch (12) and based on a compression control
value (25), which is provided by an user interface allowing a user to con-

trol the compression control value (25);

wherein the dynamic range control device (12, 13, 14) comprises a dy-
namic range processor (13) configured to control the dynamic range of

the audio output signal (42) based on the dynamic range value (44).

. Decoder device according to one of the preceding claims, wherein the

signal processor (27) comprises a limiter device (30) configured to limit an

amplitude of the output audio signal (42), wherein the limiter device (30)
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comprises a limiter component (62) having a limiter (51) and a control
component (63) configured to control the limiter component (62), wherein
a processed audio signal (35), which is derived from the audio signal (8)
by being processed at least by the gain control device (10, 15, 28), is in-
putted to the limiter component (62), and wherein the audio output signal

(42) is outputted from the limiter component (62).

. Decoder device according to the preceding claim, wherein the control

component (63) is configured to control the limiter component (62) de-

pending on a bitrate of the bitstream (1).

. Decoder device according to claim 5 or 6, wherein the control component

(63) is configured to control the limiter component (62) depending on a

compression efficiency of the audio decoder device (9).

. Decoder device according to one of the claims 5 to 7, wherein the control

component (63) is configured to control the limiter component (62) de-
pending on a true peak value (36) transmitted in the loudness metadata
(3) of the bitstream (1) and indicating a maximum peak level of an audio

source converted to the bitstream (1) by an external encoder.

. Decoder device according to one of the claims 5 to 8, wherein the control

component (63) is configured to control the limiter component (62) de-

pending on the gain value (33) of the gain control device (10, 15, 28).

10. Decoder device according to one of the claims 5 to 9, wherein the control

component (63) is configured to control the limiter component (62) de-
pending on a volume limit value (57) set by the user or manufacturer in

order to prevent hearing damage.

11.Decoder device according to one of the claims 5 to 10, wherein the con-

trol component (63) is configured to control the limiter component (62)
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depending on artistic limiter parameters (32) transmitted in the loudness
metadata (3) of the bitstream (1) and indicating artistic limiter threshold
values (74a), artistic limiter attack time values (74b) and/or artistic limiter

release time values (74c).

12.Decoder device according to one of the claims 5 to 11, wherein the con-
trol component (63) is configured to control the limiter component (62)

continually or repeatedly.

13. Decoder device according to one of the claims 5 to 12, wherein the limiter
device (30) is configured to bypass the limiter (51) by way of a bypass
device (53) having a transfer function which is, regarding a gain and a de-

lay, similar to a transfer function of the limiter (61).

14. A system comprising a decoder device (41) and an encoder, wherein the

decoder device (41) is designed according to one of the claims 1 to 13.

15. A method of decoding a bitstream (1) so as to produce therefrom an au-
dio output signal (42), the bitstream (1) comprising audio data (2) and op-
tionally loudness metadata (3) containing a reference loudness value(4),

the method comprising the steps:

reconstructing an audio signal (8) from the audio data (2) using an audio

decoder device (9); and

producing the audio output signal (42) based on the audio signal (8) using

a signal processor (27);

wherein a loudness level of the audio output signal (42) is adjusted using

a gain control device (10, 15, 28) comprised by the signal processor (27);

wherein a loudness value (37) is created by a reference loudness decod-
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er (10) comprised by the gain control device (10, 15, 28), wherein the
loudness value (37) is the reference loudness value (4) in case that the

reference loudness value (4) is present in the bitstream;

5 wherein a gain value (33) is calculated based on the loudness value (37)
and based on a volume control value (20), which is provided by an user
interface allowing a user to control the volume control value (20), by a

gain calculator (28) comprised by the gain control device (10, 15, 28);

10 wherein the loudness level of the audio output signal (42) is controlled
based on the gain value (33) by a loudness processor (15) comprised by

the gain control device(10, 15, 28).

16. Computer program for performing, when running on a computer or a pro-

15 cessor, the method of claim 15.
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