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Concept for combined dynamic range compression and guided clipping 

prevention for audio devices 

Description 

5 

The present invention relates to a concept for combined dynamic range com­

pression and guided clipping prevention for audio devices. In particular, the 

present invention relates to an audio encoder, to a method for operating an 

audio encoder, to a computer program for executing the method for operating 

10 an audio encoder, to an audio decoder, to a method for operating an audio 

decoder, and to a computer program for executing the method for operating 

an audio decoder. 

The invention provides an audio encoder for producing an audio bitstream 

15 comprising one or more audio channels and/or one or more audio objects, 

the audio encoder comprising a metadata encoder for producing a metadata 

bitstream, the audio encoder being configured: 

to receive at least one dynamic range control gain sequence for an audio 

20 frame, the dynamic range control gain sequence comprising one or more dy­

namic range control gains for a dynamic range control stage of an audio de­

coder; 

to receive at least one guided clipping prevention gain sequence for the au-

25 dio frame, the guided clipping prevention gain sequence comprising one or 

more guided clipping prevention gains for a guided clipping prevention stage 

of the audio decoder; and 

to include at least one of said dynamic range control gain sequences and at 

30 least one of said guided clipping prevention gain sequences into the metada­

ta bitstream. 
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The inventive concept is based on the combination of several processing 

blocks, which together provide the required functionalities of a joint solution 

for dynamic range compression (DRC) and for guided clipping prevention 

(gCP). 

5 

The inventive concept is particularly suitable for audio systems wherein relat­

ed configuration information as defined, e.g., in [M30100, M30101] is already 

available at the encoder and decoder. This information may be, for example, 

included in the header for file based transmission or in the unified speech 

10 and audio coding (USAC) configuration extension. The configuration infor­

mation may include channel layouts, downmix instructions (e.g. downmix co­

efficients), dynamic range control instructions (e.g. applied dynamic range 

control characteristic, number of dynamic range control gain sequences for a 

track), and loudness information (e.g. program loudness, anchor loudness, 

15 true peak value). More details can be found in [M30100, M30101], The same 

applies to corresponding guided clipping prevention instructions, which may 

be handled in the same manner as the information of the dynamic range con­

trol instructions box. 

20 The audio encoder according to the invention is capable of producing a 

metadata bitstream which comprises dynamic range control gain sequences 

for a dynamic range control stage of an audio decoder as well as guided clip­

ping prevention gain sequences for a guided clipping prevention stage of the 

audio decoder, wherein the dynamic range control gain sequences may be 

25 transmitted separately from the guided clipping prevention gain sequences. 

The metadata encoder uses, as input, dynamic range control gain sequences 

that are provided externally, e.g., by an external tool operated by a content 

provider. 

30 
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The possible temporal resolution of the dynamic range control gains may be 

in the range of a few samples. The dynamic range control gain values may 

usually be represented with sufficient resolution of up to 0.125 dB. 

5 Additionally, the metadata encoder takes guided clipping prevention gain se­

quences as input. 

The compressed dynamic range control gain sequences and guided clipping 

prevention gain sequences may be transmitted to the receiver as side infor-

10 mation included in the unified speech and audio coding extension payload. 

It should be noted that dynamic range control gain sequences should only 

include dynamic range control gains to perform dynamic range compression, 

whereas guided clipping prevention gains for clipping prevention are accom-

15 modated by the guided clipping prevention gains sequences. 

The temporal resolution of the guided clipping prevention gains may be the 

same as for the dynamic range control gains. 

20 Signal clipping at the decoder side can occur e.g. due to loudness normaliza­

tion, downmixing, parametric coding tools, etc. 

Clipping prevention can, according to prior art, be achieved by placing a peak 

limiter at the final end of the decoder processing chain. A peak limiter detects 

25 audio samples in the input signal that exceed a defined maximum value, and 

applies a level reduction to the respective signal portions so that the samples 

of the output signal always stay below the defined maximum value. To pre­

vent audible distortions, the level reduction has to be performed gradually, 

i.e. the gain factor applied to the signal may only change slowly over time, 

30 which is ensured by a gain smoothing filter. A look-ahead delay of the input 

signal before applying the gain factor is also used to allow for a smooth re­

duction of the gain starting already before a sudden signal peak. Since a de­
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coder side peak limiter is usually not controlled from the encoder side (a con­

tent creator has no influence on the peak limiter processing), it produces an 

unguided clipping prevention gain sequence which is directly applied to the 

audio signal. A decoder side peak limiter always causes additional look-

ahead delay (about 5ms or more) and computational complexity at the de­

coder side. 

In contrast to that, guided clipping prevention gain sequences as used ac­

cording to the invention allow to fully control the generation of clipping pre­

vention gains at the encoder side (if desired, a content creator can have in­

fluence on the gain characteristics). After generation, the clipping prevention 

gain sequences are transmitted to the decoder side. If a suitable guided clip­

ping prevention gain sequence for the current decoder configuration is avail­

able in the metadata bitstream, a decoder side peak limiter can be avoided in 

most cases. Thus, additional look-ahead delay and computational complexity 

at the decoder side can be avoided. 

Guided clipping prevention gain sequences can be transmitted for various 

decoder configurations like, e.g. for specific target loudness levels or for spe­

cific downmix configurations. If the decoder configuration matches, a suitable 

guided clipping prevention gain sequence can be applied to the decoder out­

put signal. In many cases guided clipping prevention gain sequences can be 

optionally scaled to match a non-matching target loudness level (signal head­

room is used as far as possible). 

The guided clipping prevention gain sequences are used to assure that no 

sample clipping occurs at the output of the audio decoder for a specific target 

level and downmix/format converter configuration. Each guided clipping pre­

vention gain sequence may be optimized for a combination of a specific 

downmix/format converter configuration, a specific target level, and a specific 

dynamic range control gain sequence for channels together with specific dy­

namic range control gain sequences for the objects. The information about 
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which guided clipping prevention gain sequence is associated with which dy­

namic range control gain sequence may be included in the guided clipping 

prevention instruction contained in the file header of the unified speech and 

audio coding configuration extension. It may also include the information re-

5 lated to the target level for which the guided clipping prevention gains have 

been determined at the encoder. 

The inventive concept for dynamic range processing that is described above 

represents an approach to encoder side control of the entire processing 

10 chain. The separation of the metadata used for dynamic range control and 

guided clipping prevention allows for separate modification (scaling or map­

ping) of each of the gains, said modification depending on the decoder con­

figuration and the playback scenario. 

15 With the inventive concept it is possible to change the underlying dynamic 

range control characteristic of a dynamic range control gain sequence from 

heavy compression to light compression if the dynamic range control gains 

are transmitted separately from the guided clipping prevention gains. This 

can be achieved by means of appropriate scaling or mapping of the values of 

20 the dynamic range control gain sequence. 

The inventive concept gives the content provider full control of the final output 

of the audio decoder in order to meet given quality requirements. In this case, 

both dynamic range control gain sequences and guided clipping prevention 

25 gain sequences can be included for specific decoder configurations consid­

ered to be most important. A peak limiter may be discarded in many cases 

due to combined use of dynamic range control gain sequences and guided 

clipping prevention gain sequences. It has to be noted that guided clipping 

prevention at the audio decoder side, which is achieved by simply applying 

30 guided clipping prevention gains, is computationally more efficient than using 

a peak limiter. 
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According to a preferred embodiment of the invention the metadata encoder 

is configured to receive at least two dynamic range control gain sequences 

for the same audio frame comprising different dynamic range control gains, 

and to include the at least two dynamic range control gain sequences com­

prising the different dynamic range control gains into the metadata bitstream. 

The information about which dynamic range control characteristics are asso­

ciated with the different dynamic range control gain sequences may be in­

cluded in the dynamic range control instruction contained in the file header in 

case of file based delivery or in the unified speech and audio coding configu­

ration extensions. 

By means of these features it is possible to provide multiple dynamic range 

control gain sequences for the channels of an audio track in order to enable 

output signals at the decoder which have different compression characteris­

tics. 

According to a preferred embodiment of the invention the metadata encoder 

is configured to receive a dynamic range control gain sequence comprising at 

least two dynamic range control gains related to different audio channels 

and/or to different audio objects, the metadata encoder being configured to 

include the at least two dynamic range control gains related to different audio 

channels and/or to different audio objects and, optionally, the relationships of 

the dynamic range control gains to the audio channels and/or the audio ob­

jects into the metadata bitstream. 

Within each dynamic range control sequence it is possible to define a set of 

different dynamic range control gains for different channels or groups of 

channels, each channel usually being associated with exactly one channel 

group. For example, in multi-channel movie sound it is often desired to apply 

a specific dynamic range control gain to the dialog channel. The remaining 
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channels such as front left, front right, rear left, rear right, for example, may 

be processed by using a different dynamic range control gain. 

By analogy with the channel case, multiple dynamic range control sequences 

5 that are associated with audio objects or groups of objects can be supported. 

These object-related dynamic range control sequences can also be consid­

ered as being associated with a specific channel group within a channel-

related set of dynamic range control gains. The term audio objects herein 

relates to single source sounds such as a door bell. 

10 

The information about which dynamic range control characteristics are asso­

ciated with the different dynamic range control gain sequences may be in­

cluded in the dynamic range control instruction contained in the file header in 

case of file based delivery or in the unified speech and audio coding configu-

15 ration extensions. 

According to a preferred embodiment of the invention the metadata encoder 

is configured to receive a dynamic range control gain sequence comprising at 

least two dynamic range control gains related to different frequency bands of 

20 the audio decoder, the metadata encoder being configured to include the at 

least two dynamic range control gains related to different frequency bands of 

the decoder and, optionally, the relationships of the dynamic range control 

gains to the frequency bands of the decoder into the metadata bitstream. 

25 In an optional extension supporting multi-band dynamic range control, the 

metadata encoder can be extended to also accept dynamic range control 

gain sequences having different dynamic range control gains for different 

frequency bands as input. 

30 The information about which dynamic range control characteristics are asso­

ciated with the different dynamic range control gain sequences may be in­

cluded in the dynamic range control instruction contained in the file header in 
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case of file based delivery or in the unified speech and audio coding configu­

ration extensions. 

According to a preferred embodiment of the invention the metadata encoder 

is configured to receive at least two guided clipping prevention gain se­

quences comprising different guided clipping prevention gains and to include 

the at least two guided clipping prevention gain sequences comprising the 

different guided clipping prevention gains into the metadata bitstream. 

According to a preferred embodiment of the invention each dynamic range 

control sequence is related to one of the guided clipping prevention gain se­

quences, the metadata encoder being configured to include relationships be­

tween the dynamic range control sequences and the guided clipping preven­

tion gain sequences into the metadata bitstream. 

According to a preferred embodiment of the invention the metadata encoder 

is configured to receive a guided clipping prevention gain sequence compris­

ing at least two guided clipping prevention gains related to different audio 

channels and/or to different audio objects, the metadata encoder being con­

figured to include the guided clipping prevention sequence comprising the at 

least two guided clipping prevention gains related to different audio channels 

and/or to different audio objects and, optionally, the relationships of the guid­

ed clipping prevention gains to the audio channels and/or the audio objects 

into the metadata bitstream. 

As with the dynamic range control gains, it is possible to define a set of dif­

ferent guided clipping prevention gains for different channels or groups of 

channels within each guided clipping prevention sequence, where each 

channel usually is associated with exactly one channel group. In typical op­

eration modes the same guided clipping prevention gains are applied to all 

channels. 
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The definitions of guided clipping prevention gain sequences for objects are 

analogous to the dynamic range control case. 

In another aspect the invention provides a method for operating an audio en-

5 coder for producing an audio bitstream comprising one or more audio chan­

nels and/or one or more audio objects, the audio encoder comprising a 

metadata encoder for producing a metadata bitstream, the method compris­

ing the steps of: 

10 receiving, on the part of the metadata encoder, at least one dynamic range 

control gain sequence comprising one or more dynamic range control gains 

for a dynamic range control stage of an audio decoder; 

receiving, on the part of the metadata encoder, at least one guided clipping 

15 prevention gain sequence comprising one or more guided clipping prevention 

gains for a guided clipping prevention stage of the audio decoder; and 

including, on the part of the metadata encoder, at least one of said dynamic 

range control gain sequences and at least one of said guided clipping pre-

20 vention gain sequences into the metadata bitstream. 

In a further aspect the invention provides a computer program for performing, 

when running on a computer or a processor, the before-mentioned method. 

25 In a further aspect the invention provides an audio decoder for decoding an 

audio bitstream and a metadata bitstream related to the audio bitstream, 

which are produced in particular by an audio encoder according to the pre­

sent invention, the audio decoder comprising: 

30 an audio processing chain configured to receive a decoded audio signal de­

rived from the audio bitstream and to adjust characteristics of an audio output 

signal of the audio processing chain, the audio processing chain comprising 
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a plurality of adjustment stages including a dynamic range control stage for 

adjusting a dynamic range of the audio output signal and a guided clipping 

prevention stage for preventing of clipping of the audio output signal; and 

a metadata decoder configured to receive the metadata bitstream and to ex­

tract dynamic range control gain sequences and guided clipping prevention 

gain sequences from the metadata bitstream, at least a part of the dynamic 

range control gain sequences being supplied to the dynamic range control 

stage, and at least a part of the guided clipping prevention gain sequences 

being supplied to the guided clipping prevention stage. 

The metadata decoder receives the metadata bitstream containing the com­

pressed dynamic range control gain sequences and guided clipping preven­

tion gain sequences, for example from a unified speech and audio coding 

decoder. 

The metadata decoder generates the desired dynamic range control gain 

sequence from the compressed metadata bitstream. Additionally, scaling or 

mapping of the resulting dynamic range control gains may be applied. 

The metadata decoder additionally generates the desired guiding clipping 

prevention gain sequence from the bitstream containing compressed guided 

clipping prevention metadata. Scaling or mapping of the guided clipping pre­

vention gains can be applied. This is especially useful if the audio decoder 

target level is lower than the target level that has been used for determining 

the guided clipping prevention gains sequence at the audio encoder. Then, 

mapping of the guided clipping prevention gains is possible, which optimally 

restores signal headroom while still assuring that no clipping occurs at the 

audio decoder output signal. 

The dynamic range control stage receives the uncompressed and optionally 

scaled or mapped dynamic range control gain sequences for each audio 
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frame directly or indirectly from the metadata decoder. The metadata decod­

er also may ensure that the final time-domain dynamic range control gain 

values are interpolated with a temporal resolution corresponding to the tem­

poral resolution of the audio samples. These final dynamic range control 

gains are then applied to the decoded audio signal, where assignment of a 

certain dynamic range control sequence to the correct channel or object 

group is observed. 

The guided clipping prevention stage receives the uncompressed and op­

tionally scaled or mapped guided clipping prevention gain sequences for 

each audio frame directly or indirectly from the metadata decoder. The 

metadata decoder also may ensure that the final time-domain guided clipping 

prevention gain values are interpolated with a temporal resolution corre­

sponding to the temporal resolution of the audio samples. These final guiding 

clipping prevention gains are then applied to the decoded audio signals, 

where assignment of a certain guided clipping prevention sequence to the 

correct channel group is observed. 

The invention provides flexibility at the audio decoder side while leaving the 

control of the entire processing chain at the encoder side. The separation of 

the metadata used for dynamic range control and guided clipping prevention 

allows for separate modification (scaling or mapping) of each of the gains, 

said modification depending on the audio decoder configuration and the 

playback scenario. 

The invention allows changing the underlying dynamic range control charac­

teristic of a dynamic range control gain sequence from heavy compression to 

light compression if the dynamic range control gains are transmitted sepa­

rately from the guided clipping prevention gains. This can be achieved by 

means of appropriate scaling or mapping of the values of the dynamic range 

control gain sequence. 
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In the event that the decoder target level is lower than the target level used 

for computing the gains for guided clipping prevention at the encoder, a re­

duced attenuation of signal peaks can be allowed at the decoder by appro­

priately scaling the guided clipping prevention gains. Then, the level of strong 

5 signal peaks can be maintained or at least increased as compared to the 

case of applying the guided clipping prevention gains in an unmodified man­

ner, which means that available headroom can be preserved. 

According to a preferred embodiment of the invention the metadata decoder 

10 is configured to extract from the metadata bitstream at least two dynamic 

range control gain sequences for the same audio frame comprising different 

dynamic range control gains. 

The information about which dynamic range control characteristics are asso-

15 ciated with the different dynamic range control gain sequences may be in­

cluded in the dynamic range control instruction contained in the file header in 

case of file based delivery or in the unified speech and audio coding configu­

ration extensions. 

20 By means of these features it is possible to provide multiple dynamic range 

control gain sequences for the channels of an audio track in order to enable 

output signals at the decoder which have different compression characteris­

tics. 

25 According to a preferred embodiment of the invention the metadata decoder 

is configured to extract from the metadata bitstream a dynamic range control 

gain sequence comprising at least two dynamic range control gains related to 

different audio channels and/or to different audio objects. 

30 Within each dynamic range control sequence it is possible to define a set of 

different dynamic range control gains for different channels or groups of 

channels, each channel usually being associated with exactly one channel 
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group. For example, in multi-channel movie sound it is often desired to apply 

a specific dynamic range control gain to the dialog channel. The remaining 

channels such as front left, front right, rear left, rear right, for example, may 

be processed by using a different dynamic range control gain. 

By analogous with the channel case, multiple dynamic range control se­

quences that are associated with audio objects or groups of objects can be 

supported. These object-related dynamic range control sequences can also 

be considered as being associated with a specific channel group within a 

channel-related set of dynamic range control gains. The term audio objects 

herein relates to single source sounds such as a door bell. 

According to a preferred embodiment of the invention the metadata decoder 

is configured to extract from the metadata bitstream a dynamic range control 

gain sequence comprising at least two dynamic range control gains related to 

different frequency bands of the audio decoder. 

In an optional extension supporting multi-band dynamic range control, the 

metadata decoder can be extended to also accept dynamic range control 

gain sequences having different dynamic range control gains for different 

frequency bands as input. 

In case of multi-band dynamic range control extension, the time-domain au­

dio signal has to be transformed into the appropriate frequency domain rep­

resentation before applying multi-band dynamic range control gains. 

The information about which dynamic range control characteristics are asso­

ciated with the different dynamic range control gain sequences may be in­

cluded in the dynamic range control instruction contained in the file header in 

case of file based delivery or in the unified speech and audio coding configu­

ration extensions. 
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According to a preferred embodiment of the invention the metadata decoder 

is configured to extract from the metadata bitstream at least two guided clip­

ping prevention gain sequences comprising different guided clipping preven­

tion gains. 

By means of these features it is possible to provide multiple guided clipping 

prevention gain sequences for an audio track in order to match the corre­

sponding dynamic range control gain sequences. 

According to a preferred embodiment of the invention the metadata decoder 

is configured to extract from the metadata bitstream a guided clipping pre­

vention gain sequence comprising at least two guided clipping prevention 

gains related to different audio channels and/or to different audio objects. 

As with the dynamic range control gains, it is possible to define a set of dif­

ferent guided clipping prevention gains for different channels or groups of 

channels within each guided clipping prevention sequence, where each 

channel usually is associated with exactly one channel group. In typical op­

eration modes the same guided clipping prevention gains are applied to all 

channels. 

The definitions of guided clipping prevention gain sequences for objects are 

analogous to the dynamic range control case. 

According to a preferred embodiment of the invention the audio decoder fur­

ther comprises a metadata and parameter control stage configured to provide 

metadata and parameters to at least one of the adjustment stages on the 

basis of configuration information received from a configuration providing 

stage. 

The metadata and parameter control stage at the audio decoder may select 

the correct part of the metadata bitstream in accordance with the desired dy­
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namic range control gain sequences. The scaling and mapping information 

can also be part of or derived from the decoder configuration information. 

By analogy, the metadata and parameter control stage at the audio decoder 

5 selects the correct part of the bitstream in accordance with the desired guid­

ed clipping prevention gain sequences. 

According to a preferred embodiment of the invention the metadata and pa­

rameter control stage is configured to select, in the event that a plurality of 

10 dynamic range control gain sequences are received, which of the plurality of 

dynamic range control gain sequences is supplied to the dynamic range con­

trol stage. The selection of the dynamic range control sequence on the part 

of the metadata and parameter control stage can be based on the decoder 

configuration information such as channel layout, downmix instructions, ob-

15 ject metadata, dynamic range control instructions, loudness information, and 

decoder target level. 

According to a preferred embodiment of the invention the metadata and pa­

rameter control stage is configured to select, in the event that a plurality of 

20 guided clipping prevention gain sequences is received, which of the plurality 

of guided clipping prevention gain sequences is supplied to the guided clip­

ping prevention stage. 

The selection of the guided clipping prevention gain sequence on the part of 

25 the metadata and parameter control block is usually based on audio decoder 

configuration information described above. 

According to a preferred embodiment of the invention the dynamic range 

control stage in the direction of the signal flow is the first adjustment stage of 

30 the audio adjustment chain. 
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Dynamic range control processing for channels may be performed before a 

potential downmixing or format conversion of the decoded audio channels in 

order to enable different gaining for the channel groups. Accordingly, the dy­

namic range control gains are applied to the objects before rendering. In the 

event that both - channels and objects - are present, the location of the dy­

namic range control processing remains the same: the channel related dy­

namic range control should be performed directly before the format converter 

stage, whereas the object related dynamic range control is performed before 

the object renderer. 

According to a preferred embodiment of the invention the audio adjustment 

chain comprises a format converter stage configured to adjust a channel con­

figuration of the audio output signal. The format converter stage, also re­

ferred to as downmixer (DMX), is configured to adapt the channel configura­

tion of the audio output signal to the transducers used for playback. For ex­

ample, the format converter stage may convert a 5.1 surround signal into a 

stereo signal. 

According to a preferred embodiment of the invention the audio adjustment 

chain comprises a loudness normalization stage configured to normalize the 

loudness of the audio output signal. 

The loudness normalization stage may scale its audio input signal such that 

the output signal has the correct target loudness level. The scaling factor is 

derived from the difference between the program reference level (PRL) and 

the decoder target level (DTL) and provided by the decoder's metadata and 

parameter control to the loudness normalization block. The program refer­

ence level may be obtained from the loudness information which is included, 

e.g., in the file header, whereas the decoder target level is a decoder configu­

ration parameter. It is possible that multiple program reference level values 

are provided within the loudness information, where each corresponds to a 

specific configuration of an applied dynamic range control sequence and/or 
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an applied downmix. In this case, the metadata and parameter control stage 

chooses the correct program reference level value while considering the giv­

en audio decoder configuration. The location of the loudness-processing step 

depends on the actual output configuration of the audio decoder. In general, 

5 the loudness normalization should be performed on the output channels of 

the audio decoder, e.g. after the mixer, or after format conversion, if applica­

ble. 

According to a preferred embodiment of the invention the audio adjustment 

10 chain comprises a peak limiter stage configured to limit peaks of the audio 

output signal in the event that a threshold is exceeded. 

According to a preferred embodiment of the invention the peak limiter stage 

in the direction of the signal flow is the last adjustment stage of the audio ad-

15 justment chain. 

There are a number of potential sources of unavoidable sample clipping in 

the audio processing chain of a typical audio decoder, including: 

20 • Parametric coding tools 
• Binaural processing 
• Downmixing, format conversion, rendering 
• Loudness normalization (especially for high target levels) 
• Quantization at the decoder output 

25 

The peak limiter stage is therefore placed at the very end of the processing 

chain of the audio decoder to prevent any undesired clipping of the audio 

samples, e.g. just before the time domain output signal is converted from the 

floating point to the fixed point pulse code modulation format (PCM format). 

30 This also means that any dynamic range control stage and loudness normali­

zation stage described in the previous section is located before the peak lim­

iter stage. In the context of MPEG-H 3D Audio [M30324], the peak limiter 

stage receives different signals as input, depending on the actual playback 
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configuration. In case of binaural rendering, the two output channels for the 

headphones may be processed by the peak limiter stage. If the output chan­

nels of the mixer are played back directly, the peak limiter stage may process 

the corresponding loudspeaker channels. The same applies if the mixer out-

5 put channels are converted to a different loudspeaker configuration (e.g. 

downmixed) by the format converter first. 

The peak limiter stage may detect audio samples in the time-domain signal 

that exceed the limiting threshold, and applies a level reduction to the respec-

10 tive signal portions so that the samples of the audio output signal always stay 

below the limiting threshold. To prevent audible distortions, the level reduc­

tion should be performed gradually, i.e. the gain factor applied to the signal 

may only change slowly over time, which is ensured by a gain smoothing fil­

ter. A look-ahead delay of the input signal of the peak limiter stage before 

15 applying the limiter gain factor is also used in order to allow for a smooth re­

duction of the gain starting already before sharp signal peaks. The delay can 

be adjusted to a given requirement, a practical choice being 5 ms. In case of 

multi-channel audio a common gain factor may be applied to all audio chan­

nels to reduce computational complexity. 

20 

The information about the maximum peak of the audio signal, which may be 

included in the loudness information of a file header, can be exploited to dis­

card the peak limiter stage if the decoder configuration implies that no clip­

ping can occur in the audio processing chain. The peak limiter stage may 

25 also be discarded, e.g., if the audio decoder outputs audio samples with float­

ing point precision and a clipping prevention is performed at a later point in 

the audio chain of the playback device. Obviously, if the decoder configura­

tion for a given playback scenario allows application of correct guided clip­

ping prevention gains, the peak limiter stage may also be disabled if no addi-

30 tional codec clipping occurs. 



WO 2015/059087 
19 

PCT/EP2014/072431 

The peak limiter may be considered as being an essential component in 

practice. There are numerous sources of clipping within the audio processing 

chain of the decoder. Special configurations may be covered by providing 

guided clipping prevention gain sequences. However, for flexible operation of 

5 the decoder, the peak limiter may be provided to assure that no clipping oc­

curs. 

According to a preferred embodiment of the invention the audio adjustment 

chain comprises an object renderer stage configured to mix audio objects 

10 into channels of the audio output signal. 

According to a preferred embodiment of the invention the audio adjustment 

chain comprises a transducer adaption stage configured to adjust character­

istics of the audio output signal to a transducer system used for reproducing 

15 the audio output signal. 

In order to reduce the required limiting strength of the peak limiter stage, a 

frequency dependent transducer adaptation processing, e.g. implemented by 

an equalization filter, can be included in the processing chain. 

20 

The transducer adaptation stage receives an audio input signal and infor­

mation about the characteristics of the transducer used for reproduction 

(loudspeaker or headphones). 

25 The task of the transducer adaption stage is to adapt the audio output signal 

to the transducer characteristics, especially when transducers have a limited 

frequency range and thereby will limit the frequency range of the audio output 

signal. By limiting the frequency range by using appropriate filters mimicking 

the transfer function of the transducer prior to the peak limiting stage, the in-

30 put signal of the peak limiter stage is reduced in level. As a consequence, 

signal peaks that exceed the limiting thresholds are reduced in level. Conse­
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quently, the effect of the peak limiting stage is less severe. This is advanta­

geous because 

peak limiting can audibly change the signal, whereas the transducer 

adaptation does not introduce audible changes into the signal, and 

when signals are modified such that the maximum peak level is below 

the limiting threshold, the peak limiter will introduce less computational 

load. 

In addition to the filtering, the transducer adaptation stage can also include 

signal-adaptive processing such that the band-limiting of the transducer is 

compensated for. Especially very small transducers are not capable of repro­

ducing low-frequency signals. 

This can be compensated for by increasing the perceived bass response of 

the transducer, e.g. by artificially generating and adding harmonics of the 

low-frequency notes to the signal. 

In a further aspect the invention provides a method for operating an audio 

decoder, in particular an audio decoder according to the claims, for decoding 

an audio bitstream and a metadata bitstream related to the audio bitstream, 

which are produced in particular by an audio encoder according to one of 

claims 1 to 9, the method comprising the steps of: 

deriving a decoded audio signal from the audio bitstream; 

using an audio processing chain having a plurality of adjusting stages for ad­

justing characteristics of an audio output signal of the audio processing chain 

including adjusting a dynamic range of the audio output signal by a dynamic 

range control stage, which is an adjustment stage of the adjustment chain, 

and preventing of clipping of the audio output signal by a guided clipping pre­
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vention stage, which is an adjustment stage of the adjustment chain; 

receiving, on the part of a metadata decoder, the metadata bitstream and 

extracting dynamic range control gain sequences and guided clipping pre­

vention gain sequences from the metadata bitstream; 

supplying at least a part of the dynamic range control gain sequences to the 

dynamic range control stage; and 

supplying at least a part of the guided clipping prevention gain sequences to 

the guided clipping prevention stage. 

In a further aspect the invention provides a computer program for performing, 

when running on a computer or a processor, the before-mentioned method. 

Preferred embodiments of the invention will subsequently be discussed with 

respect to the accompanying drawings, in which: 

Fig. 1 illustrates an embodiment of an audio encoder according to the 

invention in a schematic view; 

Fig. 2 illustrates a first embodiment of an audio decoder according to 

the invention in a schematic view; 

Fig. 3 illustrates a second embodiment of an audio decoder according 

to the invention in a schematic view; 

Fig. 4 illustrates a third embodiment of an audio decoder according to 

the invention in a schematic view; and 

Fig. 5 illustrates a forth embodiment of an audio decoder according to 

the invention in a schematic view. 
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Fig. 1 illustrates an embodiment of an audio encoder 1 according to the in­

vention in a schematic view. Fig. 1 illustrates encoding of the dynamic range 

control gain sequences and guided clipping prevention gain sequences. 

5 

The audio encoder 1 is configured to produce an audio bitstream comprising 

one or more audio channels AC and/or one or more audio objects AO, the 

audio encoder 1 comprising a metadata encoder 2 for producing a metadata 

bitstream MBS configured: 

10 

to receive at least one dynamic range control gain sequence DS for an audio 

frame comprising one or more dynamic range control gains for a dynamic 

range control stage 5 (see Fig. 2) of an audio decoder 3 (see Fig. 2); 

15 to receive at least one guided clipping prevention gain sequence GS for the 

audio frame, said guided clipping prevention gain sequence GS comprising 

one or more guided clipping prevention gains for a guided clipping prevention 

stage 6 (see Fig. 2) of the audio decoder 3; and 

20 to include at least one of said dynamic range control gain sequences DS and 

at least one of said guided clipping prevention gain sequences GS into the 

metadata bitstream MBS. 

The inventive concept is based on the combination of several processing 

25 blocks, which together provide the required functionalities of a joint solution 

for dynamic range compression (DRC) and guided clipping prevention (gCP). 

The inventive concept is particularly suitable for audio systems wherein relat­

ed configuration information as defined, e.g., in [M30100, M30101] is already 

30 available at the audio encoder 1 and at the audio decoder 3. This information 

may be included, for example, in the header for file based transmission or in 

the unified speech and audio coding (USAC) configuration extension. The 
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configuration information may include channel layouts, downmix instructions 

(e.g. downmix coefficients), dynamic range control instructions (e.g. applied 

dynamic range control characteristic, number of dynamic range control gain 

sequences for a track), and loudness information (e.g. program loudness, 

anchor loudness, true peak value). More details can be found in [M30100, 

M30101], The same applies to corresponding guided clipping prevention in­

structions, which may be handled in the same manner as the information of 

the dynamic range control instructions box. 

The audio encoder 1 according to the invention is capable of producing a 

metadata bitstream MBS which comprises dynamic range control gain se­

quences DS for a dynamic range control stage 5 of an audio decoder 3 as 

well as guided clipping prevention gain sequences GS for a guided clipping 

prevention stage 6 of the audio decoder 3, wherein the dynamic range con­

trol gain sequences DS may be transmitted separately from the guided clip­

ping prevention gain sequences GS. 

The metadata encoder uses, as input, dynamic range control gain sequences 

DS that are provided externally, e.g., by an external tool operated by a con­

tent provider. 

The possible temporal resolution of the dynamic range control gains may be 

in the range of a few samples. The dynamic range control gain values may 

usually be represented with sufficient resolution of up to 0.125 dB. 

Additionally, the metadata encoder takes guided clipping prevention gain se­

quences GS as input. 

The compressed dynamic range control gain sequences DS and guided clip­

ping prevention gain sequences GS may be transmitted to the receiver as 

side information included in the unified speech and audio coding extension 

payload. 
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It should be noted that dynamic range control gain sequences DS should on­

ly include dynamic range control gains to perform dynamic range compres­

sion, whereas guided clipping prevention gains for clipping prevention are 

5 accommodated by the guided clipping prevention gains sequences GS. 

The temporal resolution of the guided clipping prevention gains may be the 

same as for the dynamic range control gains. 

10 The guided clipping prevention gain sequences GS are used to assure that 

no sample clipping occurs at the audio output signal AOS (see Fig. 2) of the 

audio decoder 3 for a specific target level and downmix/format converter con­

figuration. Each guided clipping prevention gain sequence GS may be opti­

mized for a combination of a specific downmix/format converter configuration, 

15 a specific target level, and a specific dynamic range control gain sequence 

for channels together with specific dynamic range control gain sequences for 

the objects. The information about which guided clipping prevention gain se­

quence GS is associated with which dynamic range control gain sequence 

DS may be included in the guided clipping prevention instruction contained in 

20 the file header of the unified speech and audio coding configuration exten­

sion. It may also include the information related to the target level for which 

the guided clipping prevention gains have been determined at the audio en­

coder 1. 

25 The inventive concept for dynamic range processing described above repre­

sents an approach to audio encoder side control of the entire audio pro­

cessing chain 4 (see Fig. 2). The separation of the metadata used for dynam­

ic range control and guided clipping prevention allows for separate modifica­

tion (scaling or mapping) of each of the gains, said modification depending 

30 on the audio decoder configuration and the playback scenario. 
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With the inventive concept it is possible to change the underlying dynamic 

range control characteristic of a dynamic range control gain sequence DS 

from heavy compression to light compression if the dynamic range control 

gains are transmitted separately from the guided clipping prevention gains 

5 GS. This can be achieved by means of appropriate scaling or mapping of the 

values of the dynamic range control gain sequence DS. 

The inventive concept gives the content provider full control of the final audio 

output signal AOS of the audio decoder 3 in order to meet given quality re-

10 quirements. In this case, both dynamic range control gain sequences DS and 

guided clipping prevention gain sequences GS can be included for specific 

audio decoder configurations considered to be most important. A peak limiter 

stage 12 may be discarded in many cases due to combined use of dynamic 

range control gain sequences DS and guided clipping prevention gain se-

15 quences GS. It has to be noted that guided clipping prevention at the audio 

decoder side, which is achieved by simply applying guided clipping preven­

tion gains, is computationally more efficient than using a peak limiter 12. 

According to a preferred embodiment of the invention the metadata encoder 

20 2 is configured to receive at least two dynamic range control gain sequences 

DS for the same audio frame comprising different dynamic range control 

gains, and to include the at least two dynamic range control gain sequences 

DS comprising the different dynamic range control gains into the metadata 

bitstream MBS. 

25 

The information about which dynamic range control characteristics are asso­

ciated with the different dynamic range control gain sequences DS may be 

included in the dynamic range control instruction contained in the file header 

in case of file based delivery or in the unified speech and audio coding con-

30 figuration extensions. 
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By means of these features it is possible to provide multiple dynamic range 

control gain sequences DS for the channels of an audio track in order to en­

able output signals at the audio decoder 3 which have different compression 

characteristics. 

5 

According to a preferred embodiment of the invention the metadata encoder 

is configured to receive a dynamic range control gain sequence DS compris­

ing at least two dynamic range control gains related to different audio chan­

nels AC and/or to different audio objects AO, the metadata encoder 2 being 

10 configured to include the at least two dynamic range control gains DS related 

to different audio channels AC and/or to different audio objects AO and, op­

tionally, the relationships of the dynamic range control gains to the audio 

channels AC and/or the audio objects AO into the metadata bitstream MBS. 

15 Within each dynamic range control sequence DS it is possible to define a set 

of different dynamic range control gains for different audio channels AC or 

groups of audio channels AC, wherein each audio channel AC usually is as­

sociated with exactly one channel group. For example, in multi-channel mov­

ie sound it is often desired to apply a specific dynamic range control gain to 

20 the dialog channel. The remaining channels such as front left, front right, rear 

left, rear right, for example, may be processed by using a different dynamic 

range control gain. 

By analogy with the channel case, multiple dynamic range control sequences 

25 DS that are associated with audio objects AO or groups of objects AO can be 

supported. These object-related dynamic range control sequences DS can 

also be considered as being associated with a specific channel group within 

a channel-related set of dynamic range control gains. The term audio objects 

herein relates to single source sounds such as a door bell. 

30 

The information about which dynamic range control characteristics are asso­

ciated with the different dynamic range control gain sequences DS may be 
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included in the dynamic range control instruction contained in the file header 

in case of file based delivery or in the unified speech and audio coding con­

figuration extensions. 

5 According to a preferred embodiment of the invention the metadata encoder 

2 is configured to receive a dynamic range control gain sequence DS com­

prising at least two dynamic range control gains related to different frequency 

bands of the audio decoder, the metadata encoder 2 being configured to in­

clude the at least two dynamic range control gains DS related to different fre-

10 quency bands of the audio decoder 3 and, optionally, the relationships of the 

dynamic range control gains to the frequency bands of the audio decoder 3 

into the metadata bitstream MBS. 

In an optional extension supporting multi-band dynamic range control, the 

15 metadata encoder 2 can be extended to also accept, as input, dynamic range 

control gain sequences DS having different dynamic range control gains for 

different frequency bands. 

The information about which dynamic range control characteristics are asso-

20 ciated with the different dynamic range control gain sequences DS may be 

included in the dynamic range control instruction contained in the file header 

in case of file based delivery or in the unified speech and audio coding con­

figuration extensions. 

25 According to a preferred embodiment of the invention the metadata encoder 

is configured to receive at least two guided clipping prevention gain se­

quences GS comprising different guided clipping prevention gains and to in­

clude the at least two guided clipping prevention gain sequences GS com­

prising the different guided clipping prevention gains into the metadata bit-

30 stream MBS. 
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According to a preferred embodiment of the invention each dynamic range 

control sequence DS is related to one of the guided clipping prevention gain 

sequences GS, the metadata encoder 2 being configured to include relation­

ships between the dynamic range control sequences DS and the guided clip-

5 ping prevention gain sequences GS into the metadata bitstream MBS. 

According to a preferred embodiment of the invention the metadata encoder 

is configured to receive a guided clipping prevention gain sequence GS com­

prising at least two guided clipping prevention gains related to different audio 

10 channels AC and/or to different audio objects AO, the metadata encoder 2 

being configured to include the guided clipping prevention sequence GS 

comprising the at least two guided clipping prevention gains related to differ­

ent audio channels AC and/or to different audio objects AO and, optionally, 

the relationships of the guided clipping prevention gains to the audio chan-

15 nels AC and/or the audio objects AO into the metadata bitstream MBS. 

As with the dynamic range control gains, it is possible to define a set of dif­

ferent guided clipping prevention gains for different audio channels AC or 

groups of audio channels AC within each guided clipping prevention se-

20 quence GS, where each audio channel AC usually is associated with exactly 

one audio channel group. In typical operation modes the same guided clip­

ping prevention gains are applied to all audio channels AC. 

The definitions of guided clipping prevention gain sequences for audio ob-

25 jects AO are analogous to the dynamic range control case. 

In another aspect the invention provides a method for operating an audio en­

coder 1 for producing an audio bitstream comprising one or more audio 

channels and/or one or more audio objects, the audio encoder comprising a 

30 metadata encoder 2 for producing a metadata bitstream MBS, the method 

comprising the steps of: 
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receiving, on the part of the metadata encoder 2, at least one dynamic range 

control gain sequence DS comprising one or more dynamic range control 

gains for a dynamic range control stage 5 of an audio decoder 3; 

5 receiving, on the part of the metadata encoder 2, at least one guided clipping 

prevention gain sequence GS comprising one or more guided clipping pre­

vention gains for a guided clipping prevention stage 6 of the audio decoder 3; 

and 

10 including, on the part of the metadata encoder 2, at least one of said dynamic 

range control gain sequences DS and at least one of said guided clipping 

prevention gain sequences GS into the metadata bitstream MBS. 

In a further aspect the invention provides a computer program for performing, 

15 when running on a computer or a processor, the before-mentioned method. 

The following figures for decoder side processing are based on the proposal 

for a 3D audio coding approach as presented in [M30324], 

20 Fig. 2 illustrates a first embodiment of an audio decoder 3 according to the 

invention in a schematic view. 

The audio decoder 3 for decoding an audio bitstream and a metadata bit-

stream MBS related to the audio bitstream, which are produced in particular 

25 by an audio encoder 1 according to the present invention, the audio decoder 

3 comprising: 

an audio processing chain 4 configured to receive a decoded audio signal 

DAS derived from the audio bitstream and configured to adjust characteris-

30 tics of an audio output signal AOS of the audio processing chain 4, the audio 

processing chain 4 comprising a plurality of adjustment stages 5, 6, 10, 11, 

12, 13, 14 (see also Fig. 3, 4, 5) including a dynamic range control stage 5 
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for adjusting a dynamic range of the audio output signal AOS and a guided 

clipping prevention stage 6 for preventing of clipping of the audio output sig­

nal AOS; and 

5 a metadata decoder 7 configured to receive the metadata bitstream MBS and 

configured to extract dynamic range control gain sequences DS and guided 

clipping prevention gain sequences GS from the metadata bitstream MBS, at 

least a part of the dynamic range control gain sequences DS being supplied 

to the dynamic range control stage 5, and at least a part of the guided clip-

10 ping prevention gain sequences GS being supplied to the guided clipping 

prevention stage 6. 

The metadata decoder 7 receives the metadata bitstream MBS containing 

the compressed dynamic range control gain sequences DS and guided clip-

15 ping prevention gain sequences GS, for example from a unified speech and 

audio coding decoder. 

The metadata decoder 7 generates the uncompressed dynamic range control 

gain sequence DS from the compressed metadata bitstream MBS. Addition-

20 ally, scaling or mapping of the resulting dynamic range control gains may be 

applied. 

The metadata decoder 7 additionally generates the uncompressed guiding 

clipping prevention gain sequences GS from the bitstream MBS containing 

25 compressed guided clipping prevention metadata. A scaling or mapping of 

the guided clipping prevention gains can be applied. This is especially useful 

if the audio decoder target level is lower than the target level that has been 

used for determining the guided clipping prevention gains sequence GS at 

the audio encoder 1. Then, mapping of the guided clipping prevention gains 

30 is possible, which optimally restores signal headroom while still assuring that 

no clipping occurs at the audio decoder output signal AOS. 
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The dynamic range control stage 5 receives the uncompressed and optional­

ly scaled or mapped dynamic range control gain sequences DS for each au­

dio frame directly or indirectly from the metadata decoder 7. The metadata 

decoder 7 also may ensure that the final time-domain dynamic range control 

5 gain values are interpolated with a temporal resolution corresponding to the 

temporal resolution of the audio samples. These final dynamic range control 

gains may then be applied to the decoded audio signal DAS, where assign­

ment of a certain dynamic range control sequence to the channels and/or 

objects is observed. 

10 

The guided clipping prevention stage 6 receives the uncompressed and op­

tionally scaled or mapped guided clipping prevention gain sequences GS for 

each audio frame directly or indirectly from the metadata decoder 7. The 

metadata decoder 7 may also ensure that the final time-domain guided clip-

15 ping prevention gain values are interpolated with a temporal resolution corre­

sponding to the temporal resolution of the audio samples. These final guiding 

clipping prevention gains may then be applied to the decoded audio signals 

or to signals ISG (or IGS in Fig. 3, Fig. 4 and Fig. 5) derived from the decod­

ed audio signals DAS, where assignment of a certain guided clipping preven-

20 tion sequence to the channels and/or objects is observed. 

The invention provides flexibility at the audio decoder side while leaving the 

control of the entire processing chain at the encoder side. The separation of 

the metadata used for dynamic range control and guided clipping prevention 

25 allows for separate modification (scaling or mapping) of each of the gains, 

said modification depending on the audio decoder configuration and the 

playback scenario. 

The invention allows changing the underlying dynamic range control charac-

30 teristic of a dynamic range control gain sequence DS from heavy compres­

sion to light compression if the dynamic range control gains are transmitted 

separately from the guided clipping prevention gains. This can be achieved 
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by means of appropriate scaling or mapping of the values of the dynamic 

range control gain sequence DS. 

In the event that the decoder target level is lower than the target level used 

5 for computing the gains for guided clipping prevention at the audio encoder 1, 

reduced attenuation of signal peaks can be allowed at the audio decoder 3 

by appropriately scaling the guided clipping prevention gains. Then, the level 

of strong signal peaks can be maintained or at least be increased as com­

pared to the case of applying the guided clipping prevention gains in an un-

10 modified manner, which means that available headroom can be preserved. 

According to a preferred embodiment of the invention the metadata decoder 

7 is configured to extract from the metadata bitstream MBS at least two dy­

namic range control gain sequences DS for the same audio frame comprising 

15 different dynamic range control gains. 

The information about which dynamic range control characteristics are asso­

ciated with the different dynamic range control gain sequences DS may be 

included in the dynamic range control instruction contained in the file header 

20 in case of file based delivery or in the unified speech and audio coding con­

figuration extensions. 

By means of these features it is possible to provide multiple dynamic range 

control gain sequences DS for the channels of an audio track in order to en-

25 able audio output signals AOS at the decoder 1 which have different com­

pression characteristics. 

According to a preferred embodiment of the invention the metadata decoder 

7 is configured to extract from the metadata bitstream MBS a dynamic range 

30 control gain sequence DS comprising at least two dynamic range control 

gains related to different frequency bands of the audio decoder 3. 
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In an optional extension supporting multi-band dynamic range control, the 

metadata decoder 7 can be extended to also accept, as input, dynamic range 

control gain sequences DS having different dynamic range control gains for 

different frequency bands. 

5 

In case of a multi-band dynamic range control extension, the time-domain 

audio signal has to be transformed into the appropriate frequency domain 

representation before applying multi-band dynamic range control gains. 

10 The information about which dynamic range control characteristics are asso­

ciated with the different dynamic range control gain sequences DS may be 

included in the dynamic range control instruction contained in the file header 

in case of file based delivery or in the unified speech and audio coding con­

figuration extensions. 

15 

According to a preferred embodiment of the invention the metadata decoder 

7 is configured to extract from the metadata bitstream MBS at least two guid­

ed clipping prevention gain sequences GS comprising different guided clip­

ping prevention gains. 

20 

By means of these features it is possible to provide multiple guided clipping 

prevention gain sequences GS for an audio track in order to match the corre­

sponding dynamic range control gain sequences DS. 

25 In a further aspect the invention provides a method for operating an audio 

decoder 3, in particular an audio decoder 3 according to the invention, for 

decoding an audio bitstream and a metadata bitstream MBS related to the 

audio bitstream, which are produced in particular by an audio encoder ac­

cording to the invention, the method comprises the steps of: 

30 

deriving a decoded audio signal DAS from the audio bitstream; 
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using an audio processing chain for having a plurality of adjusting stages 5, 

6, 10, 11, 12, 13, 14 for adjusting characteristics of an audio output signal 

AOS of the audio processing chain 4 including adjusting a dynamic range of 

the audio output signal AOS by a dynamic range control stage 5, which is an 

adjustment stage 5 of the adjustment chain 4 and preventing of clipping of 

the audio output signal AOS by a guided clipping prevention stage 6, which is 

an adjustment stage 6 of the adjustment chain 4; 

receiving, on the part of a metadata decoder 7, the metadata bitstream MBS 

and extracting dynamic range control gain sequences DS and guided clipping 

prevention gain sequences GS from the metadata bitstream MBS; 

supplying at least a part of the dynamic range control gain sequences DS to 

the dynamic range control stage 5; and 

supplying at least a part of the guided clipping prevention gain sequences GS 

to the guided clipping prevention stage 6. 

In a further aspect the invention provides a computer program for performing, 

when running on a computer or a processor, the before-mentioned method. 

Fig. 3 illustrates a second embodiment of an audio decoder 3 according to 

the invention in a schematic view. 

According to a preferred embodiment of the invention the metadata decoder 

7 is configured to extract from the metadata bitstream MBS a dynamic range 

control gain sequence DS comprising at least two dynamic range control 

gains related to different audio channels. 

Within each dynamic range control sequence DS it is possible to define a set 

of different dynamic range control gains for different channels or groups of 

channels, each channel usually being associated with exactly one channel 
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group. For example, in multi-channel movie sound it is often desired to apply 

a specific dynamic range control gain to the dialog channel. The remaining 

channels such as front left, front right, rear left, rear right, for example, may 

be processed by using a different dynamic range control gain. 

5 

According to a preferred embodiment of the invention the metadata decoder 

7 is configured to extract from the metadata bitstream MBS a guided clipping 

prevention gain sequence GS comprising at least two guided clipping preven­

tion gains related to different audio channels. 

10 

As with the dynamic range control gains, it is possible to define a set of dif­

ferent guided clipping prevention gains for different channels or groups of 

channels within each guided clipping prevention sequence, where each 

channel usually is associated with exactly one channel group. In typical op-

15 eration modes the same guided clipping prevention gains are applied to all 

channels. 

According to a preferred embodiment of the invention the audio decoder 3 

further comprises a metadata and parameter control stage 8 configured to 

20 provide metadata and parameters DS, GS, CLA, Dl, DTL, PRL, IS, OMD, ICT 

to at least one of the adjustment stages 5, 6, 10, 11, 12, 13, 14 on the basis 

of configuration information received from a configuration providing stage 9 

(see also Fig. 4 and 5). 

25 The metadata and parameter control stage 8 at the audio decoder may select 

the correct part of the metadata bitstream MBS in accordance with the de­

sired dynamic range control gain sequences DS by sending a gain sequence 

selection signal GSS to the metadata decoder 7. The scaling and mapping 

information can also be part of or derived from the decoder configuration in-

30 formation CI. 



WO 2015/059087 
36 

PCT/EP2014/072431 

By analogy, the metadata and parameter control stage 8 at the audio decod­

er 3 selects the correct part of the bitstream MBS in accordance with the de­

sired guided clipping prevention gain sequences GS. 

According to a preferred embodiment of the invention the metadata and pa­

rameter control stage 8 is configured to select, in the event that a plurality of 

dynamic range control gain sequences DS is received, which of the plurality 

of dynamic range control gain sequences DS is supplied to the dynamic 

range control stage 5. The selection of the dynamic range control sequences 

DS on the part of the metadata and parameter control stage 8 can be based 

on the decoder configuration information CI such as channel layout CLA, 

downmix instructions Dl, object metadata OMD (see Fig. 4), dynamic range 

control instructions, loudness information PRL, and decoder target level DTL, 

and may be executed by sending a gain sequence selection signal GSS to 

the metadata decoder 7. 

According to a preferred embodiment of the invention the metadata and pa­

rameter control stage 8 is configured to select, in the event that a plurality of 

guided clipping prevention gain sequences GS is received, which of the plu­

rality of guided clipping prevention gain sequences GS is supplied to 

the guided clipping prevention stage 6. 

The selection of the guided clipping prevention gain sequence GS on the part 

of the metadata and parameter control block 8 is usually based on audio de­

coder configuration information CI described above. 

According to a preferred embodiment of the invention the dynamic range 

control stage 5 in the direction of the signal flow is the first adjustment stage 

of the audio adjustment chain 4. 

Dynamic range control processing for channels may be performed before a 

potential downmixing or format conversion of the decoded audio channels 
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AC in order to enable different gaining for the channel groups. Accordingly, 

the dynamic range control gains are applied to the objects AO before render­

ing (see Fig.4). In the event that both - channels AC and objects AO - are 

present, the location of the dynamic range control processing remains the 

same: the channel related dynamic range control should be performed direct­

ly before the format converter stage 10 (see Fig. 4), whereas the object relat­

ed dynamic range control is performed before the object renderer 13 (see 

Fig.4). 

According to a preferred embodiment of the invention the audio adjustment 

chain 4 comprises a format converter stage 10 configured to adjust a channel 

configuration of the audio output signal AOS. The format converter stage 10, 

also referred to as downmixer (DMX), is configured to adapt the channel con­

figuration of the audio output signal AOS to the transducers used for play­

back. For example, the format converter stage may convert a 5.1 surround 

signal into a stereo signal. 

According to a preferred embodiment of the invention the audio adjustment 

chain 4 comprises a loudness normalization stage 11 configured to normalize 

the loudness of the audio output signal AOS. 

The loudness normalization stage 11 may scale its audio input signal OCF 

such that the output signal IGS has the correct target loudness level. The 

scaling factor is derived from the difference between the program reference 

level PRL and the decoder target level DTL and provided by the decoder's 

metadata and parameter control stage 8 to the loudness normalization stage 

11. The program reference level PRL may be obtained from the loudness 

information included, e.g., in the file header, whereas the decoder target level 

is a decoder configuration parameter. It is possible that multiple program ref­

erence level PRL values are provided within the loudness information, where 

each corresponds to a specific configuration of an applied dynamic range 

control sequence DS and/or an applied downmix. In this case, the metadata 
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and parameter control stage 8 chooses the correct program reference level 

value PRL while considering the given audio decoder configuration. The loca­

tion of the loudness-processing step depends on the actual output configura­

tion of the audio decoder 3. In general, the loudness normalization should be 

5 performed on the output channels of the audio decoder 3, e.g. after the mix­

er, or after format conversion stage 10, if applicable. 

According to a preferred embodiment of the invention the audio adjustment 

chain 4 comprises a peak limiter stage 12 configured to limit peaks of the 

10 audio output signal AOS in the event that a threshold is exceeded. 

According to a preferred embodiment of the invention the peak limiter stage 

12 in the direction of the signal flow is the last adjustment stage of the audio 

adjustment chain 4. 

There are a number of potential sources of unavoidable sample clipping in 

the audio processing chain 4 of a typical audio decoder, including: 

• Parametric coding tools 
20 • Binaural processing 

• Downmixing, format conversion, rendering 
• Loudness normalization (especially for high target levels) 
• Quantization at the decoder output 

25 The peak limiter stage 12 is therefore placed at the very end of the pro­

cessing chain 4 of the audio decoder 3 to prevent any undesired clipping of 

the audio samples, e.g. just before the time domain output signal is convert­

ed from the floating point to the fixed point pulse code modulation format 

(PCM format). This also means that any dynamic range control stage 5 and 

30 loudness normalization stage 11 described in the previous section is located 

before the peak limiter stage 12. In the context of MPEG-H 3D Audio 

[M30324], the peak limiter stage receives different signals IPL as input, de­

pending on the actual playback configuration. In case of binaural rendering, 
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the two output channels for the headphones may be processed by the peak 

limiter stage 12. If the output channels of the mixer are played back directly, 

the peak limiter stage 12 may process the corresponding loudspeaker chan­

nels. The same applies if the mixer output channels are converted to a differ­

ent loudspeaker configuration (e.g. downmixed) by the format converter 10 

first. 

The peak limiter stage 12 may detect audio samples in the time-domain sig­

nal that exceed the limiting threshold, and applies a level reduction to the 

respective signal portions so that the samples of the audio output signal AOS 

always stay below the limiting threshold. To prevent audible distortions, the 

level reduction should be performed gradually, i.e. the gain factor applied to 

the signal may only change slowly over time, which is ensured by a gain 

smoothing filter. A look-ahead delay of the input signal of the peak limiter 

stage before applying the limiter gain factor is also used in order to allow for 

a smooth reduction of the gain starting already before sharp signal peaks. 

The delay can be adjusted to a given requirement, a practical choice being 5 

ms. In case of multi-channel audio a common gain factor may be applied to 

all audio channels to reduce computational complexity. 

The information about the maximum peak IS of the audio signal DAS, which 

may be included in the loudness information of a file header, can be exploited 

to discard the peak limiter stage 12 if the decoder configuration implies that 

no clipping can occur in the audio processing chain. The peak limiter stage 

12 may also be discarded, e.g., if the audio decoder 3 outputs audio samples 

with floating point precision, and clipping prevention is performed at a later 

point in the audio chain of the playback device. Obviously, if the decoder con­

figuration for a given playback scenario allows application of correct guided 

clipping prevention gains, the peak limiter stage may also be disabled if no 

additional codec clipping occurs. 
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The peak limiter 12 may be considered as being an essential component in 

practice. There are numerous sources of clipping within the audio processing 

chain of the audio decoder 3. Special configurations may be covered by 

providing guided clipping prevention gain sequences. However, for flexible 

5 operation of the decoder, the peak limiter may be provided to assure that no 

clipping occurs. 

As shown in Fig. 3, the guided clipping prevention processing may be per­

formed after format conversion and loudness normalization of the audio 

10 channels. If no format conversion is applied, the guided clipping prevention 

gains may be directly applied to the output ISG of the dynamic range control 

stage 5. 

Fig. 4 illustrates a third embodiment of an audio decoder according to the 

15 invention in a schematic view. Fig. 4 depicts a configuration of dynamic range 

control processing for audio objects AO. The dynamic range control pro­

cessing is performed on the audio object signals before rendering. Loudness 

normalization and clipping prevention is performed after the object rendering 

to channels. 

20 

According to a preferred embodiment of the invention the audio adjustment 

chain 4 comprises an object renderer stage 13 configured to mix audio ob­

jects AO into channels of the audio output signal AOS. 

25 According to a preferred embodiment of the invention the metadata decoder 

7 is configured to extract from the metadata bitstream MBS a dynamic range 

control gain sequence DS comprising at least two dynamic range control 

gains related to different audio objects AO. 

30 By analogy with the channel case, multiple dynamic range control sequences 

DS that are associated with audio objects or groups of objects can be sup­

ported. These object-related dynamic range control sequences can also be 
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considered as being associated with a specific channel group within a chan­

nel-related set of dynamic range control gains. The term audio objects AO 

herein relates to single source sounds such as a door bell. 

5 According to a preferred embodiment of the invention the metadata decoder 

7 is configured to extract from the metadata bitstream MBS a guided clipping 

prevention gain sequence GS comprising at least two guided clipping preven­

tion gains related to different audio objects. 

10 As with the dynamic range control gains, it is possible to define a set of dif­

ferent guided clipping prevention gains for different audio objects or groups of 

audio objects within each guided clipping prevention sequence, where each 

channel usually is associated with exactly one audio object. In typical opera­

tion modes the same guided clipping prevention gains are applied to all audio 

15 objects. 

The definitions of guided clipping prevention gain sequences for objects are 

analogous to the dynamic range control case. 

20 Fig. 5 illustrates a forth embodiment of an audio decoder according to the 

invention in a schematic view. 

Another realization of the concept is shown in Fig. 5, where an additional 

transducer adaptation block 14 is included before the peak limiter 12. The 

25 format converter stage 10 refers to a downmixing processing step or a format 

conversion between different input/output channel configurations. By 

analogy, the tranducer adaptation block can be included in a object- related 

processing chain according to Fig. 4. 

30 According to a preferred embodiment of the invention the audio adjustment 

chain 4 comprises a transducer adaption stage 14 configured to adjust char­
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acteristics of the audio output signal AOS to a transducer system used for 

reproducing the audio output signal. 

In order to reduce the required limiting strength of the peak limiter stage 12, 

5 frequency dependent transducer adaptation processing, e.g. implemented by 

an equalization filter, can be included in the processing chain 4. 

The transducer adaptation stage 14 receives an audio input signal ITA and 

information ICT about the characteristics of the transducer used for reproduc-

10 tion (loudspeaker or headphones). 

The task of the transducer adaption stage 14 is to adapt the audio output 

signal AOS to the transducer characteristics, especially when transducers 

have a limited frequency range and thereby will limit the frequency range of 

15 the audio output signal. By limiting the frequency range by using appropriate 

filters mimicking the transfer function of the transducer prior to the peak limit­

ing stage 12, the input signal IPL of the peak limiter stage is reduced in level. 

As a consequence, signal peaks that exceed the limiting thresholds are re­

duced in level. Consequently, the effect of the peak limiting stage 12 is less 

20 severe. This is advantageous because 

peak limiting can audibly change the signal, whereas the transducer 

adaptation does not introduce audible changes into the signal, and 

25 - when signals are modified such that the maximum peak level is below 

the limiting threshold, the peak limiter will introduce less computational 

load. 

In addition to the filtering, the transducer adaptation stage 14 can also in-

30 elude signal-adaptive processing such that the band-limiting of the transducer 

is compensated for. Especially very small transducers are not capable of re­

producing low-frequency signals. 
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This can be compensated for by increasing the perceived bass response of 

the transducer, e.g. by artificially generating and adding harmonics of the 

low-frequency notes to the signal. 

With respect to the decoder, the encoder, and the methods of the described 

embodiments the following shall be noted: 

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. 

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 digital storage medium, for example a floppy disk, 

a DVD, a CD, a ROM, a PROM, an EPROM, an EEPROM or a FLASH 

memory, having electronically readable control signals stored thereon, which 

cooperate (or are capable of cooperating) with a programmable computer 

system such that the respective method is performed. 

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 
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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 

5 the methods described herein, which is stored on a machine readable carrier 

or a non-transitory storage medium. 

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-

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

A further embodiment of the inventive methods 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-

15 scribed herein. 

A further embodiment of the inventive 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 

20 may be configured, for example, 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 or adapted to perform one 

25 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. 

30 In some embodiments, a programmable logic device (for example a field pro­

grammable gate array) may be used to perform some or all of the functionali­

ties of the methods described herein. In some embodiments, a field pro­



WO 2015/059087 
45 

PCT/EP2014/072431 

grammable gate array may cooperate with a microprocessor in order to per­

form one of the methods described herein. Generally, the methods are ad­

vantageously performed by any hardware apparatus. 

While this invention has been described in terms of several embodiments, 

there are alterations, permutations, and equivalents which fall within the 

scope of this invention. It should also be noted that there are many alterna­

tive ways of implementing the methods and compositions of the present in­

vention. It is therefore intended that the following appended claims be inter­

preted as including all such alterations, permutations and equivalents as fall 
within the true spirit and scope of the present invention. 

Reference signs: 

1 audio encoder 

2 metadata encoder 

3 audio decoder 

4 audio processing chain 

5 dynamic range control stage 

6 guided clipping prevention stage 

7 metadata decoder 

8 metadata and parameter control stage 

9 configuration providing stage 

10 format converter stage 

11 loudness normalization stage 

12 peak limiter stage 

13 object renderer stage 

14 transducer adaption stage 

MBS metadata bitstream 

DS dynamic range control gain sequence 

GS guided clipping prevention gain sequence 
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DAS decoded audio signal 

AOS audio output signal 

1SG signal derived from the decoded audio signal 

CI configuration information 

AC audio channel 

AO audio object 

IPL input signal of the peak limiter stage 

ITA input signal of the transducer adaptation stage 

ICT information about the characteristics of the transducer 

1GS output signal of the loudness normalization stage 

OCF output of the format converter stage or the object renderer stage 

GSS gain sequence selection signal 

CLA channel layout 

Dl downmix instructions 

PRL program reference level 

IS maximum peak value for the peak limiter stage 

DTL decoder target level 

OMD object metadata 

References: 

[M30100] ISO/IEC JTC1/SC29/WG11 M30100, " Proposed Revision of 

Audio aspects of WD: Addition of Sample aspect ratio and fur­

ther audio code-points July 2013, Vienna 

[M30101] ISO/IEC JTC1/SC29/WG11 M30101, "Editors draft of 14496-12 

PDAM 3 - Enhanced audio and other improvements", July 

2013, Vienna 

[M30324] ISO/IEC JTC1/SC29/WG11 M30324, "Description of the 

Fraunhofer IIS Submission for the 3D-Audio CfP July 2013, 

Vienna 

[M28901] ISO/IEC JTC1/SC29/WG11 M28901, "Enhanced Metadata for 

Dynamic Range Compression", April 2013, Incheon, Korea 
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Claims 

 

1. Audio encoder for producing an audio bitstream comprising one or more 

audio channels and/or one or more audio objects, the audio encoder 

comprising a metadata encoder for producing a metadata bitstream, the 5 

audio encoder being configured:  

 

to receive at least one dynamic range control gain sequence for an au-

dio frame comprising one or more dynamic range control gains for a 

dynamic range control stage of an audio decoder; 10 

 

to receive at least one guided clipping prevention gain sequence for the 

audio frame comprising one or more guided clipping prevention gains 

for a guided clipping prevention stage of the audio decoder; and 

 15 

to include at least one of said dynamic range control gain sequences 

and at least one of said guided clipping prevention gain sequences into 

the metadata bitstream. 

 

2. Audio encoder according to the preceding claim, wherein the metadata 20 

encoder is configured to receive at least two dynamic range control gain 

sequences for the same audio frame comprising different dynamic 

range control gains, and to include the at least two dynamic range con-

trol gain sequences comprising different dynamic range control gains in-

to the metadata bitstream. 25 

 

3. Audio encoder according to one of the preceding claims, wherein the 

metadata encoder is configured to receive a dynamic range control gain 

sequence comprising at least two dynamic range control gains related 

to different audio channels and/or to different audio objects, and to in-30 

clude the dynamic range control gain sequence comprising at least two 

dynamic range control gains related to different audio channels and/or 
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to different audio objects and, optionally, the relationships of the dynam-

ic range control gains to the audio channels and/or the audio objects in-

to the metadata bitstream. 

 

4. Audio encoder according to one of the preceding claims, wherein the 5 

metadata encoder is configured to receive a dynamic range control gain 

sequence comprising at least two dynamic range control gains related 

to different frequency bands of the audio decoder, and to include the 

dynamic range control gain sequence comprising at least two dynamic 

range control gains related to different frequency bands of the decoder 10 

and, optionally, the relationships of the dynamic range control gains to 

the frequency bands of the decoder into the metadata bitstream. 

 

5. Audio encoder according to one of the preceding claims, wherein the 

metadata encoder is configured to receive at least two guided clipping 15 

prevention gain sequences comprising different guided clipping preven-

tion gains, and to include the at least two guided clipping prevention 

gain sequences comprising the different guided clipping prevention 

gains into the metadata bitstream. 

 20 

6. Audio encoder according to one of the preceding claims, wherein each 

dynamic range control sequence is related to one of the guided clipping 

prevention gain sequences, wherein the metadata encoder is config-

ured to include relationships between the dynamic range control se-

quences and the guided clipping prevention gain sequences into the 25 

metadata bitstream. 

 

7. Audio encoder according to one of the preceding claims, wherein the 

metadata encoder is configured to receive a guided clipping prevention 

gain sequence comprising at least two guided clipping prevention gains 30 

related to different audio channels and/or to different audio objects, and 

to include the guided clipping prevention gain sequence comprising at 
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least two guided clipping prevention gains related to different audio 

channels and/or to different audio objects and, optionally, the relation-

ships of the guided clipping prevention gains to the audio channels 

and/or the audio objects into the metadata bitstream. 

 5 

8. Method for operating an audio encoder for producing an audio bitstream 

comprising one or more audio channels and/or one or more audio ob-

jects, the audio encoder comprising a metadata encoder for producing a 

metadata bitstream, the method comprising the steps of:  

 10 

receiving, on the part of the metadata encoder, at least one dynamic 

range control gain sequence comprising one or more dynamic range 

control gains for a dynamic range control stage of an audio decoder; 

 

receiving, on the part of the metadata encoder, at least one guided clip-15 

ping prevention gain sequence comprising one or more guided clipping 

prevention gains for a guided clipping prevention stage of the audio de-

coder; and 

 

including, on the part of the metadata encoder, at least one of said dy-20 

namic range control gain sequences and at least one of said guided 

clipping prevention gain sequences into the metadata bitstream. 

 

9. Computer program for performing, when running on a computer or a 

processor, the method of the preceding claim. 25 

 

10. Audio decoder for decoding an audio bitstream and a metadata bit-

stream related to the audio bitstream, which are produced in particular 

by an audio encoder according to one of claims 1 to 8, the audio de-

coder comprising: 30 

 

an audio processing chain configured to receive a decoded audio signal 
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derived from the audio bitstream and to adjust characteristics of an au-

dio output signal of the audio processing chain, the audio processing 

chain comprising a plurality of adjustment stages including a dynamic 

range control stage for adjusting a dynamic range of the audio output 

signal and a guided clipping prevention stage for preventing of clipping 5 

of the audio output signal; and 

 

a metadata decoder configured to receive the metadata bitstream and 

to extract dynamic range control gain sequences and guided clipping 

prevention gain sequences from the metadata bitstream, at least a part 10 

of the dynamic range control gain sequences being supplied to the dy-

namic range control stage, and at least a part of the guided clipping 

prevention gain sequences being supplied to the guided clipping pre-

vention stage. 

 15 

11. Audio decoder according to claim 10, wherein the metadata decoder is 

configured to extract from the metadata bitstream at least two dynamic 

range control gain sequences for the same audio frame comprising dif-

ferent dynamic range control gains. 

 20 

12. Audio decoder according to claim 10 or 11, wherein the metadata de-

coder is configured to extract from the metadata bitstream a dynamic 

range control gain sequence comprising at least two dynamic range 

control gains related to different audio channels and/or to different audio 

objects. 25 

 

13. Audio decoder according to one of the claims 10 to 12, wherein the 

metadata decoder is configured to extract from the metadata bitstream 

a dynamic range control gain sequence comprising at least two dynam-

ic range control gains related to different frequency bands of the audio 30 

decoder. 
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14. Audio decoder according to one of the claims 10 to 13, wherein the 

metadata decoder is configured to extract from the metadata bitstream 

at least two guided clipping prevention gain sequences comprising dif-

ferent guided clipping prevention gains. 

 5 

15. Audio decoder according to one of the claims 10 to 14, wherein the 

metadata decoder is configured to extract from the metadata bitstream 

a guided clipping prevention gain sequence comprising at least two 

guided clipping prevention gains related to different audio channels 

and/or to different audio objects. 10 

 

16. Audio decoder according to one of the claims 10 to 15, the audio de-

coder further comprising a metadata and parameter control stage con-

figured to provide metadata and parameters  to at least one of the ad-

justment stages  on the basis of configuration information received from 15 

a configuration providing stage. 

 

17. Audio decoder according to one of the claims 10 to 16, wherein the 

metadata and parameter control stage is configured to select, in the 

event that a plurality of dynamic range control gain sequences is re-20 

ceived, which of the plurality of dynamic range control gain sequences 

is supplied to the dynamic range control stage. 

 

18. Audio decoder according to one of the claims 10 to 17, wherein the 

metadata and parameter control stage is configured to select, in the 25 

event that a plurality of guided clipping prevention gain sequences is 

received, which of the plurality of guided clipping prevention gain se-

quences is supplied to the guided clipping prevention stage. 

 

19. Audio decoder according to one of the claims 10 to 18, wherein the dy-30 

namic range control stage in the direction of the signal flow is the first 

adjustment stage of the audio adjustment chain. 
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20. Audio decoder according to one of the claims 10 to 19, wherein the au-

dio adjustment chain comprises a format converter stage configured to 

adjust a channel configuration of the audio output signal. 

 5 

21. Audio decoder according to one of the claims 10 to 20, wherein the au-

dio adjustment chain comprises a loudness normalization stage config-

ured to normalize the loudness of the audio output signal. 

 

22. Audio decoder according to one of the claims 10 to 21, wherein the au-10 

dio adjustment chain comprises a peak limiter stage configured to limit 

peaks of the audio output in the event that a threshold is exceeded. 

 

23. Audio decoder according to one of the claims 10 to 22, wherein the au-

dio adjustment chain comprises an object renderer stage configured to 15 

mix audio objects into channels of the audio output signal. 

 

24. Audio decoder according to one of the claims 10 to 23, wherein the au-

dio adjustment chain comprises a transducer adaption stage configured 

to adjust characteristics of the audio output signal to a transducer sys-20 

tem used for reproducing the audio output signal. 

 

25. Audio decoder according to one of the claims 10 to 24, wherein the 

peak limiter stage in the direction of the signal flow is the last adjust-

ment stage of the audio adjustment chain. 25 

 

26. Method for operating an audio decoder, in particular an audio decoder 

according to one of claims 10 to 25, for decoding an audio bitstream 

and a metadata bitstream related to the audio bitstream, which are pro-

duced in particular by an audio encoder according to one of claims 1 to 30 

8, the method comprising the steps of: 
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deriving a decoded audio signal from the audio bitstream;  

 

using an audio processing chain having a plurality of adjusting stages 

for adjusting characteristics of an audio output signal of the audio pro-

cessing chain including adjusting a dynamic range of the audio output 5 

signal by a dynamic range control stage, which is an adjustment stage 

of the adjustment chain, and preventing of clipping of the audio output 

signal by a guided clipping prevention stage, which is an adjustment 

stage  of the adjustment chain;  

 10 

receiving, on the part of a metadata decoder, the metadata bitstream 

and extracting dynamic range control gain sequences and guided clip-

ping prevention gain sequences from the metadata bitstream; 

 

supplying at least a part of the dynamic range control gain sequences to 15 

the dynamic range control stage; and 

 

supplying at least a part of the guided clipping prevention gain se-

quences to the guided clipping prevention stage. 

 20 

27. Computer program for performing, when running on a computer or a 

processor, the method of the preceding claim. 
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