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Apparatus for processing an input audio signal 

and corresponding method 

Specification  

5 

The invention refers to an apparatus for processing an input audio signal. The invention 

also refers to a corresponding method and to a computer program. 

The invention relates to the field of processing audio signals, more specifically to an 

	

10 	approach which controls the loudness range of an audio signal, i.e., adjusts the loudness 

range of an audio signal to match a desired target loudness range. The loudness range [1] 

is a measure of the dynamics of an audio signal. As set forth in [1], in the meaning of the 

present application, the loudness range quantifies the variation in a time-varying loudness 

measurement. Thus, the loudness range describes the statistical distribution of measured 

	

15 	instantaneous loudness values. 

Controlling the loudness range is desirable for a wide range of scenarios, e.g.,: 

• playback with devices which have constraints on audio playback system capabilities 

	

20 	• playback under special viewing modes, e.g., late-night-mode 

• playback in environments with high ambient noise 

• preprocessing for real-time loudness normalization 

A method that enables controlling the loudness range of an audio signal 1b achieve a 

25 target loudness range is termed a Loudness Range Control (LRAC) method here. In 

literature, the majority of methods seeks to control the dynamic range of the audio signal, 

i.e., Dynamic Range Control (DRC). The definition of the loudness range is standardized 

[1] whereas the definition of the dynamic range sometimes differs. Of course, controlling 

the dynamic range is related to controlling the loudness range. Therefore, for the sake of 

	

30 	simplicity both can be addressed as LRAC methods. 

Automatic gain control (AGC) represents methods that relate to controlling the overall 

level of an audio signal. Due to the fact that the gain is typically time variant, this usually 

leads to a change in the dynamic range, i.e., the dynamic range is typically reduced. 

	

35 	However, the amount of change in the dynamic range is not predictable, i.e., the dynamic 

range of the output signal is unknown and cannot be controlled in a desired way. 

CONFIRMATION COPY 
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Of course, the aim of applying a compressor with a fixed preselected transfer function 

(also known as profile) is to change the loudness range of the audio signal. The selection 

of the transfer function is based on some predefined criteria, e.g., viewing mode. 

	

5 	However, applying a predefined compressor transfer function also cannot guarantee that 

a target loudness range is achieved at the output. 

In order to achieve a desired target loudness range, a transfer function that is unique to 

the given audio signal is determined. The transfer function is then applied to the audio 

	

10 	signal to produce the loudness-range-controlled audio. In addition, the transfer function 

should be designed so as to achieve the desired target loudness range with minimal 

degradation of the audio signal quality. 

In the state-of-the-art, different methods are known. 

15 

Predefined/fixed transfer functions: 

The transfer functions are predefined and are selected based on the expected playback 

content, e.g., movie, news, music, or on the listening mode, e.g., late-night-mode. 

20 	Reference-signal based transfer functions: 

Other methods [2] propose to use a combination of a measured reference signal, e.g., the 

level of background noise in the listening environment, and a volume control setting on the 

playback device. 

25 	Parameter-based transfer functions: 

Here, the transfer function is designed based only on user-defined input parameters. 

For the method proposed in [3], the average level and the dynamic range of an input 

audio signal are determined. Based on the average level and a setting of the desired 

30 	dynamic range of the user, a transfer function is computed and applied to the input audio 

signal. 

Fig. 1 shows the slider-based desired dynamic range tolerance and corresponding 

transfer function. On the x-axis of the diagram the Input loudness in [dBJ and on the y-axis 

35 	the Output loudness in [dB] is given. The exemplary slider on the left allows to set the 

"dynamic range tolerance region" that effects the form of the transfer function. The lower 
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region of the Input loudness reaches to the upper limit of the noise floor. This is followed 

by a section with constant output loudness. The dynamic range tolerance region 

corresponds to the desired dynamic range in this case. The linear portion of the transfer 

function is placed at average signal level (horizontal shift), which is time-dependent 

	

5 	followed one more by a section with constant output loudness. 

The measured dynamic range is not used in the computation of the transfer function, i.e., 

a dedicated control of the dynamic or loudness range of the input audio signal is not 

possible. 

10 

In [4], the dynamic spread, which is the average absolute deviation from the average 

loudness, is controlled. A specific compressor with two line segments is used as shown in 

Fig. 2 (Output loudness vs. Input loudness). The two parameters to be estimated are 

compressor threshold (indicated by the black dot) and slope (i.e. the deviation from the 

	

15 	linear curve given with a broken line). The threshold is specified by the user as a 

percentile and converted to dB by using the dynamics profile [dB vs percentile]. The slope 

is computed based on the assumption that there is a linear relationship between changes 

in the dynamic spread and changes in the slope. 

Soles Srnin 	Ddes — Dmin 

	

20 
	

Smax Sm.in 	Dmax — Drain 	
(1) 

where Sdes and Ddes  are the desired slope and dynamic spread, respectively, and Din is the 

measured dynamic spread. 

25 	Typically, Smin = Dmin = 0, Smax  = 1 and Dmax = Din, thus: 

Soles = Din 
	 (2) 

The transfer function is then adapted via an iterative process. 

30 

First, the transfer function is applied to the input histogram of the audio data or to the 

audio data in order to determine the achieved dynamic spread. The slope of the transfer 

Ddes 
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function is then adjusted and the procedure is repeated until the desired dynamic spread 

is achieved. 

There are two drawbacks implied by this approach to dynamic range control: 

5 

1) Only the slope of the transfer function is determined but not its position relative to the 

origin, i.e., the shift, of the plane spanned by the input/output levels. Therefore, the 

range of the resulting gains cannot be predicted. 

2) The iterative process to obtain the final transfer function from the initial one is 

10 	computationally very complex and may not necessarily lead to the best result, as the 

selection of the initial transfer function, with its user defined threshold, limits the 

properties of the possible final transfer functions. 

A make-up gain is computed by applying the final transfer function to the input histogram 

15 	and subsequently approximating the output loudness from it. 

The object of the invention is to provide an apparatus and a method for processing an 

input audio signal especially concerning the loudness of the output signals not suffering 

from the drawbacks of the state of art. 

20 

The object is achieved by an apparatus for processing an input audio signal, comprising 

an evaluator, a calculator and an adjuster. The evaluator is configured to evaluate a 

loudness of the input audio signal to determine a loudness range and an actual loudness 

value. The loudness range is determined in one embodiment for the entire input audio 

25 	signal and in a different embodiment for a given time period (e.g. a frame) of the input 

audio signal. The actual loudness value is e.g. a momentary or short-term loudness value 

of the input audio signal [6]. It should be clear that any measure indicating or providing a 

suitable measure of the level or power of at least a time period of the input audio signal, 

e.g., the mean power, can be used in place of the aforementioned actual loudness 

30 	measure. The calculator is configured to determine a compressor transfer function based 

on the determined loudness range, based on a target loudness range and based on the 

determined actual loudness value. In some embodiments the compressor transfer function 

is additionally based on the determined statistical moment of the loudness value. The 

statistical moment is e.g. the mean of the loudness value or the integrated gated loudness 

35 	of the audio input according to ITU-R BS.1770 [5]). The calculator is configured to 

determine at least one loudness range control gain based on the determined compressor 
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transfer function. The adjuster is configured to provide an output audio signal based on 

the input audio signal and based on the at least one determined loudness range control 

gain. In a different embodiment, the calculator provides the loudness range control gains 

to the adjuster for providing the output audio signal. 

5 

In one embodiment, the evaluator is configured to evaluate the loudness of the input audio 

signal to determine a statistical moment of the loudness value. Further, the calculator is 

configured to determine the compressor transfer function based on the determined 

loudness range, based on the target loudness range and based on a difference between 

10 	the determined actual loudness value and the determined statistical moment of the 

loudness value. 

In a different embodiment, the calculator is configured to determine the compressor 

transfer function based on a curve and a shift, the calculator is configured to determine 

15 	the curve based on the determined loudness range and on the target loudness range, and 

the calculator is configured to determine the shift based on the determined statistical 

moment of the loudness value. 

According to an embodiment, the calculator is configured to determine the compressor 

20 	transfer function based on a slope and a shift, the calculator is configured to determine the 

slope based on the determined loudness range and on the target loudness range, and the 

calculator is configured to determine the shift based on the determined statistical moment 

of the loudness value. 

25 	In an embodiment, the determined compressor transfer function is valid for the entire input 

audio signal. 

According to an embodiment, the evaluator is configured to evaluate the loudness of the 

entire input audio signal. 

30 

In an embodiment, the evaluator is configured to evaluate the loudness of at least a time 

period of the input audio signal. 

According to an embodiment, the evaluator is configured to determine momentary or 

35 	short-term loudness value as the actual loudness value. 
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In an embodiment, the evaluator is configured to determine a mean loudness as the 

statistical moment of the loudness value. 

In a different embodiment, the evaluator is configured to determine an integrated gated 

5 	loudness as the statistical moment of the loudness value. 

According to an embodiment, the calculator is configured to determine the compressor 

transfer function such that a mean loudness of the output audio signal and the determined 

mean loudness of the input audio signal are equal. 

10 

In an embodiment, the calculator is configured to provide the adjuster with the determined 

loudness range control gain. 

In an embodiment, the calculator is configured to provide the adjuster with the determined 

15 	loudness range control gain only in case the calculated loudness range control gain is 

smaller than or equal to a maximum gain value. According to an embodiment, when the 

determined loudness range control gain is larger than the maximum gain value, the 

calculator is configured to provide the adjuster with the maximum gain value. In an 

alternative embodiment, when the determined loudness range control gain is larger than 
20 	the maximum gain value, the calculator does not provide a gain to the adjuster and the 

adjuster assumes a maximum gain value or uses a gain stored for such a situation. 

In a further embodiment, the calculator is configured to determine the loudness range 

control gain based on the determined compressor transfer function and based on a 

25 	maximum gain value such that the determined loudness range control gain is smaller than 

or equal to the maximum gain value. Hence, the calculator determines, for example, the 

determined loudness range control gain to be submitted to the adjuster by calculating a 

minimum of the actually determined gain value and the maximum gain value. 

30 	According to an embodiment, the maximum gain value is set by a user input. In an 

alternative embodiment, the maximum gain value is depending on a difference between 

the target loudness range and the determined loudness range of the input audio signal. 

According to an embodiment, the apparatus further comprises an input interface 
35 	configured to receive a value for the target loudness range. Hence, via the input interface 

the user inputs the desired target loudness range. 
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Some further embodiments of the apparatus and accordingly the method follow: 

In an embodiment, the evaluator is configured to evaluate a loudness of the input audio 

	

5 	signal to determine a loudness range and a mean loudness. The calculator is configured 

to calculate a slope value being proportional to a ratio between a target loudness range 

and the determined loudness range of the input audio signal. The calculator is configured 

to calculate a shift value being depending on the determined mean loudness of the input 

audio signal (in one embodiment, the shift depends on the determined mean loudness 

	

10 	times the difference between 1 and the slope). The calculator is configured to calculate 

loudness range control data based on a linear transfer function depending on the 

calculated shift value and on the calculated slope value. Finally, the adjuster is configured 

to provide an output audio signal based on the input audio signal and based on the 

loudness range control data. 

15 

In an embodiment, the linear transfer function is valid for the entire input audio signal. In 

this embodiment, one linear transfer function is used for the entire input audio signal, i.e. 

for all loudness values. In one embodiment, the linear transfer function is valid for the 

entire input audio signal with exception of very high and/or low loudness values. 

20 

According to an embodiment, the evaluator is configured to determine the loudness range 

and the mean loudness of the entire input audio signal. This embodiment is especially 

relevant for the offline treatment of the input audio signal. 

25 	In an embodiment, the evaluator is configured to determine the loudness range and the 

mean loudness of at least a part of the input audio signal. 

According to an embodiment, the calculator is configured to calculate the slope value as a 

product of a proportionality constant times the ratio between the target loudness range 

30 	and the determined loudness range of the input audio signal. The target loudness range is 

input by a user and refers to the loudness range of the output audio signal, the determined 

loudness range is given by the input audio signal. 

In an embodiment, the proportionality constant is set to one. Hence, the slope value is 

35 	given by the ratio between the target loudness range and the determined loudness range. 
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According to an embodiment, the calculator is configured to calculate the shift value such 

that a mean loudness of the output audio signal and the determined mean loudness of the 

input audio signal are equal. 

	

5 	In an embodiment, the calculator is configured to calculate the shift value using the 

following formula: a = pin * (1 — b). The shift value is given by a, the determined mean 

loudness of the input audio signal is denoted by pin, and b is the calculated slope value. 

According to an embodiment, the calculator is configured to provide a loudness range 

	

10 	control gain and the adjuster is configured to apply the loudness range control gain to the 

input audio signal. 

In an embodiment, the evaluator is configured to determine an input loudness value of a 

frame of the input audio signal having a short-term duration. The calculator is configured 

	

15 	to provide an output loudness value of a frame of the output audio signal corresponding to 

the frame of the input audio signal. Further, the calculator is configured to calculate the 

output loudness value using the following formula: Nout(k) = a + b * Nin(k). Wherein: Nout(k) 

is the output loudness value, a is the shift value, b is the slope value, Kn(k) is the 

determined input loudness value of the corresponding frame of the audio input signal, and 

	

20 	k is an index of the frame. The frame is thus a part of the input signal from which e.g. the 

loudness range and/or the mean loudness are/is determined. 

According to an embodiment, the calculator is configured to provide a loudness range 

control gain as the difference between the calculated loudness value of the frame of the 

25 

	

	output audio signal and the determined loudness value of the corresponding frame of the 

input audio signal. 

In an embodiment, the calculator is configured to provide a loudness range control gain 

using the following formula: G(k) = a + (b — 1) * Kn(k), wherein G(k) is the loudness range 

30 	control gain, a is the calculated shift value, b is the calculated slope value, Nin(k) is the 

determined input loudness value of a frame of the audio input signal, and k is an index of 

the frame. The loudness range control gain is thus an example of the loudness range 

control data to be used by the adjuster. 

35 	According to an embodiment, the adjuster is configured to apply the loudness range 

control gain to the input audio signal to provide the output audio signal. 
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In an embodiment, the calculator is configured to provide the adjuster with the calculated 

loudness range control gain. According to an embodiment, the provided calculated 

loudness range control gain is smaller than or equal to a maximum gain value. 

According to an embodiment, the maximum gain value is set by a user input. 

In an embodiment, the maximum gain value is depending on a difference between the 

target loudness range and the determined loudness range of the input audio signal. 

According to an embodiment, the calculator is configured to provide the adjuster with the 

calculated loudness range control gain. The provided calculated loudness range control 

gain is in one embodiment greater than or equal to a minimum gain value. 

15 	In an embodiment, the evaluator is configured to determine an integrated loudness of the 

input audio signal. Further, the calculator is configured to calculate a makeup gain value 

based on the determined integrated loudness of the input audio signal and on a target 

integrated loudness of the output signal. Finally, the adjuster is configured to modify the 

loudness of the output audio signal by applying the makeup gain value. 

20 

According to an embodiment, the evaluator is configured to determine an integrated 

loudness of the input audio signal. The calculator is configured to calculate a makeup gain 

value based on the shift value, the slope value, and the determined integrated loudness. 

The adjuster is configured to modify the loudness of the output audio signal by applying 

25 	the makeup gain value. 

In an embodiment, the calculator is configured to calculate the makeup gain value using 

the following formula: Gmu = a + (b — 1) lip, wherein Gmu is the makeup gain value, a is the 

shift value, b is the slope value, and lir, is the determined integrated loudness of the input 
30 	audio signal. 

The object is also achieved by a method for processing an input audio signal. The 

expression input audio signal comprises audio signals as well as speech signals. 

35 	The method for processing an input audio signal comprises at least the following steps: 

5 

10 
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• evaluating a loudness of the input audio signal to determine a loudness range and an 

actual loudness value, 

• determining a compressor transfer function based on the determined loudness range, 

based on a target loudness range, based on the determined actual loudness value, 

	

5 	and based on the statistical moment of the determined loudness value, 

• determining at least one loudness range control gain based on the determined 

compressor transfer function, and 

• providing an output audio signal based on the input audio signal and based on the at 

least one determined loudness range control gain. 

10 

In a different embodiment, the following steps are performed: 

• evaluating a loudness of the input audio signal to determine a loudness range and a 

mean loudness, 

• calculating a slope value being proportional to a ratio between a target loudness range 

	

15 	and the determined loudness range, 

• calculating a shift value being depending on the determined mean loudness, 

• calculating loudness range control data based on a linear transfer function depending 

on the calculated shift value and on the calculated slope value, and 

• providing an output audio signal based on the input audio signal and based on the 

	

20 	loudness range control data. 

The above discussed embodiments df the apparatus are also valid for the method. 

The invention also refers to a computer program for performing, when running on a 

	

25 	computer or a processor, the method for processing an input audio signal. 

The invention will be explained in the following with regard to the accompanying drawings 

and the embodiments depicted in the accompanying drawings, in which: 

	

30 	Fig. 1 shows a transfer function of state-of-the-art LRAC, 

Fig. 2 shows a different transfer function of state-of-the-art LRAC, 

Fig. 3 shows a block diagram of an apparatus for processing an input audio signal, 

35 
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Fig. 4 shows a different block diagram of the steps of the method for processing an input 

audio signal, 

Fig. 5 shows a transfer function with slope (Fig. 5 a)) and with slope and shift (Fig. 5 b)), 

5 

Fig. 6 depicts (upper diagram) a short-term loudness histogram of a one hour audio 

segment of a movie and (lower diagram) two different transfer functions and 

Fig. 7 shows an exemplary histogram, different transfer functions according to the state- 

	

10 	 of-the-art and a transfer function according to the invention. 

Fig. 1 and 2 depict transfer functions according to the state-of-the-art. 

Fig. 3 shows an exemplary embodiment of an apparatus 1 for processing an input audio 

	

15 	signal 100 and for providing an output audio signal 101. The evaluator 10 evaluates in this 

shown embodiment the loudness of the input audio signal 100 in order to determine a 

loudness range LRA,n and a mean loudness pin of the input audio signal 100. In this shown 

embodiment, the evaluator 10 also determines an integrated loudness I,n of the input 

audio signal 100 and the input loudness value Nin(k) for different frames k of the input 

	

20 	audio signal 100. 

The determined values are submitted to the calculator 11 which also refers to a desired 

target loudness range LRA —des input by a user via the input interface 13. 

	

25 	The calculator 11 calculates loudness range control data to be used by the adjuster 12 — 

i.e. the adjuster of the loudness — acting on the input audio signal 100 and providing the 

output audio signal 101. Further, the calculator 11 provides loudness range control data in 

form of loudness range control gain G and here also make-up gain Gmu. This is the result 

of the determination of the compressor transfer function. 

30 

The inventive LRAC applies in this embodiment a linear transform to the input audio signal 

100 in order to achieve loudness range control for the output audio signal 101. 

A block diagram of a further embodiment of the inventive LRAC is shown in Fig. 4. 

35 

The steps are in this embodiment: 
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• Get Audio, i.e. get the input audio signal, which is named in the following x. 

• Compute Momentary Loudness. 

• The computed Momentary Loudness is used for a step: Compute Make-Up Gain 

which is depending on a Target Loudness set by a user. 

5 • The computed Momentary Loudness is also used for a step: Compute Short-term 

Loudness which is followed by a step: Determine Transfer Function which is 

depending on a Target Loudness Range set by a user. 

• The determined Transfer Function is submitted to the above mentioned step: Compute 

Make-up Gain and to the next step of Compute LRAC Gains. 

	

10 	• The LRAC Gains and the Make-up Gain are applied in a next step to the Audio, i.e. to 

the input audio signal. 

• Output the output audio signal, which is named here y. 

The output audio signal y is obtained as 

15 

y = g(LRAin , L R.Ades 	
(3) 

where g is the gain applied to the input audio signal x in order to control the loudness 

range. The gain g is obtained based on the loudness range of the input audio LRAin, the 

	

20 	desired target loudness range LRAdes, and the loudness measure over a time period Nin, 

e.g., short-term or momentary loudness. This may also be called the actual loudness 

value which is to be determined by the evaluator or any step evaluating the loudness of 

the input audio signal. The loudness measure Nin  is typically time-variant. In one 

embodiment the gain is additionally obtained based on the determined statistical moment 

	

25 	of the loudness value. The statistical moment is, e.g., the mean of the loudness value or 

the integrated gated loudness of the audio input according to ITU-R BS.1770 [5]). 

The gain in dB is 

30 	
GI(LRAin,, LRAdes; NN?) = 10 logio  (g(LRAin,, LRAdes , Nn)) (4) 

The gain G is obtained in one embodiment based from a mapping function Q that is based 

on the loudness range of the input audio LRAin, the desired target loudness range LRAdes, 
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and the difference AN between a statistical moment of the loudness measure and the 

loudness measure: 

C(LRAin  LRA,/(„, Nin ) = Q(LRA,„.L -eAdes, AN). 	 (5) 

5 

In one embodiment, a realization of AN is given by the difference between the mean 

loudness of the audio input pin (or alternatively the integrated gated loudness of the audio 

input according to ITU-R BS.1770 [5]) and the loudness measure of a period Nin, i.e. 

10 	AN = pin - No. 

The loudness measure of the period NH, is such an example of an actual loudness value of 

a time period or frame of the input audio signal. 

15 	In the following, pin  is in one example the mean loudness of the audio input signal. In 

different embodiment, p,n refers to the integrated gated loudness according to ITU-R 

BS.1770 [5] or a similar rule for determining a long term loudness measure. Generally, pin 

is a statistical moment of the loudness values of the input audio signal. 

20 	Alternatively, G is obtained based on the following mapping functions that consist of the 

superposition of a curve K and a shift '<shift, where the curve depends on LRAin and LRA —des 

and the shift depends on pin: 

G(LRAin, LRAdes, Afin) = K (L RAin, LRAdes, -Min) K s hi t (ftin,) 
	

(6) 

A suitable choice for the curve K is e.g., a sigmoid function. Equation (6) can be further 

restricted to the case where the curve K is specified by a slope S: 

G(LRAin, LRAdes , 'Yin) = S (L RAin , LRAdes)1Vin  K s  hi f (/ tin )! 	
(7) 

As can be seen, the mapping function is determined by a slope S and a shift Kshmft. 

To avoid excessive amplification of signals with low loudness values, the gain G is 

subsequently constrained to obtain the final gain: 

25 

30 

35 
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G(L.RAin . LRA(ies . 	) 	 ( G(L. RAin. L.RAd(s • -Via ) • nax ) 	
(8) 

where Gmax is the maximum allowed gain. This maximum gain may be defined a priori e.g. 

by a user or determined based on the input audio signal. 

5 

In the following, embodiments for an offline and an online LRAC are discussed. 

In the offline version, the entire input audio signal is available. Here, the inventive LRAC is 

based on the application of a linear transform to the audio signal, on a frame-by-frame 

	

10 	basis, in order to achieve loudness range control. In this case the curve is a line with a 

determined slope. 

Some theoretical considerations will be discussed. 

	

15 	Given a normally distributed random variable w with standard deviation aw and mean pw, 

the application of a linear transfer function, with slope b and shift a, results in a normally 

distributed random variable 

z = a + bw, 	 (9) 
20 

The random variable z has a standard deviation az  = b aw and mean pz  = a + b pw. 

Two assumptions are made: 

	

25 	1) The loudness measure Nin  (i.e. the determined actual loudness value of the input 

audio signal) is a normally distributed random variable. 

2) The ratio of the input and output standard deviation is proportional to the ratio of the 

input and output LRA, i.e., 

LRAz  b — LRA,, 
30 	 (10) 
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where is a proportionality constant, which can be used to compensate for deviations 

of the audio signal to the model. Usually, the LRA is reduced and therefore LRAZ  < 

LRAW. 

5 	The steps for determining the LRAC Gains are as follows: 

First, the time dependent loudness measure Nin(k) (k is the audio frame index), the mean 

of the loudness pin, and the input loudness range (LRA) LRAin are computed from the 

input audio signal. 

10 

It is chosen: 

LRAde;,s  

b=e  Tnn  

15 	In one embodiment = 1 is set. 

The gain can be computed using the following exemplary two methods: 

Method 1 

20 

Considering equation (5), the function Q is defined as 

Q(LRAin , LRA( es;  AN(k)) 

25 	with 

AN(k) 	— /Vim  (k) 

- b)AN(k) 

 

/9(k) 

(12) 

The normalization term 13(k) is in one embodiment time-variant. In an embodiment, the 

30 	following realization is given by: 
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5 

1  ((l—b)A N (k)) . )) 7-r 

rn. a x 
if 	— b) AN (k) > 0 

otherwise 

Where y > 0 is a real value and the parameter Gmax is defined in one embodiment a priori 

by e.g. a user or is determined based on the input audio signal, e.g. 

Gmax = ILRAdes  - LRAinl. 	 (13) 

Therefore, in this case the gain can be determined by 

 

(L RA 7: 	R.A des  , Nin(k) ) 
— b) v1V (k) 

 

10 (k) 
(14) 

In alternative embodiments the normalization parameter is omitted, i.e. I3(k) = 1. 

Method 2 

15 

Considering equation (7), the functions S and Kshift can be defined as 

S (LI? Ain, LRAdes) = b 	
(15) 

20 and 

K Shift O-Lin) 
	

(16) 

where 

25 	a = (1-b)pin. 

This ensures that pout = pin, i.e., the difference between the integrated loudness before and 

after the loudness processing is minimized. 



17 
WO 2018/188812 	 PCT/EP2018/025106 

Therefore, in this case the gain can be determined by 

	

C(LRA2.1.1 L Ade 	 = (b — 1)Nin (k) + a 
(17) 

5 

With the choice of a = (1 - b)pin and b = LRAdes/LRAin the above equation can alternatively 

be expressed by 

	

LRAd 	1m (k)) . 	(1 	b),A.N (k) 

10 	which corresponds to a mapping function that depends on the ratio of the input and output 

LRA and the difference AN(k) between the mean loudness pin  and the actual loudness 

value (e.g. the short-term or momentary loudness measure) of the input audio signal. 

The value of the determined gain may then be constrained to a desired maximum value: 

15 

G(L: 	L-RA s  N1 ,,(k)) = ruin (G(1; 	RAd,, Nin(k)), 	
(19) 

Applying the determined loudness range control Gains 

20 	The framewise output signal is given by 

y(k) = g(LRAin, LRAd,, Zn k))x(k) (20) 

where 

25 

g(LRAi, 	 (k)) = OG(L 	in. ;LIZA des  ,IVin (k))/10 
(21) 

In order to further reduce the change in the integrated loudness due to the LRAC 

processing, a make-up gain is computed in one embodiment by applying the transform 

30 	directly to the input integrated loudness 1,,, as, for example, in 

Gmu = (b - 1)1,n  + a. 	 (22) 

(18) 
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G /10 
() nxt The gain 1  • is then applied to the audio signal y. The application 

of this make-up gain typically results in an integrated loudness deviation of less than 2 LU. 

In a further embodiment, applying the transform, the output short-term loudness is given 

5 by 

Nnnt(k) = a + b N,n(k) 

where k is a frame index. 

10 

Based on the foregoing, LRAC Gains are computed: 

The LRAC gains, in dB, are computed as 

15 	G(k) = Nout(k) - Nm(k) = a + (b - 1) N,o(k). 

To avoid excessive amplification of signals with low short-term loudness values, the gain 

is subsequently constrained in one embodiment as follows: 

20 	G(k) = min(G(k), Gmax), 

where Gmax is the maximum allowed gain. This maximum gain is defined - depending on 

the embodiment - a priori or determined based on the audio signal, e.g., 

25 	Gmax  = ILRAdes - 

In order to further reduce the change in the integrated loudness due to the LRAC 

processing, a make-up gain is computed in one embodiment by applying the transform 

directly to the input integrated loudness lin as in 

30 

Gmu  = a + (b - 1) 

This make-up gain Gmu is then applied to the audio signal. 

35 	Some aspects of the offline processing are as follows: 
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A linear transfer function is computed with a slope b and a shift a determined from a 

statistical analysis of the audio signal as depicted in Fig. 5. Loudness range control 

(LRAC) gains are computed based on this transfer function. 

5 

The slope b of the linear transfer function is a function of the input LRA and the desired 

target LRA set by a user. Computing and applying LRAC gains, based on a transfer 

function that is only dependent on the slope as depicted in Fig. 5 a) to the input audio 

signal would achieve the desired effect of controlling the LRA. However, this would lead to 

	

10 	a significant difference between the input and output loudness. In addition, it would lead to 

exceedingly high amplification of the segments with low loudness levels and amplification 

of segments with high loudness levels which may lead to clipping or undesired modulation 

artifacts in the processed input audio signal. 

	

15 	The combination of slope b and shift a leads to a transfer function as depicted in Fig. 5 b). 

The final LRAC gains are determined from this transfer function. The shift a ensures that 

the mean of the loudness distribution is maintained and therefore the resulting difference 

between the input and output loudness is small. In addition, this automatically reduces the 

gain applied to segments with low loudness levels and avoids amplification of segments 

	

20 	with high loudness levels thus avoiding clipping and modulation. 

Subsequent constraining of the determined LRAC gains in some embodiments is a 

postprocessing step which insures that the low level audio such as background noise is 

not amplified excessively. Due to the shift a, the obtained gains remain in a reasonable 

	

25 	range from the very beginning and a suitable maximum gain can be defined a priori. 

An exemplary histogram of the short-term loudness values of an audio excerpt of a movie 

and gain functions corresponding to different desired LRAs are depicted in Fig. 6. Shown 

are a short-term loudness histogram of a one hour audio segment of a movie with an LRA 

30 	of 22.8 LU (top row). Also shown are transfer functions for two desired LRAs of 10 LU and 

15 LU, respectively (bottom row). 

In an embodiment a Loudness Normalization Gain is computed: 
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The application of the inventive LRAC method may lead to a change in the integrated 

loudness of the audio. A gain can be computed in order to achieve a desired target 

integrated loudness. 

	

5 	If the desired target loudness is chosen to be equal to the input loudness, a normalization 

gain can be obtained by computing the difference between the measured input integrated 

loudness I,,, and the measured or estimated output integrated loudness. The output 

integrated loudness can be estimated using the output momentary loudness values that 

are obtained from applying the transformation to the input momentary loudness values. 

	

10 	Otherwise the normalization gain is computed from the difference between the estimated 

or measured output integrated loudness and the desired target integrated loudness. 

An online LRAC can be derived from the offline version. The online version considers 

temporal segments of the audio signal for the input LRA and mean loudness estimation 

	

15 	instead of the entire audio signal. In this case the parameters become time-dependent, 

i.e., a(k) = (1-b(k))p,n(k), which insures that the statistical moment of the input loudness 

equals the corresponding statistical moment of the output loudness, e.g. the mean 

loudness values: pout(k) = pin(k). Further, 
b(k) = eL.RAd„ILRAi„ (k;) 

 

	

20 	The two online methods are therefore: 

Method 1 

25 

The function Q is defined as 

Q(LRA n , LRAdes , AAT(k)) = b(k))AN (k) 
0(k) (23) 

with 

k 	iiin k — Nin  (k) 
30 	 (24) 

and 



( (1— b(k))AN(k) 	7 if (1 —1)(A.:))AN(k) > 0 

otherwise 
3(k) = (1 : a. (k) 
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where y > 0 is a real value and the parameter Gmax(k) is defined in one embodiment as a 

5 

	

	time-independent user defined parameter Gmax(k) = Gmax  or it is a signal dependent 

parameter Gmax(k) = ILRAdes — LRA,n(k)i. 

Therefore, in this case the gain can be determined by 

C;(1.d R Ain RAdeS Nil t (k) ) =- 

10 

— b(k))AN (k) 

 

0(k) (25) 

Method 2 

The functions S and Kshift(pin(k)) are defined as 

15 

S(LRAd , LRAi „(k)) = b(k) — 1 	
(26) 

and 

20 	
K s hi ft (Ain (k)) 
	

a(k) 	
(27) 

The LRAC gain is then computed as 

G(L RAd,, LRAin(k), Nin(k)) = (b(k) — 1)N;,„(k) + a(k) 	
(28) 

25 

To avoid excessive amplification the gain is subsequently constrained as follows: 

G(LR.Ad„.s ;  .LRAin  ( , Arin  (k)) = 	(G(L RAd,„,L RAim(k), Arin(k)), am„.„,(k))( 

(29) 
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In a further embodiment, the transform parameters are computed as 

b(k) = 
A„(k) 

5 

and 

a(k) = (1 — b(k,))pin,(k) which insures that pout(k) = pin(k). 

10 	Applying the transform, the output short-term loudness is given by: 

Nout(k) = a(k) + b(k)Nlin(k). 

The LRAC gain is then computed as 

15 

G(k) = Nout(k) - N,n(k) = a(k) + (b(k) - 1)N,n(k) 

To avoid excessive amplification of signals with low short-term loudness values, the gain 

is subsequently constrained in one embodiment as follows: 

20 

G(k) = min(G(k), Gmax(k)). 

where Gmax(k) is one embodiment a fixed time-independent user defined parameter 

Gmax(k) = Gmax and is in a different embodiment a signal dependent parameter Gmax(k) = 
25 	ILRAdes - LRAin(k)j. Therefore, the online LRAC considers temporal segments of the input 

audio signal instead of the entire duration of the input audio signal. 

One embodiment of the inventive method comprises the following steps: 

30 	1) Receive an input audio signal. 

2) Compute momentary or short-term loudness values - as examples of the actual 

loudness value - for a sequence of audio frames. 

LRAdes  
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3) Determine the input loudness range (LRA) from the ensemble of computed 

momentary or short-term loudness values. 

4) Determine a compressor transfer function based on a slope b and a shift a. Determine 

the slope b from the input LRA and the desired target LRA, and the shift a from the 

	

5 	statistical moment of the loudness values. 

Alternatively: Determine a compressor transfer function based on the input LRA, the 

desired LRA and the difference between the momentary or short-term loudness values 

and a statistical moment of the loudness values. 

Alternatively: Determine a compressor transfer function based on a curve and a shift. 

	

10 	Determine the curve from the input LRA and the desired LRA, and the shift from the 

statistical moment of the loudness values. 

5) Compute time variant LRAC gains based on the determined compressor transfer 

function. 

6) Determine an output audio signal by applying the LRAC gains to the audio samples of 

	

15 	the input audio signal. 

In an embodiment, the following steps are given: Determine a compressor transfer 

function based on a slope and a shift. Determine the slope from the input LRA and the 

desired LRA, and the shift from the computed momentary or short-term loudness values. 

An embodiment comprises the step: Determine a threshold point of the compressor 

transfer function below which the transfer function has a different slope than the slope 

determined from the input and desired output LRA. This corresponds to implementing a 

constraint on the minimum compressor gain. 

A further embodiment comprises the step: Determine or define (heuristically) a maximum 

gain constraint to be applied to the computed LRAC gains. 

In another embodiment, the following steps are included: Compute a loudness control 

30 	gain to obtain a desired target loudness of the output signal based on the momentary 

loudness values and the LRAC gains. Determine an output audio signal by applying the 

LRAC gains and the loudness control gain (or a combination of both) to the audio samples 

of the input audio signal. 

35 	In Fig. 7 an exemplary histogram is shown in the upper diagram. The diagram in the 

middle shows transfer functions for state-of-the-art [4] dynamic spread control method. 

20 

25 
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The lower diagram gives a transfer function according to the invention. The transfer 

functions are shown in diagrams with the input loudness on the x-axis and the output 

loudness on the y-axis. Marked is in all three diagrams the mean loudness. 

	

5 	The method proposed in [4] requires two parameters, i.e., the threshold point and slope. 

The threshold point (marked by the dots and the arrows) is a user defined parameter 

which is selected as a percentile of the loudness distribution. This means the threshold 

value in dB changes for different types of input audio. However, if the chosen threshold 

point then lies close to the mean, this may lead to artifacts in the audio due to the non- 

	

10 	linear part of the transfer function. In addition, if a high threshold is selected then a larger 

slope would be required to achieve a desired dynamic spread. However, the slope is 

computed based on the input and desired dynamic spread and is not dependent on the 

chosen threshold point. The above considerations show that this may not be sufficient 

depending on the selected threshold. That is why an iterative computation of the slope is 

	

15 	required. 

The proposed invention does not require the user or iteration processing to determine the 

appropriate transfer function. All required parameters are automatically determined from 

the input signal and the desired LRA. 

20 

Although some aspects have been described in the context of an apparatus, it is clear that 

these aspects also represent a description of the corresponding method, where a block or 

device corresponds to a method step or a feature of a method step. Analogously, aspects 

described in the context of a method step also represent a description of a corresponding 

25 	block or item or feature of a corresponding apparatus. Some or all of the method steps 

may be executed by (or using) a hardware apparatus, like for example, a microprocessor, 

a programmable computer or an electronic circuit. In some embodiments, some one or 

more of the most important method steps may be executed by such an apparatus. 

30 	The inventive transmitted or encoded signal can be stored on a digital storage medium or 

can be transmitted on a transmission medium such as a wireless transmission medium or 

a wired transmission medium such as the Internet. 

Depending on certain implementation requirements, embodiments of the invention can be 

35 	implemented in hardware or in software. The implementation can be performed using a 

digital storage medium, for example a floppy disc, a DVD, a Blu-Ray, a CD, a ROM, a 
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PROM, and 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. Therefore, 

the digital storage medium may be computer readable. 

Some embodiments according to the invention comprise a data carrier having 

electronically readable control signals, which are capable of cooperating with a 

programmable computer system, such that one of the methods described herein is 

performed. 

Generally, embodiments of the present invention can be implemented as a computer 

program product with a program code, the program code being operative for performing 

one of the methods when the computer program product runs on a computer. The 

program code may, for example, be stored on a machine readable carrier. 

Other embodiments comprise the computer program for performing one of the methods 

described herein, stored on a machine readable carrier. 

In other words, an embodiment of the inventive method is, therefore, a computer program 

20 	having a program code for performing one of the methods described herein, when the 

computer program runs on a computer. 

A further embodiment of the inventive method is, therefore, a data carrier (or a non-

transitory storage medium such as a digital storage medium, or a computer-readable 

25 	medium) comprising, recorded thereon, the computer program for performing one of the 

methods described herein. The data carrier, the digital storage medium or the recorded 

medium are typically tangible and/or non-transitory. 

A further embodiment of the invention method is, therefore, a data stream or a sequence 

30 	of signals representing the computer program for performing one of the methods 

described herein. The data stream or the sequence of signals may, for example, be 

configured to be transferred via a data communication connection, for example, via the 

internet. 

5 

10 

15 
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A further embodiment comprises a processing means, for example, a computer or a 

programmable logic device, configured to, or adapted to, perform one of the methods 

described herein. 

	

5 	A further embodiment comprises a computer having installed thereon the computer 

program for performing one of the methods described herein. 

A further embodiment according to the invention comprises an apparatus or a system 

configured to transfer (for example, electronically or optically) a computer program for 

	

10 	performing one Of the methods described herein to a receiver. The receiver may, for 

example, be a computer, a mobile device, a memory device or the like. The apparatus or 

system may, for example, comprise a file server for transferring the computer program to 

the receiver. 

	

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

gate array) may be used to perform some or all of the functionalities of the methods 

described herein. In some embodiments, a field programmable gate array may cooperate 

with a microprocessor in order to perform one of the methods described herein. Generally, 

the methods are preferably performed by any hardware apparatus. 

20 

The above described embodiments are merely illustrative for the principles of the present 

invention. It is understood that modifications and variations of the arrangements and the 

details described herein will be apparent to others skilled in the art. It is the intent, 

therefore, to be limited only by the scope of the impending patent claims and not by the 

	

25 	specific details presented by way of description and explanation of the embodiments 

herein. 
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Claims 

	

1 	Apparatus (1) for processing an input audio signal (100), 

comprising an evaluator (10), a calculator (11) and an adjuster (12), 

	

5 	wherein the evaluator (10) is configured to evaluate a loudness of the input audio 
signal (100) to determine a loudness range (LRA,n) and an actual loudness value, 
wherein the calculator (11) is configured to determine a compressor transfer 
function based on the determined loudness range (LRA,n), based on a target 
loudness range (LRAdes) and based on the determined actual loudness value, 

	

10 	wherein the calculator (11) is configured to determine at least one loudness range 
control gain based on the determined compressor transfer function, and 

wherein the adjuster (12) is configured to provide an output audio signal (101) 
based on the input audio signal (100) and based on the at least one determined 
loudness range control gain, 

	

15 	wherein the calculator (11) is configured to determine the compressor transfer 
function such that a difference between a mean loudness (pout) of the output audio 
signal (101) and a mean loudness (p,n) of the input audio signal (100) is minimized. 

2. Apparatus (1) of claim 1, 

	

20 	wherein the evaluator (10) is configured to evaluate the loudness of the input audio 
signal (100) to determine a statistical moment of the loudness value, 
wherein the calculator (11) is configured to determine the compressor transfer 
function based on the determined loudness range (LRAin), based on the target 
loudness range (LRAdes) and based on a difference between the determined actual 

	

25 	loudness value and the determined statistical moment of the loudness value. 

3. Apparatus (1) of claim 2, 

wherein the calculator (11) is configured to determine the compressor transfer 
function based on a curve and a shift, 

	

30 	wherein the calculator (11) is configured to determine the curve based on the 
determined loudness range (LRAin) and on the target loudness range (LRAdes), and 
wherein the calculator (11) is configured to determine the shift based on the 
determined statistical moment of the loudness value. 

	

35 	4. 	Apparatus (1) of any of claims 2 or 3, 
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5 

5.  

10 

6.  

15 

7.  

20 8.  

9.  

25 

30 

10.  

35 

11.  

wherein the calculator (11) is configured to determine the compressor transfer 

function based on a slope and a shift, 

wherein the calculator (11) is configured to determine the slope based on the 

determined loudness range (LRAin) and on the target loudness range (LIRA 	and -des,,  

wherein the calculator (11) is configured to determine the shift based on the 

determined statistical moment of the loudness value. 

Apparatus (1) of claim 4, 

wherein the determined compressor transfer function is valid for the entire input 

audio signal (100). 

Apparatus (1) of any of claims 1 to 5, 

wherein the evaluator (10) is configured to evaluate the loudness of the entire input 

audio signal (100). 

Apparatus (1) of any of claims 1 to 5, 

wherein the evaluator (10) is configured to evaluate the loudness of at least a time 

period of the input audio signal (100). 

Apparatus (1) of any of claims 1 to 7, 

wherein the evaluator (10) is configured to determine momentary or short-term 

loudness value as the actual loudness value. 

Apparatus (1) of any of claims 2 to 8, 

wherein the evaluator (10) is configured to determine a mean loudness as the 

Statistical moment of the loudness value, 

or 

wherein the evaluator (10) is configured to determine an integrated gated loudness 

as the statistical moment of the loudness value. 

Apparatus (1) Of any of claims 1 to 9, 

wherein the calculator (11) is configured to determine the compressor transfer 

function such that the mean loudness (Pout) of the output audio signal (101) and the 

mean loudness (pin) of the input audio signal (100) are equal. 

Apparatus (1) of any of claims 1 to 10, 
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wherein the calculator (11) is configured to determine the loudness range control 

gain based on the determined compressor transfer function and based on a 

maximum gain value (Gmax) such that the determined loudness range control gain 

is smaller than or equal to the maximum gain value (Gmax). 

5 

12. Apparatus (1) of claim 11, 

wherein the maximum gain value (Gmax) is set by a user input, 

Or 

wherein the maximum gain value (Gmax) is depending on a difference between the 

10 	target loudness range (LRAdes) and the determined loudness range (LRAin) of the 

input audio signal (100). 

13. Apparatus (1) of any of claims 1 to 12, 

further comprising an input interface (13), 

15 	wherein the input interface (13) is configured to receive a value for the target 

loudness range (LRAdes). 

14. Method for processing an input audio signal (100), 

comprising: 

20 	evaluating a loudness of the input audio signal (100) to determine a loudness 

range (LRAin) and an actual loudness value, 

determining a compressor transfer function based on the determined loudness 

range (LRAin), based on a target loudness range (LRAdes) and based on a 

determined statistical moment of the loudness value, 

25 	determining at least one loudness range control gain based on the determined 

compressor transfer function, and 

providing an output audio signal (101) based on the input audio signal (100) and 

based on the at least one determined loudness range control gain, 

wherein the compressor transfer function is determined such that a difference 

30 	between a mean loudness (pout) of the output audio signal (101) and a mean 

loudness (pin) of the input audio signal (100) is minimized. 

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

the method of claim 14. 

35 


