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SRSLABS.442VPC PATENT

SYSTEM FOR INCREASING PERCEIVED LOUDNESS OF SPEAKERS

BACKGROUND

Description of the Related Technology

[0001] Physical size restrictions of portable media devices often force

the size of the loudspeakers in such devices to be quite small. Small speaker

drivers suffer from low output levels and generally cannot reproduce the entire

audible frequency range. As amplitudes are increased, distortion is introduced

and more battery power is consumed. The noisy environments in which these

devices are typically used only contribute to the problem.

[0002] Existing solutions to combat the low levels emanating from

these devices tend to involve the addition of hardware such as external

speakers. These solutions work counter to the idea of portability by either

increasing the bulk of a device that has been carefully designed to be small or by

creating a greater number of gadgets to be carried around by consumers.

SUMMARY

[0003] In certain embodiments, a system is provided for increasing

loudness of an audio signal to present a perceived loudness to a listener that is

greater than a loudness provided natively by a loudspeaker. The system can

include one or more of the following: a frequency suppressor, a loudness

adjuster, an equalizer, and a distortion control module. The frequency

suppressor can increase headroom in the audio signal by filtering out low and/or

high frequencies. The loudness adjuster can calculate a loudness of the audio

signal and apply a gain to the audio signal to increase the loudness. The

equalizer can further increase headroom by attenuating portions of a passband

of the loudspeaker's frequency response. The distortion control module can

induce partial harmonic distortion in the audio signal to further increase loudness.

[0004] In certain embodiments, a system for increasing a loudness of

an audio signal includes a frequency suppressor having one or more filters that

can increase headroom in an electronic audio signal by filtering low and high

frequencies of the electronic audio signal to produce a first filtered audio signal,

where the low and high frequencies are substantially unreproducible by the



speaker. The system can further include a loudness adjuster having a loudness

analyzer that can calculate with one or more processors a loudness of the first

filtered audio signal at least in part by processing the first filtered audio signal

with one or more loudness filters that can approximate a human hearing system.

The loudness analyzer can further compare the calculated loudness with a

loudness reference level. The loudness adjuster can further include a gain

control module that can compute one or more gains to be applied to the first

filtered audio signal and to apply the one or more gains to the first filtered audio

signal to produce an amplified audio signal. This computing of the one or more

gains can be based at least partly on a difference between the calculated

loudness and the loudness reference level. The system can further include a

distortion control module that can induce partial harmonic distortion in the first

filtered audio signal by at least mapping one or more samples of the first filtered

audio signal to one or more values stored in a sum-of-sines table. The sum-of-

sines table can be generated from a sum of lower-order harmonics.

[0005] In certain embodiments, a method of increasing perceived

loudness of an audio signal can include receiving an electronic audio signal and

processing the electronic audio signal with a frequency suppressor using one or

more processors. The frequency suppressor can filter one or both of low

frequencies and high frequencies of the electronic audio signal to produce a

filtered audio signal, such that the filtered audio signal has increased headroom.

The method can further include estimating a loudness of the filtered audio signal

at least in part by processing the filtered audio signal with one or more loudness

filters that can approximate a human hearing system to produce an estimated

loudness of the audio signal. The method can further include computing one or

more gains to be applied to the filtered audio signal based at least in part on the

estimated loudness. Moreover, the method can include increasing loudness of

the filtered audio signal by applying the one or more gains to the filtered audio

signal.

[0006] In certain embodiments, a system for increasing a loudness of

an audio signal includes a frequency suppressor having one or more filters that

can increase headroom in an electronic audio signal by filtering one or both of

low frequencies and high frequencies of the electronic audio signal to produce a



filtered audio signal having a greater headroom than the electronic audio signal.

The system can aiso include a loudness adjuster having a loudness analyzer that

can estimate with one or more processors a loudness of the filtered audio signal

and compare the calculated loudness with a loudness reference level. The

loudness adjuster can also have a gain control module that can compute one or

more gains based at least partly on a difference between the calculated loudness

and the loudness reference level and to increase a loudness of the filtered audio

signal by applying the one or more gains to the filtered audio signal to produce

an amplified audio signal.

[0007] In certain embodiments, a computer-readable storage medium

can be provided that has instructions stored thereon that cause one or more

processors to perform a method of increasing perceived loudness of an audio

signal. The method can include receiving an electronic audio signal and

estimating a loudness of the electronic audio signal at least in part by processing

the electronic audio signal with one or more loudness filters that can approximate

a human hearing system to produce an estimated loudness of the audio signal.

The method can also include computing one or more gains to be applied to the

electronic audio signal based at least in part on the estimated loudness. The

method can further include increasing perceived loudness of the electronic audio

signal by applying the one or more gains to the electronic audio signal to produce

an amplified audio signal! Moreover, the method can include increasing signal

energy by inducing partial saturation in the amplified audio signal, wherein the

inducing can include applying to the amplified audio signal a nonlinear

transformation derived from a combination of harmonics.

[0008] In certain embodiments, a method of reducing clipping in an

audio signal can include receiving an input audio signal, providing a sum-of-sines

data structure having values generated from a sum of lower order harmonics,

and using the sum-of-sines data structure with one or more processors to map

the input audio signal to an output audio signal, such that at least some of the

lower-order harmonics are added to the input audio signal. As a result, in certain

embodiments at least a portion of the output audio signal has a greater energy

than the input audio signal.



[0009] In certain embodiments, a method of increasing loudness of an

audio signal can include receiving an electronic audio signal and processing the

electronic audio signal with a frequency suppressor using one or more

processors. The frequency suppressor can filter one or both of low and high

frequencies of the electronic audio signal to produce a filtered audio signal, such

that the filtered audio signal has increased headroom over the electronic audio

signal. In certain embodiments, the frequency suppressor is not a crossover

filter. The method can also include deriving one or more gains to apply to the

filtered audio signal based at least in part on the increased headroom and

applying one or more gains to the filtered audio signal to increase a loudness of

the audio signal.

[0010] In certain embodiments, a method of increasing loudness of an

audio signal includes receiving an electronic audio signal and providing an

equalization filter having a frequency response that can attenuate passband

areas of the electronic audio signal. The passband areas can correspond to

areas of a frequency response of a speaker that are less reproducible by a

loudspeaker. The method can also include applying the equalization filter to the

electronic audio signal using one or more processors to increase headroom in

the electronic audio signal. Moreover, the method can include using the

increased headroom in the electronic audio signal to increase loudness of the

electronic audio signal.

[0011] For purposes of summarizing the disclosure, certain aspects,

advantages and novel features of the inventions have been described herein. It

is to be understood that not necessarily all such advantages may be achieved in

accordance with any particular embodiment of the inventions disclosed herein.

Thus, the inventions disclosed herein may be embodied or carried out in a

manner that achieves or optimizes one advantage or group of advantages as

taught herein without necessarily achieving other advantages as may be taught

or suggested herein.

BRIEF DESCRIPTION OF THE DRAWINGS

[0012] Throughout the drawings, reference numbers may be re-used to

indicate correspondence between referenced elements. The drawings are



provided to illustrate embodiments of the inventions described herein and not to

limit the scope thereof.

[0013] FIGURE 1 illustrates an embodiment of a system for increasing

the perceived loudness of audio signals;

[0014] FIGURE 2 illustrates an embodiment of a frequency suppressor

of the system of FIGU RE 1;

[0015] FIGURE 3 illustrates example frequency spectrums of audio

signals before and after frequency suppression by the frequency suppressor;

[0016] FIGURE 4 illustrates example time domain representations of

the audio signals of FIGURE 3 ;

[0017] FIGURE 5 illustrates an embodiment of a loudness adjuster of

the system of FIGURE 1;

[0018] FIGURE 6 illustrates a chart showing example equal loudness

curves;

[0019] FIGURE 7 illustrates example frequency spectrums of audio

signals having increased gain based on loudness adjustment of the loudness

adjuster;

[0020] FIGURE 8 illustrates example time domain representations of

the audio signals of FIGURE 7 ;

[0021] FIGURE 9 illustrates an example equalizer of the system of

FIGURE 1;

[0022] FIGURE 10 illustrates an example distortion control module of

the system of FIGURE 1;

[0023] FIGURE 11 illustrates an example time domain representation

of a sine wave;

[0024] FIGURE 12 illustrates an example frequency spectrum of the

sine wave of FIGURE 11;

[0025] FIGURE 13 illustrates an example time domain representation

of a clipped sine wave;

[0026] FIGURE 14 illustrates an example frequency spectrum of the

clipped sine wave of FIGURE 13;



[0027] FIGURE 15 illustrates an example frequency spectrum having a

reduced number of harmonics compared to the clipped sine wave spectrum of

FIGURE 14;

[0028] FIGURE 16 illustrates an example time domain representation

of a partially saturated wave corresponding to the spectrum of FIGURE 15;

[0029] FIGURE 17 illustrates an embodiment of a sum-of-sines

mapping function; and

[0030] FIGURE 18 illustrates an example time domain representation

of an audio signal and a distortion controlled version of the signal.

DETAILED DESCRIPTION

I . Introduction

[0031] Mobile phones and other similar-sized devices tend to have

small speakers that are limited in the volume of sound they produce in the

presence of background noise, it can therefore be difficult to hear a conversation,

music, and other audio on a mobile phone.

[0032] This disclosure describes systems and methods for increasing

the perceived loudness of speakers. These systems and methods can be used

to cause speakers to sound louder than may be achieved by merely increasing

volume. In certain embodiments, headroom of an audio signal is increased to

prepare the audio signal to be adjusted for loudness. Headroom can be

increased by filtering out frequencies the speaker cannot reproduce so that

additional amplification levels may be available for the signal. The audio signal

may then be analyzed according to one or more perceptual loudness curves to

determine how loud the audio signal may be perceived. In cases where the

perceived loudness may be lower, the gain of at least portions of the audio signal

may be increased.

[0033] To further increase the loudness of the audio signal, in certain

embodiments a distortion control process may be used. The distortion control

process may add extra energy to the audio signal by inducing selected distortion.

Distortion control may be performed in certain embodiments by mapping the

audio signal to an output signal that has additional harmonics but fewer

harmonics than a fully-saturated signal.



II System Overview

[0034] FIGURE 1 illustrates an embodiment of a loudness adjustment

system 100 for adjusting the perceived loudness of audio signals. The loudness

adjustment system 100 may be implemented in any audio system or processor-

based system, such as a mobile phone, personal digital assistant (PDA), music

player (e.g., MP3 players), television, or in any computing device, such as a

laptop, desktop, tablet, or the like. Advantageously, in certain embodiments, the

loudness adjustment system 100 may cause speakers to sound louder than may

be achieved by merely increasing volume.

[0035] The depicted embodiment of the loudness adjustment system

100 includes a frequency suppressor 110, a loudness adjuster 120, an equalizer

130 and a distortion control module 140. Each of these components may be

implemented in a machine having hardware and/or software. For example, these

components may be implemented in one or more processors.

[0036] The frequency suppressor 110 receives an audio input signal

and can filter out or suppress certain frequencies of the audio input signal. Low

and high frequency signals, for example, are un-reproducible or less-reproducible

by many small or low-quality speakers. If low or high frequency sounds are

provided to such a speaker, the speaker might still attempt to reproduce the

sounds even though the sounds would be inaudible. The unnecessary

movement of the speaker in attempting to reproduce these frequencies can

create distortion.

[0037] Thus, the frequency suppressor 110 in certain embodiments

removes or attenuates certain of these less-reproducible frequencies. By filtering

out less-reproducible frequencies, the frequency suppressor 110 may reduce

distortion and also increase the headroom of the audio signal. The headroom of

the audio signal can include a difference between a peak value of the audio

signal and a saturation point of the audio signal. In a digital audio system, the

saturation point might be 0 dB. In some embodiments, the frequency suppressor

110 does not increase headroom but does reduce the energy in the less-

reproducible frequencies, allowing energy to be applied by the loudness adjuster

120 to the more reproducible frequencies.



[0038] The frequency suppressor 110 may include one or more filters

(see, e.g., FIGURE 2) to facilitate the removal of low and/or high frequencies.

The cutoff frequencies of the filters and other filter characteristics may be

speaker dependent, as different speakers may be able to reproduce different

frequencies. The cutoff frequencies can be selected for various speakers by

experimentation. For instance, a test signal may be supplied to a speaker, and

audible frequencies may be detected in the frequency response. Thus, the

frequency suppressor 110 may be customized for a particular speaker or

speakers. The frequency suppressor 110 may also dynamically adjust the filters

based on what type of speaker is used with the loudness adjustment system 100.

[0039] In certain embodiments, the frequency suppressor 110 may be

used to filter out frequencies that are reproducible to provide additional

headroom. The frequency suppressor 110 may perform this filtering even with

speakers that are able to reproduce most frequencies. The increased headroom

may allow greater loudness adjustment with a tradeoff in potentially less fidelity.

This tradeoff may be acceptable in certain audio applications, such as in mobile

phone applications.

[0040] Once the frequency suppressor 110 has filtered out certain

frequencies from the audio input signal, the loudness adjuster 120 can use the

newly added digital headroom to increase the loudness of the signal. Loudness

can be an attribute of the human auditory system that allows for classification of

sounds on a scale from quiet to loud. Perceived loudness may vary with

frequency, unlike sound pressure levels measured in decibels (dB) (see FIGURE

6). The loudness adjuster 120 in certain embodiments uses a psychoacoustic

mode! of the human auditory system to determine a loudness of the filtered audio

signal and to increase this loudness.

[0041] The loudness adjuster 120 may use perceived loudness

information to apply one or more gains that can raise the level (e.g., the average

level) of the reproducible frequency region in the filtered signal. In certain

embodiments, the loudness adjuster of 120 uses certain of the loudness

adjustment techniques described in U.S. Patent Application No. 12/340,364, filed

December 19, 2008, entitled "System for Adjusting Perceived Loudness of Audio

Signals" (hereinafter "the '364 application"), the disclosure of which is hereby



incorporated by reference in its entirety. More details on these techniques

described in the '364 application are incorporated specifically by reference below.

[0042] In alternative embodiments, the loudness adjuster 120 may

apply a gain to the filtered signal without determining perceived loudness. This

gain may be about the same as the amount of headroom obtained by the

frequency suppressor 110. The gain may also be more or less than the value of

the headroom.

[0043] The loudness adjuster 120 provides an amplified signal to the

equalizer 130. The equalizer 130 may be a parametric equalizer or the like that

includes one or more filters for compensating or attempting to compensate for

imperfections in the frequency response of the speaker. Because most speakers

do not exhibit an ideal flat frequency response for all audible frequencies, the

equalizer 130 can flatten peaks or valleys in the frequency response of the

speaker in order to make the speaker act as though it had a more ideal

response.

[0044] In some embodiments, parameters of the one or more filters of

the equalizer 130, such as center frequency, roll-off, gain, and the like, can be

selected by experimentation. For instance, a test signal may be supplied to the

speaker, and peaks and valleys may be detected in the frequency response.

The filter parameters may be selected so as to compensate for the peaks and

vaileys. The equalizer 130 filter may include multiple bands each having possibly

different gains, for example, that are the inverse of the peaks and/or valleys, in

order to produce a flatter response. The equalizer 130 may be able to

dynamically select filter parameters based at least partly on the type of speaker

used with the loudness adjustment system 100. Then, when the loudness

adjuster 120 supplies an amplified audio signal to the equalizer 130, the

equalizer 130 can apply the one or more filters created during the speaker testing

phase.

[0045] In certain embodiments, the distortion control module 140

further increases the energy in the audio signal to cause the signal to sound

louder. The distortion control module 140 may increase the signal energy by

increasing the amplitude of certain portions of the audio signal and by applying

selected distortion to certain portions of the audio signal. The distortion control



module 140 can provide selected distortion by inducing harmonics in the audio

signal. In certain embodiments, however, the distortion control module 140

induces fewer harmonics in the audio signal than are present in a fully-saturated

or clipped signal. Thus, in certain embodiments, the distortion control module

140 uses a form of soft clipping to increase signal energy.

[0046] In one embodiment, the distortion control module 140 maps

input samples to output samples using a mapping table or the like. The distortion

control module 140 may map the signal linearly or approximately linearly for

samples that are relatively lower in amplitude, such as samples that are not close

to a peak value (e.g., 0 dB). The linear mapping can increase the amplitude of

these samples. For samples that are close to the peak value, the distortion

control module 140 may map the samples nonlinearly to induce some, but not

full, harmonic distortion.

[0047] As a result, in certain embodiments, the distortion control

module 140 can transform the audio signal into a louder audio signal with some

but not excessive distortion. The tradeoff in some distortion versus greater

loudness may be appreciated by some listeners. For example, when a listener

uses a phone with a small speaker, the distortion control module 140 may cause

a voice conversation to sound louder with little or no reduction in audio quality.

[0048] The distortion control module 140 may also be used to reduce

or soften clipping in signals that are already saturated. Saturation or clipping

might be caused by the equalizer 130 and/or the loudness adjuster 120, for

instance. The distortion control module 140 may soften the clipping to reduce at

least some of the distortion, while also preserving at least some of the increased

signal energy provided by the loudness adjuster 120 and/or equalizer 130.

[0049] The features described above with respect to FIGURE 1 may be

varied in some embodiments. For instance, the equalizer 130 may be used to

further reduce valleys in a speaker's frequency response instead of

compensating for the valleys. Valleys in a speaker's response can indicate

frequency regions that are !ess reproducible by a speaker. To save additional

energy and/or headroom, the equalizer 130 can attenuate the valleys further. As

a result, the speaker may produce little or no energy for those frequencies.

Further, the equalizer 130 may be placed between the frequency suppressor 110



and the loudness adjuster 120 instead o f after the loudness adjuster 120. Thus,

the energy saved by the equalizer can be used by the loudness adjuster 120 to

increase the loudness o f other, more reproducible frequencies of the audio

signal. The resulting output signal may have less audio fidelity but may sound

louder, which could be useful for phone applications, among others.

[0050] In alternative embodiments, the equalizer 13 0 might be removed

entirely from the loudness adjustment system 100. Similarly, any one of the

components shown might not be included in a specific implementation. The

loudness adjuster 120, for example, could be replaced with a n overall gain that

can be based a t least partly o n the amount o f energy saved by the frequency

suppressor 1 10 and/or equalizer 130. Moreover, in some instances, the

loudness adjuster 120 and/or the distortion control module 140 may be replaced

with a limiter o r dynamic range compressor. Many other configurations may also

be used.

[0051] Example implementations for each of the depicted components

o f the loudness adjustment system 100 will now be described in greater detail.

111. Frequency Suppression

[0052] Referring to FIGURE 2 , a n example embodiment of a frequency

suppressor 210 is shown. The frequency suppressor 2 10 may include all the

features described above with respect to the frequency suppressor 110 . The

frequency suppressor 2 10 may be implemented in hardware and/or software.

[0053] Advantageously, in certain embodiments, the frequency

suppressor 210 removes o r reduces certain less-reproducible frequencies o f a n

input signal 202, thereby increasing headroom and decreasing distortion in the

input signal. Thus, in certain embodiments, the frequency suppressor 210

transforms data representing a physical audio signal into data representing

another physical audio signal with increased headroom. In addition, another

potential advantage of frequency suppression in certain embodiments is that a n

analog amplifier that provides a n amplified signal to a speaker may not be driven

as hard.

[0054] The frequency suppressor 210 includes filters 212, 214 for

suppressing o r reducing frequency content o f a n input signal 202. In the



depicted embodiment, these filters 212, 214 include a high pass filter 212 and a

low pass filter 214. The high pass filter 212 attenuates lower frequencies of the

input signal 202, while the low pass filter 214 attenuates higher frequencies of

the input signal 202 to produce an output signal 226. The order of the two filters

212, 214 may be reversed. Moreover, a band pass filter may be used in place of

the two filters 212, 214 shown.

[0055] A filter controller 222 can dynamically adjust the cutoff

frequencies, order, and other parameters of the filters 212, 214 based at least

partly on speaker data obtained from a data repository 224. The data repository

224 may include one or more tables of filter parameters that correspond to

different speakers. This data may be obtained by testing various speakers. A

speaker can be tested by applying a pink noise signal or the like to the speaker

and then measuring the output of the speaker using a microphone. The resulting

frequency response can then be analyzed to determine which cutoff frequency,

filter order, and/or other filter parameters could be effective in reducing less-

reproducible frequencies.

[0056] The filter controller 222 can therefore select the appropriate

cutoff frequencies, filter orders, and other parameters from the speaker data

based at least partly on the type of speaker used with the frequency suppressor

2 10 . Information about the type of speaker used may be supplied to the filter

controller 222 by a manufacturer of a device that incorporates the frequency

suppressor 2 10 . A user interface could be provided with the loudness

adjustment system 100, for example, that allows a manufacturer or user to tune

various parameters of the frequency suppressor 210 and other components in

the loudness adjustment system 100. In alternative embodiments, the filters 212,

214 are hardcoded with specific cutoff frequencies and/or filter orders and the

filter controller 222 is not included with the frequency suppressor 210.

[0057] In certain embodiments, the frequency suppressor 2 10 is not a

crossover filter. Whereas crossover filters are often used to split an audio signal

into separate frequency bands that can be handled by different loudspeakers, the

frequency suppressor 210 is used in certain embodiments to filter an audio signal

that will be provided to a single loudspeaker. When driving a single speaker,

currently-available devices may not remove the less reproducible frequencies



from the audio signal. However, the frequency suppressor 210 advantageously

removes these frequencies and/or other frequencies in certain embodiments and

thereby increases headroom over currently-available single-speaker

implementations. Moreover, crossover filters are typically used as the last (or

nearly last) audio stage in an audio system, often providing a filtered signal

directly to the loudspeakers in contrast, in certain embodiments, the frequency

suppressor 210 is a much earlier stage in an audio system, e.g., as shown in

FIGURE

[0058] FIGURES 3 and 4 illustrate example plots 300, 400 of input and

output signals of a frequency suppressor, such as the frequency suppressor 110

or 2 10. Referring to FIGURE 3 , an example plot 300 of an input signal frequency

spectrum 302 and an output signal frequency spectrum 304 are shown. The

input signal frequency spectrum 302 includes energy in the lower frequencies

302a and higher frequencies 302b that may not be reproducible by a given

speaker. The less-reproducible low and high frequencies 302a, 302b have been

attenuated in the output frequency spectrum 304 by the frequency suppressor

110 or 210. Removing or attenuating this energy can increase headroom for the

output signal.

[0059] Time domain representations of these signals are shown in

FIGURE 4 . In the plot 400 of FIGURE 4 , an input signal 402 corresponds to the

input signal spectrum 302, and an output signal 404 corresponds to the output

signal spectrum 304. As can be seen, a peak level 406 and average level of the

input signal 402 have been reduced to the peak level 408 and average level in

the output signal 404. This additional headroom leaves more room to increase

the volume of the reproducible spectrum of the output signal 404.

IV Loudness Adjustment

[0060] Using the additional headroom provided by the frequency

suppressor 110 or 210, the loudness of an audio signal can be increased.

FIGURE 5 illustrates a more detailed example of a loudness adjuster 520, which

may have all of the features of the loudness adjuster 120 described above. The

loudness adjuster 520 may be implemented in hardware and/or software.

Advantageously, in certain embodiments, the loudness adjuster 520 can apply



one or more gains to an audio signal that increase the perceived loudness of the

signal to a listener. Thus, in certain embodiments, the loudness adjuster 520

transforms data representing a physical audio signal into data representing

another physical audio signal with increased loudness.

[0061] The human hearing system is often most sensitive to mid-range

frequencies (for example, 250 Hz - 5000 Hz). When two sounds, such as a bass

sound and a mid range sound, are played at the same level or sound pressure

level (SPL) as measured in decibels (dB SPL), the listener can perceive the

midrange sound to be louder. A chart 600 in FIGURE 6 illustrates example equal

loudness curves 602 that demonstrate how a low frequency (20Hz) might need

an additional 50 dB SPL in order for someone to perceive it as being equally loud

relative to a midrange frequency of 300 Hz. The fact that a very low frequency

tone may not sound as loud to someone as a mid or even high frequency tone

means that a midrange signal such as 300 Hz can have a greater effect in

perceiving something is loud than a 20 Hz signal. Thus, in some

implementations, the loudness adjuster 520 emphasizes mid-range frequencies

to increase a perception of loudness.

[0062] Referring again to FIGURE 5, the output signal 226 of the

frequency suppressor can be provided as an input signal 502 to the loudness

adjuster 520. The depicted embodiment of the loudness adjuster 520 includes a

loudness analyzer 514 and a gain control module 516. The loudness analyzer

514 can estimate loudness of the input signal 502. In certain embodiments, the

loudness analyzer 514 uses a nonlinear multiband model of the human hearing

system to analyze the loudness characteristics of the audio input signal 502.

This model can simulate the filter bank behavior of the human peripheral auditory

system at least in part by applying one or more loudness filters to the input signal

202. In an embodiment, the loudness anaiyzer 514 can use some or all of the

loudness calculation techniques described in paragraphs [0069] through [0083]

of the '364 application, which paragraphs are specifically incorporated by

reference herein in their entirety. For example, the loudness analyzer 514 may

approximate one or more gammatone filters and use a power law function to

estimate loudness.



[0063] The loudness analyzer 514 can operate on sample blocks of the

input signal 502. The loudness analyzer 514 can estimate a loudness for each

sample block. The loudness analyzer 514 can compare the estimated loudness

of the sample block with a reference loudness level. The reference loudness

level may be a peak allowable loudness level, which may be 0 dB in some digital

systems. If the estimated loudness differs from the reference loudness level, the

loudness analyzer 514 can output the level difference between the estimated

loudness and the reference level. The gain control module 516 can use this level

difference to apply one or more gains to the audio input signal 502, e.g., via a

multiplication block 524. In some embodiments, the gain control module 516 can

use some or all of the gain control techniques described in paragraphs [0084]

through [0091] of the '364 application, which are specifically incorporated by

reference herein in their entirety. For example, the gain control module 516 can

dynamically generate gain coefficients based on changing loudness levels and

can smooth the gain coefficients to avoid abrupt changes in gain.

[0064] Thus, in certain embodiments, the loudness adjuster 520

estimates loudness and calculates one or more gains as a function of frequency.

The loudness adjuster 520 may then apply the one or more gains to each sample

in the sample block. Thus, the gains may be applied in the time domain. In

alternative embodiments, the loudness adjuster 520 can partition the input signal

502 into frequency bands and apply different gains to various frequency bands.

In still other embodiments, the loudness adjuster 520 may apply a gain to the

input signal 502 that is about the same value as the increase in headroom

provided by the frequency suppressor 110 or 210.

[0065] Additional features may be included in the loudness adjuster

520 for reducing computing resource usage. For example, the preprocessing

module described in the '364 application may be provided in some embodiments.

Paragraphs [0030] and [0040] through [0044], which describe embodiments of

the preprocessing module, are hereby specifically incorporated by reference

herein in their entirety. Likewise, other modifications and features may be

provided.

[0066] When the gain or gains are applied by the gain control module

516, the overall average level of the reproducible frequency region can be raised



certain dBs. Alternatively, portions of the reproducible frequency region may be

raised at different levels than other portions. In FIGURE 7, a plot 700 shows an

example boosted reproducible region 706 of a frequency spectrum 704

compared with the original frequency spectrum 302 of FIGURE 3 . FIGURE 8

illustrates a plot 800 showing example time domain representations of the audio

signals of FIGURE 7. In FIGURE 8 , the original signal 402 is shown above the

loudness-adjusted signal 8 10 . It can be seen that a peak level 812 of the

loudness-adjusted signal 812 has returned to match the original signal's 402

peak level 406, but the average level of the signal has increased. Thus, a

listener's perception of loudness can increase.

V Equalization

[0067] FIGURE 9 illustrates an example equalizer 930, which may have

all of the features of the equalizer 130 described above. The equalizer 930 may

be implemented in hardware and/or software. Advantageously, in certain

embodiments, the equalizer 930 can apply one or more gains to an audio signal

that compensate or attempt to compensate for imperfections in the frequency

response of a speaker. Alternatively, the equalizer 930 can apply one or more

gains that further attenuate valleys in the frequency response of a speaker.

[0068] The equalizer 930 may be a parametric equalizer or the like that

includes one or more equalization filters 912. In one implementation, the

equalization filter 912 can apply one or more filters to an input signal 902

received from the loudness adjuster 120 or 520, which can flatten peaks or

valleys in the frequency response of the speaker. As a result, the filter 912 can

apply gains that increase and/or attenuate portions of the input signal's 902

frequency spectrum. The filters 912 may apply gains to the valleys, for instance,

that raise the valleys to the levels of the peaks.

[0069] The one or more equalization filters 912 may include one or

more band pass filters, implemented, for example, using biquad Infinite Impulse

Response (MR) filters or the like. The one or more equalization filters 912 might

instead include one or more of the equalization filters described in U.S.

Publication No. 2008/0240467, filed March 7 , 2008, titled "Frequency-Warped



Audio Equalizer," the disclosure of which is hereby incorporated by reference in

its entirety. Other types of equalization filters may also be used.

[0070] A parameter selector 914 can provide filter parameters, such as

gain coefficients, center frequencies, and the like, for the one or more

equalization filters 912 based at least partly on speaker data stored in a data

repository 916. In some embodiments, these speaker parameters can be

selected by experimentation. For instance, a test signal may be supplied to a

speaker, and frequencies and magnitudes of peaks and valleys may be detected

in the frequency response. The filter parameters may be selected so as to

compensate for the peaks and valleys. The parameter selector 914 may select

gains at selected center frequencies, for example, that are the inverse of the

peaks and/or valleys, in order to produce a flatter response.

[0071] The parameter selector 914 may be able to dynamically select

filter parameters based at least partly on the type of speaker used. Information

about the type of speaker used may be supplied to the parameter selector 914

by a manufacturer of a device that incorporates the equalizer 930. in alternative

embodiments, the equalization filter 912 is hardcoded with specific filter

parameters, and the parameter selector 914 is not included with the equalizer

930.

[0072] In alternative embodiments, the equalizer 930 may instead be

used to further attenuate valleys in a speaker's frequency response instead of

increasing a gain of the valleys. For example, the equalizer 930 may attenuate

frequencies in a passband range of the speaker's frequency response.

Attenuating the valleys can allow additional energy and/or headroom to be

obtained. As a result, the speaker may produce little or no energy for those

frequencies. The parameter selector 914 may, for instance, select gains at

selected center frequencies of the valleys that attenuate the valleys. The one or

more equalization filters 912 may instead be hardcoded with the appropriate

gains. The energy saved by the equalizer 930 can be used by the loudness

adjuster 120 to increase the loudness of other, more reproducible frequencies of

the audio signal. The resulting output signal may have less audio fidelity but may

sound louder, which can be a desirable outcome for some audio signals such as

ringtones, voice, and the like.



[0073] Moreover, in some implementations the equalizer 930

attenuates one or more peaks in the speaker's frequency response instead of or

in addition to attenuating valleys. Attenuating one or more peaks can also

increase headroom.

Vl. Distortion Control

[0074] FIGURE 10 illustrates a more detailed embodiment of a

distortion control module 1040, which may have all of the features of the

distortion control module 140 described above. The distortion control module

1040 may be implemented in hardware and/or software. In certain

embodiments, the distortion control module 1040 can induce selected distortion

in the audio signal to increase signal energy and hence loudness. This selected

distortion may be a controlled distortion that adds fewer harmonics than are

present in fully-saturated signals.

[0075] As described above, the distortion control module 1040 may

induce selected distortion at least in part by mapping input samples into output

samples. The distortion control module 1040 can perform this mapping by using

samples of the input signal 1002 as indices into a sum-of-sines table 1014 or

tables. The sum-of-sines table 1014 can include values that are generated by

summing harmonically-related sine waves.

[0076] To illustrate, if the input signal 702 has a sample with a value m ,

the distortion controi module 1040 can map the input sample to an output sample

at an index m in the sum-of-sines table 1014. If the sample of the input signal

1002 falls between index values of the table 1014, the distortion control module

1040 can interpolate an index value. Using interpolation can allow the size of the

sum-of-sines table 1014 to be reduced in order to save memory. However, the

sum-of-sines table 1014 may be designed to be large enough so as to avoid the

use of interpolation in certain embodiments. The distortion control module 1040

can use the mapped output value of the sum-of-sines table 1014 as an output

sample for the output signal 1022.

[0077] The sum-of-sines table 1014 may be implemented as any data

structure, such as an array, matrix, or the like. The table 1014 can be generated

to include an arbitrary number of harmonic sine waves, including odd harmonics,



even harmonics, or a combination of both. In certain embodiments, odd

harmonics provide good distortion control for voice audio signals. Even

harmonics may be used in other implementations and may be good for reducing

clipping in music signals. Either odd or even harmonics may be used for mixed

voice and music signals. However, these are merely illustrative examples, and

either odd or even harmonics or both could be used for any application.

[0078] When more sine waves are used to generate the table 1014,

the potential increase in signal energy and distortion is greater, and vice versa.

As using a large number of sine waves could result in significant harmonic

distortion, in certain embodiments, a relatively small number of lower-frequency

sine waves are beneficially used to construct the sum-of-sines table 1014.

[0079] For instance, the table 1014 can be constructed from the sum of

two or three harmonically-related sine waves, four sine waves, five sine waves, or

more. Multiple sum-of-sines tables 1014 may be stored in a memory and may be

used by the distortion control module 1040 for different purposes. For example,

a sum-of-sines table 1014 with more harmonics might be used for voice signals

while a table 1014 with fewer harmonics might be used for music to create less

distortion.

[0080] The distortion control module 1040 may aiso provide a user

interface that provides a distortion control for a user to adjust the amount of

signal energy increase and/or distortion. For example, a graphical slider, knob,

or the like may be provided, or the user may be able to press a physical or soft

button to adjust the amount of energy increase or distortion applied. Increasing

the distortion control could cause a table with more harmonics to be used, and

vice versa.

[0081] An example process for generating a sum-of-sines table 1014

will now be described, using three odd-harmonically related sine waves. In this

example, the sum-of-sines table 1014 can be generated by populating a first

table of a selected size with values of one period of a sine wave (e.g., from 0

radians to 2pi). Populating a table of size N (N being an integer) may include

dividing one period of the sine wave into N values and assigning the N values to

the N slots in the table. This first sine wave table can represent the fundamental

or first harmonic.



[0082] A second table of the same size as the first table may be

populated with three periods of a sine wave in a similar fashion, by dividing the

three sine periods into N values. The values in the second table may represent

the third harmonic of the first sine wave. Similarly, a third table of the same size

as the first two may be populated with five periods of a sine wave, representing

the fifth harmonic. The values in the first, second, and third tables may be scaled

as desired. For instance, the values in the second table may be scaled lower to

be lower in magnitude than those in the first table, and values in the third table

may be scaled to include lower values than the second table.

[0083] Because the three tables are the same size in certain

embodiments (e.g., have the same number of N entries), the values in

corresponding indices of the three tables may be added together to create a new

sum-of-sines table 1014 that includes the sum of the first, third, and fifth

harmonics. Thus, if one were to plot the values in the sum-of-sines table 1014,

in certain embodiments, an approximation of one period of the summed waves

would be shown. The more sine waves that are used, in certain embodiments,

the closer this plotted wave would look like a square wave. In various

embodiments, other sum-of-sines tables with different harmonics may be

constructed in a similar fashion to that described for three odd harmonics.

Alternatively, portions of sine wave periods may be used, rather than full periods,

to construct the sum-of-sines table 1014.

[0084] As the distortion control module 1040 maps samples from the

input 1002 signal into the sum-of-sines table 1014, the frequency of the

harmonics in the table 1014 may depend on the table lookup rate, which in turn

can depend on the frequency of the input signal. This frequency dependence

results in certain embodiments from the table-lookup operation being performed

by the distortion control module 1040 at or near the same rate as the frequency

of the input signal 1002.

[0085] To illustrate, for a simple sine wave input signal 1002 having a

given frequency, the distortion control module 1040 could perform the mapping

operation at the same frequency. The resulting harmonics would have particular

frequencies that depend on the frequency of the sine wave. Doubling the

frequency of the sine wave could therefore double the frequency of the



harmonics. For input signals 1002 that include multiple frequencies

superimposed, the mapping by the distortion control module 1040 could result in

a superposition of harmonics.

[0086] FIGURES 11 through 17 illustrate examples of distortion and

sum of sines waves. For reference, FIGURE 1 1 illustrates an example time

domain plot 1100 of a sine wave 1102. A peak level 1104 of the sine wave 1102

without clipping is shown. The peak level 1104 of the sine wave 1102 is at 0 db,

which can be a peak possible digital level in some embodiments. FIGURE 12

illustrates an example plot 1200 showing a frequency spectrum 1202 of the sine

wave 1102 of FIGURE 11. As it is a sinusoid, one frequency is represented.

[0087] In certain embodiments, increasing the amplitude of the sine

wave 1102 beyond the peak level can result in hard clipping. Hard clipping of a

sinusoid 1302 is shown in a plot 1300 of FIGURE 13. The clipped sinusoid 1302

includes clipped portions 1304, which are saturated at the peak level. Examples

of harmonics 1404 of the clipped sine wave 1302 can be seen in the frequency

domain representation 1402 shown in FIGURE 14. As shown, the harmonics

1404 can extend as high as the sampling frequency (about 22 kHz in the

example FIGURE shown). Certain of the harmonics 1406 are also aliased,

causing further distortion.

[0088] To avoid the full distortion of hard clipping while still allowing an

increase in volume, the distortion control module 1040 can use a composite

wave of lower-frequency harmonics, as described above. An example set of

harmonics of such a wave is illustrated in FIGURE 15, which includes an

example frequency response plot 1500 of a composite wave that may be

generated in response to a 400 Hz input sine wave. The spectrum in the plot

1500 includes fewer harmonics 1502 than in the full clipping scenario of FIGURE

14. In the depicted embodiment, five harmonics 1502 have been generated.

The highest harmonic 1502 is at a lower frequency than the high frequency

harmonics 1404 of FIGURE 14. Aliased harmonics 1406 are also not present in

this embodiment.

[0089] The example embodiment shown includes harmonics 1502 at

about 400 Hz, 1200 Hz, 2000 Hz, 2800 Hz, and 3600 Hz. These harmonics

1502 are odd harmonics 1502, which include the first 1504, third 1506, fifth 1508,



seventh 1510, and ninth harmonic 1512. The first harmonic 1504 has an

amplitude of about 0 dB, which in certain embodiments, is a highest possible

digital amplitude. Successive harmonics 1502 have lower amplitudes as the

frequency increases. In an embodiment, the amplitude of the harmonics 1502

decreases monotonically. These amplitudes may vary in other embodiments.

[0090] The result of the controlled distortion provided by lower

frequency harmonics can be a rounded and more natural sounding waveform

with a higher signal energy or higher average signal energy. An example time

domain plot 1600 of a wave 1602 illustrating a sine wave mapped to the

harmonics 1504 of FIGURE 15 is shown in FIGURE 16. The example wave

1602 shown has partially clipped portions 1606 and rounded portions 1608.

Comparison between the wave 1602 and the hard clipped wave 1302 shows that

the wave 1602 is more rounded than the hard clipped wave 1302. In addition,

portions 1604 of the wave 1602 are linear or approximately linear. The curved

portions 1608 begin curving at about -3 dB from the clipped portions 1606.

[0091] FIGURE 17 illustrates an example plot 1700 that depicts an

embodiment of a sum-of-sines mapping function 1710. The sum-of-sines

mapping function 1710 shown may be plotted by plotting values in a sum-of-

sines table, such as the table 1014 described above. The sum-of-sines mapping

function 1710 includes one quarter of a period of a sum-of-sines wave. One

quarter of a sum-of-sines wave may be used instead of a full wave for an

optimization, which will be described below.

[0092] Input signal values are depicted on the x-axis, which include

positive amplitude values ranging from 0 to 1. Similarly, output signal values are

depicted on the y-axis and also include amplitude values ranging from 0 to 1 .

Negative amplitude values will be described below. When the distortion control

module 140 or 1040 maps an input sample to an output sample, in certain

embodiments the input sample is mapped to a point on the mapping function

1710. The mapped output sample may have a greater or lower value than the

input sample, depending on where the input sample is mapped.

[0093] For clarity, the sum-of-sines mapping function 171 0 is shown as

a continuous function. However, when implemented in a digital system, the

mapping function 171 0 may be discrete. In addition, as described above, the



mapping function 1710 may not be defined for all input signal values. Thus, the

distortion control module 140 or 1040 may interpolate output signal values, for

example, between the two nearest points on the mapping function 1710.

[0094] A phantom line 1720 is shown for reference, which corresponds

to the line y=x. If input samples were to be mapped according to the phantom

line 1720, the output samples would be the same as the input samples. The

mapping function 1710 includes a linear or approximately linear mapping region

1712 and a nonlinear or approximately nonlinear mapping region 1714. As input

sample values falling in the linear mapping region 1712 increase in value, the

corresponding output samples in the linear mapping region 1712 increase

linearly or substantially linearly. Certain input sample values falling in the

nonlinear region 1714 increase nonlinearly or substantially nonlinearly, having

varying levels of increase 1714.

[0095] Most values of the mapping function 1710 are greater than the

phantom line 1720, such that most input samples may be mapped to greater

values. However, in region 1716 of the nonlinear mapping region 1714, the

values of the mapping function 1710 are less than or equal to the phantom line

1720. In this region 1716, input samples are mapped to lower values. Thus, for

example, hard-clipped samples (e.g., having a value of 1.0 or close to 1.0) may

be reduced in value.

[0096] As mentioned above, the mapping function 1710 includes one

quarter of a sum-of-sines wave instead of a full wave. Using a quarter wave (or

even half wave) can enable the size of the sum-of-sines table 1014 to be

reduced, thereby saving memory. For negative input signal values (e.g., on a

scale of [1-,O) or the like), the distortion control module 140, 1040 may reverse

the mapping function 1710 across the x-axis and invert the mapping function

1710 across the y-axis. Thereafter, the distortion control module 140, 1040 can

apply the mapping function 171 0 to the input samples. Alternatively, negative

values can be inverted and normalized to the [0, 1] range. Then the mapping

function 1710 may be applied, and the resulting output samples can be negated

to recover the negative values.

[0097] In alternative embodiments, the mapping function 171 0 shown

may look different depending, for example, on the number of harmonics used to



generate the sum-of-sines table 1014. For instance, the linear mapping region

1712 may have a greater or lesser slope. The nonlinear mapping region 1714

may be shaped differently; for example, it may have fewer peaks. Likewise, the

region 1716 may be lower or greater in amplitude.

[0098] In certain embodiments, the ranges of the x and/or y axis may

differ from the [0, 1] ranges described above. Decreasing the x-axis range to

[0,a], where a is less than 1, can increase amplification of at least part of the

input signal. Conversely, increasing the x-axis range from [0,b], where b is

greater than 1, can decrease amplification of at least part of the input signal.

Using a value of b that is greater than 1 can beneficially reduce clipping in some

embodiments. Similarly, the y axis may be changed to [0,c], where c is less than

or greater than 1.

[0099] FIGURE 18 illustrates a plot 1800 of an example time domain

representation of an audio signal 1812 before distortion control is applied. In

addition, FIGURE 18 shows an example time domain representation of the same

audio signal 1814 after distortion control is applied. Approximately 6 dB of

additional gain has been introduced into this waveform by using an example

implementation of distortion control.

[0100] Distortion control may be used for other applications. For example,

distortion control may be used to increase bass volume with reduced distortion.

Distortion control may also be used in frequency spreading applications. Moreover,

distortion control may be used to synthesize instrument sounds or other sounds, for

example, by selecting various harmonics to create a desired timbre of an instrument.

VII. Conclusion

[0101] Depending on the embodiment, certain acts, events, or functions

of any of the algorithms described herein can be performed in a different

sequence, may be added, merged, or left out all together (e.g., not all described

acts or events are necessary for the practice of the algorithm). Moreover, in

certain embodiments, acts or events may be performed concurrently, e.g.,

through multi-threaded processing, interrupt processing, or multiple processors or

processor cores, rather than sequentially.



[0102] The various illustrative logical blocks, modules, and algorithm

steps described in connection with the embodiments disclosed herein may be

implemented as electronic hardware, computer software, or combinations of

both. To clearly illustrate this interchangeability of hardware and software,

various illustrative components, blocks, modules, and steps have been described

above generally in terms of their functionality. Whether such functionality is

implemented as hardware or software depends upon the particular application

and design constraints imposed on the overall system. The described

functionality may be implemented in varying ways for each particular application,

but such implementation decisions should not be interpreted as causing a

departure from the scope of the disclosure.

[0103] The various illustrative logical blocks and modules described in

connection with the embodiments disclosed herein may be implemented or

performed by a machine, such as a general purpose processor, a digital signal

processor (DSP), an application specific integrated circuit (ASIC), a field

programmable gate array (FPGA) or other programmable logic device, discrete

gate or transistor logic, discrete hardware components, or any combination

thereof designed to perform the functions described herein. A general purpose

processor may be a microprocessor, but in the alternative, the processor may be

a processor, controller, microcontroller, or state machine, combinations of the

same, or the like. A processor may also be implemented as a combination of

computing devices, e.g., a combination of a DSP and a microprocessor, a

plurality of microprocessors, one or more microprocessors in conjunction with a

DSP core, or any other such configuration.

[0104] The steps of a method or algorithm described in connection with

the embodiments disclosed herein may be embodied directly in hardware, in a

software module executed by a processor, or in a combination of the two. A

software module may reside in RAM memory, flash memory, ROM memory,

EPROM memory, EEPROM memory, registers, hard disk, a removable disk, a

CD-ROM, or any other form of computer-readable storage medium known in the

art. An exemplary storage medium can be coupled to the processor such that

the processor can read information from, and write information to, the storage

medium. In the alternative, the storage medium may be integral to the



processor. The processor and the storage medium may reside in an ASIC. The

ASIC may reside in a user terminal. In the alternative, the processor and the

storage medium may reside as discrete components in a user terminal.

[0105] Conditional language used herein, such as, among others,

"can," "could," "might," "may," "e.g.," and the like, unless specifically stated

otherwise, or otherwise understood within the context as used, is generally

intended to convey that certain embodiments include, while other embodiments

do not include, certain features, elements and/or states. Thus, such conditional

language is not generally intended to imply that features, elements and/or states

are in any way required for one or more embodiments or that one or more

embodiments necessarily include logic for deciding, with or without author input

or prompting, whether these features, elements and/or states are included or are

to be performed in any particular embodiment.

[0106] While the above detailed description has shown, described, and

pointed out novel features as applied to various embodiments, it will be

understood that various omissions, substitutions, and changes in the form and

details of the devices or algorithms illustrated may be made without departing

from the spirit of the disclosure. As will be recognized, certain embodiments of

the inventions described herein may be embodied within a form that does not

provide all of the features and benefits set forth herein, as some features may be

used or practiced separately from others. The scope of certain inventions

disclosed herein is indicated by the appended claims rather than by the foregoing

description. All changes which come within the meaning and range of

equivalency of the claims are to be embraced within their scope.



WHAT IS CLAIMED IS:

1. A method of increasing perceived loudness of an audio signal, the

method comprising:

receiving an electronic audio signal;

processing the electronic audio signal with a frequency suppressor

using one or more processors, the frequency suppressor configured to

filter one or both of low frequencies and high frequencies of the electronic

audio signal to produce a filtered audio signal, such that the filtered audio

signal has increased headroom;

estimating a loudness of the filtered audio signal at least in part by

processing the filtered audio signal with one or more loudness filters

configured to approximate a human hearing system to produce an

estimated loudness of the audio signal; and

computing one or more gains to be applied to the filtered audio

signal based at least in part on the estimated loudness; and

increasing loudness of the filtered audio signal by applying the one

or more gains to the filtered audio signal.

2 . The method of Claim 1, wherein said processing the electronic

audio signal with a frequency suppressor comprises filtering frequencies that are

less reproducible by a given speaker.

3 . The method of Claim 1, further comprising providing additional

headroom to the electronic audio signal by applying an equalization filter to the

electronic audio signal, wherein the equalization filter is operative to attenuate

passband areas of the electronic audio signal.

4 . The method of Claim 1, wherein the one or more loudness filters

approximate one or more gammatone filters.

5. A system for increasing a loudness of an audio signal, the system

comprising:

a frequency suppressor comprising one or more filters configured to

increase headroom in an electronic audio signal by filtering one or both of

low frequencies and high frequencies of the electronic audio signal to

produce a filtered audio signal having a greater headroom than the

electronic audio signal; and



a loudness adjuster comprising:

a loudness analyzer configured to estimate with one or more

processors a loudness of the filtered audio signal and to compare

the calculated loudness with a loudness reference level, and

a gain control module operative to compute one or more

gains based at least partly on a difference between the calculated

loudness and the loudness reference level and to increase a

loudness of the filtered audio signal by applying the one or more

gains to the filtered audio signal to produce an amplified audio

signal.

6 . The system of Claim 6 , further comprising an equalizer operative to

attenuate passband areas of a frequency response of a speaker that are less

reproducible by the speaker.

7. The system of Claim 6 , further comprising a distortion control

module configured to further increase the loudness in the filtered audio signal by

inducing selected distortion in the filtered audio signal.

8 . The system of Claim 7, wherein the distortion control module

induces selected distortion by introducing selected harmonics in the filtered audio

signal.

9. A computer-readable storage medium having instructions stored

thereon that cause one or more processors to perform a method of increasing

perceived loudness of an audio signal, the method comprising:

receiving an electronic audio signal;

estimating a loudness of the electronic audio signal at least in part

by processing the electronic audio signal with one or more loudness filters

configured to approximate a human hearing system to produce an

estimated loudness of the audio signal; and

computing one or more gains to be applied to the electronic audio

signal based at least in part on the estimated loudness;

increasing perceived loudness of the electronic audio signal by

applying the one or more gains to the electronic audio signal to produce

an amplified audio signal; and



increasing signal energy by inducing partial saturation in the

amplified audio signal, said inducing comprising applying to the amplified

audio signal a nonlinear transformation derived from a combination of

harmonics.

10 . The computer-readable storage medium of Claim 9, wherein said

inducing partial saturation comprises indexing samples of the amplified audio

signal into a sum-of-sines table.

11. The computer-readable storage medium of Claim 9, wherein the

harmonics comprise odd harmonics.

12. The computer-readable storage medium of Claim 11, wherein the

harmonics comprise a first harmonic, a third harmonic, a fifth harmonic, a

seventh harmonic, and a ninth harmonic.

13. A method of reducing clipping in an audio signal, the method

comprising:

receiving an input audio signal;

providing a sum-of-sines data structure, the sum-of-sines data

structure comprising values generated from a sum of lower order

harmonics; and

using the sum-of-sines data structure with one or more processors

to map the input audio signal to an output audio signal, such that at least

some of the lower-order harmonics are added to the input audio signal,

wherein at least a portion of the output audio signal has a greater energy

than the input audio signal.

14. The method of Claim 13, further comprising generating the sum-of-

sine data structure from fewer harmonics than are present in a fully saturated

signal.

15. The computer-readable storage medium of Claim 13, wherein the

harmonics comprise odd harmonics.

16. The computer-readable storage medium of Claim 13 , wherein the

harmonics comprise even harmonics.

17. The computer-readable storage medium of Claim 13, further

comprising generating the sum-of-sines data structure at least in part by

populating a first data structure with one period of a sine wave, populating a



second data structure with multiple periods of the sine wave, and combining

values in the first and second data structures.

18. The computer-readable storage medium of Claim 13 , wherein the

sum-of-sines data structure comprises one quarter of a composite sum-of-sines

wave.

19. A system for increasing a loudness of an audio signal produced by

a loudspeaker to present a perceived loudness to a listener that is greater than a

loudness produced natively by the loudspeaker, the system comprising:

a frequency suppressor comprising one or more filters configured to

increase headroom in an electronic audio signal by filtering low and high

frequencies of the electronic audio signal to produce a first filtered audio

signal, the low and high frequencies being substantially unreproducible by

the speaker;

a loudness adjuster comprising:

a loudness analyzer configured to calculate with one or more

processors a loudness of the first filtered audio signal at least in

part by processing the first filtered audio signal with one or more

loudness filters configured to approximate a human hearing

system, the loudness analyzer further configured to compare the

calculated loudness with a loudness reference level, and

a gain control module operative to compute one or more

gains to be applied to the first filtered audio signal and to apply the

one or more gains to the first filtered audio signal to produce an

amplified audio signal, said computing the one or more gains being

based at least partly on a difference between the calculated

loudness and the loudness reference level;

a distortion control module configured to induce partial harmonic

distortion in the first filtered audio signal by at least mapping one or more

samples of the first filtered audio signal to one or more values stored in a

sum-of-sines table, the sum-of-sines table being generated from a sum of

lower-order harmonics.

20. The system of Claim 19, further comprising an equalization filter

configured to further increase headroom in the electronic audio signal, wherein



the equalization filter is operative to attenuate passband areas of the electronic

audio signal.

2 1. The system of Claim 19, wherein the frequency suppressor

comprises a high pass filter and a low pass filter each having a cutoff frequency

that depends at least partly on a characteristic of a loudspeaker.

22. The system of Claim 2 1, wherein the lower-order harmonics

comprise first, third, fifth, seventh, and ninth harmonics.

23. A method of increasing loudness of an audio signal, the method

comprising:

receiving an electronic audio signal;

processing the electronic audio signal with a frequency suppressor

using one or more processors, the frequency suppressor configured to

filter one or both of low and high frequencies of the electronic audio signal

to produce a filtered audio signal, such that the filtered audio signal has

increased headroom over the electronic audio signal, wherein the

frequency suppressor is not a crossover filter;

deriving one or more gains to apply to the filtered audio signal

based at least in part on the increased headroom; and

applying one or more gains to the filtered audio signal to increase a

loudness of the audio signal.

24. The method of Claim 23, wherein said processing the electronic

audio signal with a frequency suppressor comprises filtering frequencies that are

less reproducible by a given speaker.

25. The method of Claim 23, wherein said deriving one or more gains

comprises estimating a loudness of the filtered audio signal and comparing the

estimated loudness with a reference level.

26. A method of increasing loudness of an audio signal, the method

comprising:

receiving an electronic audio signal;

providing an equalization filter comprising a frequency response

configured to attenuate passband areas of the electronic audio signal, the

passband areas corresponding to areas of a frequency response of a

speaker that are less reproducible by a loudspeaker;



applying the equalization filter to the electronic audio signal using

one or more processors to increase headroom in the electronic audio

signal; and

using the increased headroom in the electronic audio signal to

increase loudness of the electronic audio signal.

27. The method of Claim 26, further comprising processing the

electronic audio signal with a frequency suppressor, the frequency suppressor

configured to filter one or both of low and high frequencies of the electronic audio

signal to produce a filtered audio signal, such that the filtered audio signal has

additional headroom.

28. The method of Claim 26, wherein using the increased headroom in

the electronic audio signal to increase loudness of the electronic audio signal

comprises applying one or more gains to the electronic audio signal.

29. The method of Claim 28, further comprising calculating the one or

more gains based at least partly on an estimated loudness of the electronic audio

signal.

30. The method of Claim 29, further comprising inducing partial

harmonic distortion in the electronic audio signal to further increase loudness of

the electronic audio signal.
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