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Description
FIELD
[0001] The present disclosure is generally related to signal processing.

DESCRIPTION OF RELATED ART

[0002] Advances in technology have resulted in smaller and more powerful computing devices. For example, there
currently exist a variety of portable personal computing devices, including wireless computing devices, such as portable
wireless telephones, personal digital assistants (PDAs), and paging devices that are small, lightweight, and easily carried
by users. More specifically, portable wireless telephones, such as cellular telephones and Internet Protocol (IP) tele-
phones, can communicate voice and data packets over wireless networks. Further, many such wireless telephones
include other types of devices that are incorporated therein. For example, a wireless telephone can also include a digital
still camera, a digital video camera, a digital recorder, and an audio file player.

[0003] Intraditionaltelephone systems (e.g., public switched telephone networks (PSTNSs)), signal bandwidth is limited
to the frequency range of 300 Hertz (Hz) to 3.4 kiloHertz (kHz). In wideband (WB) applications, such as cellular telephony
and voice over internet protocol (VolP), signhal bandwidth may span the frequency range from 50 Hz to 7 kHz. Super
wideband (SWB) coding techniques support bandwidth that extends up to around 16 kHz. Extending signal bandwidth
from narrowband telephony at 3.4 kHz to SWB telephony of 16 kHz may improve the quality of signal reconstruction,
intelligibility, and naturalness.

[0004] SWB coding techniques typically involve encoding and transmitting the lower frequency portion of the signal
(e.g., 50 Hz to 7 kHz, also called the "low-band"). For example, the low-band may be represented using filter parameters
and/or a low-band excitation signal. However, in order to improve coding efficiency, the higher frequency portion of the
signal (e.g., 7 kHz to 16 kHz, also called the "high-band") may not be fully encoded and transmitted. Instead, a receiver
may utilize signal modeling to predict the high-band. In some implementations, data associated with the high-band may
be provided to the receiver to assist in the prediction. Such data may be referred to as "side information," and may
include gain information, line spectral frequencies (LSFs, also referred to as line spectral pairs (LSPs)), etc. High-band
prediction using a signal model may be acceptably accurate when the low-band signal is sufficiently correlated to the
high-band signal. However, in the presence of noise, the correlation between the low-band and the high-band may be
weak, and the signal model may no longer be able to accurately represent the high-band. This may result in artifacts
(e.g., distorted speech) at the receiver.

[0005] In US 2008/0027718 A1 of Krishnan et al, there are described methods in which subbands of a speech signal
are separately encoded, with the excitation of a first subband being derived from a second subband. Gain factors are
calculated to indicate a time-varying relation between envelopes of the original first subband and of the synthesized first
subband. The gain factors are quantized, and quantized values that exceed the pre-quantized values are re-coded.
[0006] In US 2011/0295598 A1 of Yang et al, methods of audio coding are described in which an excitation signal for
a first frequency band of the audio signal is used to calculate an excitation signal for a second frequency band of the
audio signal that is separated from the first frequency band.

[0007] InEP 1808 684 A1 of Matsushita Elec. Ind. Co. Ltd. of Japan, there is described a scalable decoding apparatus
capable of providing decoded audio signals of high quality having less degradation of a high frequency spectrum even
when decoding audio signals by generating the high frequency spectrum by use of a low frequency spectrum. In the
apparatus, an amplitude adjusting part uses different adjustment coefficients in accordance with the characteristic of
first layer spectrum information to adjust the amplitude of a first layer decoded signal spectrum, and then outputs the
amplitude-adjusted first layer decoded signal spectrum to a pseudo-spectrum generating part. Using amplitude-adjusted
first layer decoded signal spectrum received from the amplitude adjusting part, the pseudo-spectrum generating part
generates and outputs a pseudo-spectrum of high frequencies to a scaling part. The scaling part scales the spectrum
received from the pseudo-spectrum generating part and then outputs it to an adder.

[0008] In WO 2006/107840 A1 of Qualcomm Inc, there is described a wideband speech encoder that includes a
narrowband encoder and a highband encoder. The narrowband encoder is configured to encode a narrowband portion
of a wideband speech signal into a set of filter parameters and a corresponding encoded excitation signal. The highband
encoder is configured to encode, according to a highband excitation signal, a highband portion of the wideband speech
signal into a set of filter parameters. The highband encoder is configured to generate the highband excitation signal by
applying a nonlinear function to a signal based on the encoded narrowband excitation signal to generate a spectrally
extended signal.
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SUMMARY

[0009] Systems and methods of performing noise modulation and gain adjustment are disclosed according to claims
1 and 12. For example, high-band encoding may involve generating a high-band excitation signal based on a low-band
excitation signal generated using low-band analysis (e.g., low-band linear prediction (LP) analysis). The high-band
excitation signal may be generated by mixing a transformed low-band excitation signal with modulated noise (e.g., white
noise). The ratio at which the transformed low-band excitation signal and the modulated noise are mixed may impact
signal reconstruction quality. In the presence of noise that decreases correlation between the low-band and the high-
band, the transformed low-band excitation signal may be inadequate for high-band synthesis. For example, the synthe-
sized high-band excitation signal may introduce audible artifacts. In accordance with the described techniques, noise
modulation and/or gain adjustment may be performed to decrease such artifacts. Performing noise modulation may
include adaptively smoothing the ratio of low-band excitation to modulated noise used for high-band synthesis. Performing
gain adjustment may include determining gain parameter(s) to include in high-band side information based on quantization
distortion.

[0010] Particular advantages provided by at least one of the disclosed embodiments include an ability to perform noise
modulation and/or gain adjustment to compensate for noisy conditions. For example, noise modulation may counteract
large fluctuations in a mixing parameter used during high-band synthesis. As another example, gain adjustment may
compensate for spectral distortion due to quantization error. Other aspects, advantages, and features of the present
disclosure will become apparent after review of the entire application, including the following sections: Brief Description
of the Drawings, Detailed Description, and the Claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0011]

FIG. 1 is a diagram to illustrate a particular embodiment of a system that is operable to perform noise modulation
and gain adjustment;

FIG. 2 is a diagram to illustrate a particular embodiment of components of the system of FIG. 1;

FIG. 3 is a graph to illustrate a particular embodiment of a mapping between gain factor and spectral distortion;
FIG. 4 is a diagram to illustrate a particular embodiment of the high-band excitation generator of FIG. 1;

FIG. 5 is a flowchart to illustrate a particular embodiment of a method of performing noise modulation;

FIG. 6 is a flowchart to illustrate a particular embodiment of a method of performing gain adjustment; and

FIG. 7 is a block diagram of a wireless device operable to perform signal processing operations in accordance with
the systems and methods of FIGS. 1-6.

DETAILED DESCRIPTION

[0012] Referring to FIG. 1, a particular embodiment of a system that is operable to perform noise modulation and gain
adjustment is shown and generally designated 100. In a particular embodiment, the system 100 may be integrated into
an encoding system or apparatus (e.g., in a wireless telephone or coder/decoder (CODEC)).

[0013] It should be noted that in the following description, various functions performed by the system 100 of FIG. 1
are described as being performed by certain components or modules. However, this division of components and modules
is for illustration only. In an alternate embodiment, a function performed by a particular component or module may instead
be divided amongst multiple components or modules. Moreover, in an alternate embodiment, two or more components
or modules of FIG. 1 may be integrated into a single component or module. Each component or module illustrated in
FIG. 1 may be implemented using hardware (e.g., a field-programmable gate array (FPGA) device, an application-
specific integrated circuit (ASIC), a digital signal processor (DSP), a controller, etc.), software (e.g., instructions execut-
able by a processor), or any combination thereof.

[0014] The system 100 includes an analysis filter bank 110 that is configured to receive an input audio signal 102. For
example, the input audio signal 102 may be provided by a microphone or other input device. In a particular embodiment,
the input audio signal 102 may include speech. The input audio signal may be a super wideband (SWB) signal that
includes data in the frequency range from approximately 50 hertz (Hz) to approximately 16 kilohertz (kHz). The analysis
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filter bank 110 may filter the input audio signal 102 into multiple portions based on frequency. For example, the analysis
filter bank 110 may generate a low-band signal 122 and a high-band signal 124. The low-band signal 122 and the high-
band signal 124 may have equal or unequal bandwidths, and may be overlapping or non-overlapping. In an alternate
embodiment, the analysis filter bank 110 may generate more than two outputs.

[0015] In the example of FIG. 1, the low-band signal 122 and the high-band signal 124 occupy non-overlapping
frequency bands. For example, the low-band signal 122 and the high-band signal 124 may occupy non-overlapping
frequency bands of 50 Hz - 7 kHz and 7 kHz - 16 kHz. In an alternate embodiment, the low-band signal 122 and the
high-band signal 124 may occupy non-overlapping frequency bands of 50 Hz - 8 kHz and 8 kHz - 16 kHz. In an another
alternate embodiment, the low-band signal 122 and the high-band signal 124 overlap (e.g., 50 Hz - 8 kHz and 7 kHz
-16 kHz), which may enable a low-pass filter and a high-pass filter of the analysis filter bank 110 to have a smooth rolloff,
which may simplify design and reduce cost of the low-pass filter and the high-pass filter. Overlapping the low-band signal
122 and the high-band signal 124 may also enable smooth blending of low-band and high-band signals at a receiver,
which may result in fewer audible artifacts.

[0016] It should be noted thatalthough the example of FIG. 1 illustrates processing of a SWB signal, this is for illustration
only. In an alternate embodiment, the input audio signal 102 may be a wideband (WB) signal having a frequency range
of approximately 50 Hz to approximately 8 kHz. In such an embodiment, the low-band signal 122 may correspond to a
frequency range of approximately 50 Hz to approximately 6.4 kHz and the high-band signal 124 may correspond to a
frequency range of approximately 6.4 kHz to approximately 8 kHz. It should also be noted that the various systems and
methods herein are described as detecting high-band noise and performing various operations in response to high-band
noise. However, this is for example only. The techniques illustrated with reference to FIGS. 1-7 may also be performed
in the context of low-band noise.

[0017] The system 100 may include a low-band analysis module 130 configured to receive the low-band signal 122.
In a particular embodiment, the low-band analysis module 130 may represent an embodiment of a code excited linear
prediction (CELP) encoder. The low-band analysis module 130 may include a linear prediction (LP) analysis and coding
module 132, a linear prediction coefficient (LPC) to line spectral pair (LSP) transform module 134, and a quantizer 136.
LSPs may also be referred to as line spectral frequencies (LSFs), and the two terms may be used interchangeably
herein. The LP analysis and coding module 132 may encode a spectral envelope of the low-band signal 122 as a set
of LPCs. LPCs may be generated for each frame of audio (e.g., 20 milliseconds (ms) of audio, corresponding to 320
samples at a sampling rate of 16 kHz), each sub-frame of audio (e.g., 5 ms of audio), or any combination thereof. The
number of LPCs generated for each frame or sub-frame may be determined by the "order" of the LP analysis performed.
In a particular embodiment, the LP analysis and coding module 132 may generate a set of eleven LPCs corresponding
to a tenth-order LP analysis.

[0018] The LPC to LSP transform module 134 may transform the set of LPCs generated by the LP analysis and coding
module 132 into a corresponding set of LSPs (e.g., using a one-to-one transform). Alternately, the set of LPCs may be
one-to-one transformed into a corresponding set of parcor coefficients, log-area-ratio values, immittance spectral pairs
(ISPs), or immittance spectral frequencies (ISFs). The transform between the set of LPCs and the set of LSPs may be
reversible without error.

[0019] The quantizer 136 may quantize the set of LSPs generated by the transform module 134. For example, the
quantizer 136 may include or be coupled to multiple codebooks that include multiple entries (e.g., vectors). To quantize
the set of LSPs, the quantizer 136 may identify entries of codebooks that are "closest to" (e.g., based on a distortion
measure such as least squares or mean square error) the set of LSPs. The quantizer 136 may output an index value
or series of index values corresponding to the location of the identified entries in the codebook. The output of the quantizer
136 may thus represent low-band filter parameters that are included in a low-band bit stream 142.

[0020] The low-band analysis module 130 may also generate a low-band excitation signal 144. For example, the low-
band excitation signal 144 may be an encoded signal that is generated by quantizing a LP residual signal that is generated
during the LP process performed by the low-band analysis module 130. The LP residual signal may represent prediction
error.

[0021] The system 100 may further include a high-band analysis module 150 configured to receive the high-band
signal 124 from the analysis filter bank 110 and the low-band excitation signal 144 from the low-band analysis module
130. The high-band analysis module 150 may generate high-band side information 172 based on the high-band signal
124 and the low-band excitation signal 144. For example, the high-band side information 172 may include high-band
LSPs and/orgain information (e.g., based on atleast a ratio of high-band energy to low-band energy), as further described
herein.

[0022] The high-band analysis module 150 may include a high-band excitation generator 160. The high-band excitation
generator 160 may generate a high-band excitation signal 161 by extending a spectrum of the low-band excitation signal
144 into the high-band frequency range (e.g., 7 kHz - 16 kHz). To illustrate, the high-band excitation generator 160 may
apply a transform to the low-band excitation signal (e.g., a non-linear transform such as an absolute-value or square
operation) and may mix the transformed low-band excitation signal with a noise signal (e.g., white noise modulated
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according to an envelope corresponding to the low-band excitation signal 144 that mimics slow varying temporal char-
acteristics of the low-band signal 122) to generate the high-band excitation signal 161. For example, the mixing may be
performed according to the following equation:

High-band excitation = (o * transformed low-band excitation) +
((1- o) * modulated noise)

[0023] The ratio at which the transformed low-band excitation signal and the modulated noise are mixed may impact
high-band reconstruction quality at a receiver. For voiced speech signals, the mixing may be biased towards the trans-
formed low-band excitation (e.g., the mixing factor o. may be in the range of 0.5 to 1.0). For unvoiced signals, the mixing
may be biased towards the modulated noise (e.g., the mixing factor o. may be in the range of 0.0 to 0.5). An illustrative
embodiment of the high-band excitation generator 160 is described in further detail with respect to FIG. 4.

[0024] The high-band excitation signal 161 may be used to determine one or more high-band gain parameters that
are included in the high-band side information 172. As illustrated, the high-band analysis module 150 may also include
an LP analysis and coding module 152, a LPC to LSP transform module 154, and a quantizer 156. Each of the LP
analysis and coding module 152, the transform module 154, and the quantizer 156 may function as described above
with reference to corresponding components of the low-band analysis module 130, but at a comparatively reduced
resolution (e.g., using fewer bits for each coefficient, LSP, etc.). The LP analysis and coding module 152 may generate
a set of LPCs that are transformed to LSPs by the transform module 154 and quantized by the quantizer 156 based on
a codebook 163. For example, the LP analysis and coding module 152, the transform module 154, and the quantizer
156 may use the high-band signal 124 to determine high-band filter information (e.g., high-band LSPs) that is included
in the high-band side information 172. In a particular embodiment, the high-band side information 172 may include high-
band LSPs as well as high-band gain parameters. In the presence of certain types of noise, the high-band gain parameters
may be generated as aresult of gain adjustment performed by a gain adjustment module 162, as further described herein.
[0025] The low-band bit stream 142 and the high-band side information 172 may be multiplexed by a multiplexer
(MUX) 180 to generate an output bit stream 192. The output bit stream 192 may represent an encoded audio signal
corresponding to the input audio signal 102. For example, the output bit stream 192 may be transmitted (e.g., over a
wired, wireless, or optical channel) and/or stored. At a receiver, reverse operations may be performed by a demultiplexer
(DEMUX), a low-band decoder, a high-band decoder, and a filter bank to generate an audio signal (e.g., a reconstructed
version of the input audio signal 102 that is provided to a speaker or other output device). The number of bits used to
represent the low-band bit stream 142 may be substantially larger than the number of bits used to represent the high-
band side information 172. Thus, most of the bits in the output bit stream 192 may represent low-band data. The high-
band side information 172 may be used at a receiver to regenerate the high-band excitation signal from the low-band
data in accordance with a signal model. For example, the signal model may represent an expected set of relationships
or correlations between low-band data (e.g., the low-band signal 122) and high-band data (e.g., the high-band signal
124). Thus, different signal models may be used for different kinds of audio data (e.g., speech, music, etc.), and the
particular signal model that is in use may be negotiated by atransmitter and areceiver (or defined by an industry standard)
prior to communication of encoded audio data. Using the signal model, the high-band analysis module 150 at a transmitter
may be able to generate the high-band side information 172 such that a corresponding high-band analysis module at a
receiver is able to use the signal model to reconstruct the high-band signal 124 from the output bit stream 192.

[0026] The transformed low-band excitation may be inadequate for use in high-band synthesis due to insufficient
correlation between the noisy high-band signal 124 and the noisy low-band signal 122. For example, when the input
audio signal 102 includes speech, the high-band signal 124 may be processed in 20 millisecond (ms) frames, and LSF
and gain parameters may be estimated and quantized on a per-frame basis. Four temporal gain slope parameters may
be estimated on a per-sub-frame basis (e.g., every 5 ms) and may be transmitted along with LSF and overall gain
parameters. Thus, high-band excitation may be estimated (e.g., generated) for each sub-frame. Typically, the mixing
parameter o, may be determined based on low-band voicing parameters. However, in the presence of noise, determining
the mixing parameter o in such fashion may result in wide fluctuations per sub-frame. For example, due to noise, the
mixing parameter o for four consecutive sub-frames may be 0.9, 0.25, 0.8, and 0.15, resulting in buzzy or modulation
artifacts. Moreover, a large amount of quantization distortion may be present.

[0027] The LP analysis and coding module 152 may generate a set of LPCs that are transformed to LSPs by the
transform module 154 and quantized by the quantizer 156 based on the codebook 163. In the presence of noise,
quantization distortion in the high-band LSPs may be large.

[0028] Forexample, the quantizer 156 may be configured to quantize a set of spectral frequency values, such as LSPs
provided by the transformation module 154. In other embodiments, the quantizer 156 may receive and quantize sets of
one or more other types of spectral frequency values in addition to, or instead of, LSFs or LSPs. For example, the
quantizer 156 may receive and quantize a set of linear prediction coefficients (LPCs) generated by the LP analysis and
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coding module 152. Other examples include sets of parcor coefficients, log-area-ratio values, and immittance spectral
frequencies (ISFs) that may be received and quantized at the quantizer 156. The quantizer 156 may include a vector
quantizer that encodes an input vector (e.g., a set of spectral frequency values in a vector format) as an index to a
corresponding entry in a table or codebook, such as the codebook 163. As another example, the quantizer 156 may be
configured to determine one or more parameters from which the input vector may be generated dynamically ata decoder,
such as in a sparse codebook embodiment, rather than retrieved from storage. To illustrate, sparse codebook examples
may be applied in coding schemes such as CELP and codecs such as 3GPP2 (Third Generation Partnership 2) EVRC
(Enhanced Variable Rate Codec). In another embodiment, the high-band analysis module 150 may include the quantizer
156 and may be configured to use a number of codebook vectors to generate synthesized signals (e.g., according to a
set of filter parameters) and to select one of the codebook vectors associated with the synthesized signal that best
matches the high-band signal 124, such as in a perceptually weighted domain.

[0029] High-band quantization outliers may adversely impact high-band synthesis and temporal gain estimation. For
example, over-estimation of temporal and gain parameters may result in artifacts. To reduce such artifacts, the high-
band analysis module 150 may include a gain adjuster 162.

[0030] The gain adjuster 162 may estimate spectral distortion between a first set of spectral values (e.g., the unquan-
tized LSFs produced by the transform module 154) and a second set of spectral values (e.g., the quantized LSFs
produced by the quantizer 156). The gain adjuster 162 may estimate a gain factor based on a mapping of gain factor to
spectral distortion. FIG. 3 illustrates an example of a graph 300 that maps gain factor to spectral distortion. In FIG. 3,
"SD1" and "SD2" represent 8% and 2% outliers, respectively, that may be calculated from a probability distribution
function. For example, during training of the codebook 163, a large amount of speech data (e.g., 10 hours of speech
data) may be processed. During the processing, a probability distribution of spectral distortion may be generated, and
SD1 and SD2 may be determined.

[0031] SD1and SD2 may be used to determine values of the gain factor. In the example mapping 300 of FIG. 3, when
spectral distortion is determined to be less than SD1 (e.g., less distortion than an 8% outlier), no gain adjustment is
performed (e.g., the gain factor is set to 1). When spectral distortion is determined to be greater than SD2 (e.g., more
distortion than a 2% outlier), attenuation may be performed by setting the gain factor to a value G2 that is less than 1,
such as G2 =0.5. When spectral distortion is in the range from SD1 to SD2, a linear relationship may be used to determine
the gain factor. For example, a line having a slope of (G2-1)/(SD2-SD1) and an intercept of K may be used to map a
spectral distortion value SD to a gain factor according to

GainFactor = slope * SD + intercept = SD * (G2-1)/(SD2-SD1) + K.

[0032] In an exemplary embodiment, the gain adjuster 162 may determine a gain factor (e.g., to adjust a gain frame
to be included in the high-band side information 172) in accordance with the following pseudocode.

/* Initialize the spectral distortion measure between the original unguantized LSF, i.e.,

lsp shb orig, and quantized LSFs, i.e., lsp shb */

sd ug g = 0;

LPC ORDER = 10; /* Initialize the LPC order */

for(i = 0; 1 < LPC ORDER; 1i++)

{
/* Estimate the spectral distortion between the unquantized and gquantized LSFs */
sd ug g += (lsp shb[i] - 1lsp shb orig[i]) * (lsp shb[i] - lsp shb origli]);

}

/* Estimate the gain factor using the mapping of FIG. 3 */

GainFactor = sd ug q * (G2 - 1)/(SD2-SD1) + K;

/* Gain factor is limited between G2 and 1.0. */

GainFactor = min(max (GainFactor, G2), 1.0);

/* Frame gain adjustment */

GainFrame = GainFrame * GainFactor;

[0033] As illustrated in the above pseudocode, by using the mapping of FIG. 3, the gain adjuster 162 may limit artifacts
due to spectral distortion (e.g., LSF outliers) when determining the gain factor.

[0034] In the above pseudocode, spectral distortion is determined as a sum of squares of errors due to quantization.
Errors due to quantization are identified as a difference, for each spectral frequency value of a set of spectral frequency
values, between a quantized version of the spectral frequency value and an un-quantized version of the spectralfrequency
value. Each error (e.g., each difference between quantized and un-quantized values) is squared, and spectral distortion
is estimated as a sum of the squared errors. In other embodiments, spectral distortion estimates may be determined
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according to one or more other techniques. For example, spectral distortion may be determined according to a mean
squared error (MSE) technique. As another example, spectral distortion may be determined using absolute values (e.g.,
magnitudes) of differences between values of a first set of un-quantized spectral frequency values and a second set of
quantized spectral frequency values.

[0035] Although the above pseudocode and the mapping of FIG. 3 determine a value of a gain factor according to a
piece-wise linear mapping of spectral distortion estimates to gain factor values, in other embodiments other mappings
may be used. For example, other mappings may map relatively lower spectral distortion estimates to larger gain factors
(e.g., 1) for reduced attenuation and may map relatively higher spectral distortion estimates to smaller gain factors for
increased attenuation according to the amount of quantization error. Although in some embodiments SD1 and SD2 may
be determined in accordance with 8% and 2% outlier values, respectively, in other embodiments SD1 and/or SD2 may
be determined based on one or more other outlier values or may be determined independently of outlier values.
[0036] FIG. 2 illustrates a particular embodiment of components of the system 100 of FIG. 1 configured to adjust noise
modulation and also to adjust frame gain based on spectral distortion. The LP analysis and coding module 152 is
configured to receive the high-band signal 124 of FIG. 1 and to generate spectral frequency values, such as LSP
information. The quantizer 156 is configured to receive the spectral frequency values and to generate quantized spectral
frequency values, such as quantized LSP information (LSP_Q).

[0037] A spectral distortion calculator 201 is configured to receive a set of the spectral frequency values and a set of
the quantized spectral frequency values and to determine a spectral distortion 202. For example, the spectral distortion
calculator 201 may be configured to estimate the spectral distortion 202 in a similar manner as described with respect
to the gain adjuster 162 of FIG. 1. The determined spectral distortion 202 may be provided to a mapping module 206.
[0038] The mapping module 206 may be configured to receive the spectral distortion 202 and to determine a gain
factor (g) 204 based on a mapping of spectral distortion values to gain factor values. For example, the mapping module
206 may be configured to determine the gain factor 204 in a similar manner as described with respect to the gain adjuster
162 of FIG. 1. To illustrate, the mapping module 206 may apply the mapping 300 of FIG. 3 to determine a value of the
gain factor 204 based on a received value of the spectral distortion 202. The gain factor 204 may be provided to the
gain adjuster 162.

[0039] A high-band synthesis module 207 may be configured to receive the quantized spectral frequency values and
to receive the high-band excitation signal 161 from the high band excitation generator 160 to generate a synthesized
high band signal. For example, the high-band synthesis module 207 may be configured to apply a transformation of LSP
values to LPC values and using the LPC values to configure the high band LP synthesis filter. The high-band synthesis
module 207 may apply the high-band excitation signal 161 to the synthesis filter to generate the synthesized high band
signal.

[0040] In a particular embodiment, the high-band excitation generator 160 includes a mixing module 411 that is con-
figured to receive a transformed low band excitation 408, modulated noise 420, and output mixing factors 410, and to
generate the high-band excitation signal 161 by applying the output mixing factors 410 to calculate a weighted sum of
the transformed low band excitation 408 and the modulated noise 420. As described in further detail with respect to FIG.
4, the output mixing factors 410 may exhibit smoothing of the mixing factors between successive sub-frames of the
audio signal 102 of FIG. 1 based on weighted sums of mixing factors that are computed for the sub-frames.

[0041] A frame gain calculator 208 may be configured to determine a frame gain based on the high band signal 124
of FIG. 1 and the synthesized high band signal that is generated by the synthesized high-band module 207. For example,
the frame gain calculator 208 may determine a frame gain value for a particular frame of the audio signal based on a
comparison of the high-band signal 124 to the synthesized high band signal. The frame gain value may be adjusted by
the gain adjuster 162 based on the gain factor 204 to generate an adjusted frame gain.

[0042] An example of the high-band excitation generator 160 is further described with reference to FIG. 4. The high-
band excitation generator 160 includes a combiner 406 having inputs coupled to an envelope calculator 402 and to a
white noise generator 404. A mixing module 411 is coupled to an output of the combiner 406 and to an output of a non-
linear transformation module 407. A mixing factor adjuster 409 is coupled to a mixing factor generator 412 and is also
coupled to the mixing module 411. The mixing factor adjuster 409 is configured to generate output mixing factors 410
based on received mixing factors 413. The output mixing factors 410 are applied by the mixing module 411 to enable
mixing smoothing.

[0043] The envelope calculator 402 may receive the low-band excitation signal 144 and may calculate a low-band
time-domain envelope 403 corresponding to the low-band excitation signal 144. For example, the envelope calculator
402 may be configured to calculate the square of each sample of a frame of the low-band excitation signal 144 (or a
filtered version of the low-band excitation signal 144) to produce a sequence of squared values. The envelope calculator
402 may be configured to perform a smoothing operation on the sequence of squared values, such as by applying a
first-order IIR lowpass filter to the sequence of squared values. The envelope calculator 402 may be configured to apply
a square root function to each sample of the smoothed sequence to produce the low-band time-domain envelope 403.
[0044] The combiner 406 may be configured to combine the low-band time-domain envelope 403 with white noise
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405 generated by a white noise generator 404 to produce a modulated noise signal 420. For example, the combiner
406 may be configured to amplitude-modulate the white noise 405 according to the low-band time-domain envelope
403. For example, the combiner 406 may be implemented as a multiplier that is configured to scale the output of noise
generator 404 according to the time domain envelope calculated by the envelope calculator 402 to produce the modulated
noise signal 420 that is provided to the mixing module 411.

[0045] The mixing module 411 may be configured to mix the modulated noise signal 420 from the combiner 406 with
a transformed low-band excitation signal 408. For example, the transformed low-band excitation signal 408 may be
generated by the non-linear transformation module 407 based on the low-band excitation signal 144. In a particular
embodiment, the non-linear transformation may be an absolute value ("|x|") transformation or an x-squared ("x2") trans-
formation.

[0046] The mixing module 411 may be configured to generate the high-band excitation signhal 161 by mixing the
modulated noise signal 420 from the combiner 406 and the transformed low-band excitation signal 408 based on avalue
of a mixing factor o. 410 received from the mixing factor adjuster 409. For example, the mixing module 411 may be
configured to calculate the high-band excitation signal 161 as a weighted sum by applying a mixing factor o 410 to the
transformed low-band excitation signal 408 and by applying a factor of (1 - o) to the modulated noise 420 received from
the combiner 406 prior to summing the weighted transformed low-band excitation signal 408 and the weighted modulated
noise.

[0047] The mixing factor generator 412 may be configured to generate the mixing factors 413 as multiple mixing factors
for each frame of the audio signal. For example, four mixing factors a4, a,, a3, oy may be generated for a frame of an
audio signal, and each mixing factor may correspond to a respective sub-frame of the frame. For example, the mixing
factor generator 412 may be configured to calculate mixing factors according to one or more parameters relating to a
periodicity of the low-band signal 122 of FIG. 1 or of the low-band excitation signal 144, such as a pitch gain and/or a
speech mode (e.g., voiced or unvoiced). As another example, the mixing factor generator 412 may be configured to
calculate mixing factors according to a measure of periodicity of the high-band signal 124 of FIG. 1, such as a largest
determined value of an autocorrelation coefficient of the high-band signal 124 for a frame or sub-frame of the audio signal.
[0048] The mixing factor adjuster 409 may generate the output mixing factors 410, such as four output mixing factors
0l1s, Olng, O3g Ogs. EACh mixing factor may correspond to arespective sub-frame of a frame of an audio signal. The mixing
factor adjuster 409 may generate the output mixing factors 410 in various ways to adaptively smooth the mixing factors
within a single frame or across multiple frames to reduce an occurrence and/or extent of fluctuations of the output mixing
factors 410. To illustrate, the mixing factor adjuster 409 may include a filter configured to receive a first value of the
mixing factor a (e.g., o.q) that corresponds to a first sub-frame of a particular frame and to receive a second value of the
mixing factor o (e.g., ay) that corresponds to a second sub-frame of the particular frame. The mixing factor adjuster 409
may be configured to generate a third value of a mixing factor (e.g., a,,) at least partially based on the first value of the
mixing factor o (e.g., aq) and the second value of the mixing factor (e.g., o).

[0049] For example, a first approach may include generating a value of the mixing factor o based on mixing factor
values corresponding to portions (e.g., sub-frames) of a single frame. The following pseudocode corresponds to the first
approach.

/* Approach 1: Mixing factor based on values within a frame */

mix factor new[0] = mix factor[0]; /* Initialize the first sub-frame mix factor */
NB_SUBFR = 4; /* four sub-frames per frame */
K1 = 0.8;

for (1 = 1; 1 < NB SUBFR; i++)
{
mix factor new[i] = Kl * mix factor[i] + (1-Kl1) * mix factor[i-1];

i

[0050] Inthe above pseudocode for the first approach, mix_factor[i] corresponds to an i-th mixing factor 413 generated
by the mixing factor generator 412 for a particular frame (e.g., mix_factor[0] may correspond to a.4) and mix_factor_newl[i]
corresponds to an i-th output mixing factor 410 (e.g., mix_factor_new[0] may correspond to o). K1 determines an
amount of smoothing between sub-frames and is illustrated as having a value of 0.8. However, in other embodiments,
K1 may be set to other values according to an amount of smoothing to be applied. For example, no smoothing is applied
when K1 = 1, and smoothing increases with decreasing value of K1.

[0051] Other factors, such as coding type (e.g., whether or not a frame corresponds to a voiced frame or an unvoiced
frame) may also be used to determine whether to generate smoothed values of mixing factors. For example, the mixing
factor adjuster 409 may be responsive to an indication of a coding type (coder_type) 422 to generate the mixing factors.
To illustrate, mixing factor smoothing may be enabled when the indication of the coding type corresponds to a voiced
frame and may be disabled when the indication of the coding type corresponds to an unvoiced frame. As another example,
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the mixing factor adjuster 409 may be responsive to the spectral distortion information (SD) 202 of FIG. 2 to vary the
mixing factors. As an example, when spectral distortion is relatively high (e.g., greater than a threshold amount, such
as in accordance with an 8% outlier or 2% outlier as described with respect to spectral distortion of FIG. 3), a value of
the mixing factor o. may be constrained to a range of 0 to 0.5 with more bias towards the modulated noise. On the other
hand, when the spectral distortion 202 is relatively low (e.g., less than a threshold amount corresponding to the 8%
outlier as described with respectto SD1 of FIG. 3), the mixing may be biased towards the transformed low band excitation.
[0052] A second approach may include generating a value of the mixing factor o. based on mixing factor values
corresponding to portions (e.g., sub-frames) of different frames. The following pseudocode corresponds to the second
approach.

/* Approach 2: Mixing factor based on values across frames */
NB SUBFR = 4;
K1 = 0.8;
mix factor new[0] = K1 * mix factor([0] + (1-Kl1) * mix factor old; //first sub-frame
for (1 = 1; 1 < NB SUBFR; i++)
{
mix factor new[i] = Kl * mix factor[i] + (1-Kl1) * mix factor[i-1];
}

mix factor old = mix factor new[i];

[0053] In the above pseudocode for the second approach, mix_factor[i] corresponds to an i-th mixing factor 413
generated by the mixing factor generator 412 for a particular frame (e.g., mix_factor[0] may correspond to o) and
mix_factor_new([i] corresponds to an i-th output mixing factor 410 for the particular frame (e.g., mix_factor_new[0] may
correspond to o,g). Smoothing is performed across frames via mix_factor_old, which enables smoothing for a first sub-
frame of a current frame based on a mixing factor determined for a last sub-frame of a previous frame.

[0054] A third approach may include generating the mixing factor o. using an adaptive value. The following pseudocode
corresponds to the third approach.

[0055]

/* Approach 3: Mixing factor generation using adaptive K1 */
NB SUBFR = 4;
/* Estimate current high-band energy; if fast varying use a slower smoothing factor */

if (hb energy prev > 2 * hb energy curr || hb energy curr > 2 * hb energy Prev)
K1 = 0.8;
else
K1 = 0.3;
mix factor new[0] = Kl * mix factor([0] + (1-Kl1) * mix factor old; //first sub-frame

for (1 = 1; 1 < NB SUBFR; i++)

mix factor new[i] = Kl * mix factor[i] + (1-Kl1) * mix factor[i-1];
}

mix factor old = mix factor new[i];

[0056] In the above pseudocode for the third approach, smoothing is enabled across frames in a manner similar to
the second approach. In addition, a value of K1 is determined based on high-band energy fluctuation of the audio signal.
For example, a first weight (e.g., K1) applied to the first value and a second weight (e.g., 1-K1) applied to the second
value are determined based on energy fluctuation of the high-band signal 124 of FIG. 1. A first high-band energy value
hb_energy_prev corresponds to an energy of the high-band signal during a first portion of the audio signal (e.g., a
previous frame), and a second high-band energy value hb_energy_curr corresponds to an energy of the high-band
signal during a second portion of the audio signal (e.g., a current frame).

[0057] When a fluctuation in the high-band energy between frames is determined to be relatively large, the first weight
(e.g., K1) and the second weight (e.g., 1-K1) are determined to have values that allow a greater rate of change and less
smoothing between mixing factors of successive sub-frames. For example, in the pseudocode for the third approach,
the first weight (e.g., K1 = 0.8) is selected to be greater than the second weight (e.g., (1-K1) = 0.2) in response to the
first high-band energy value exceeding a first threshold (e.g., when hb_energy_prev is greater than 2 * hb_energy_curr)
or in response to the second high-band energy value exceeding a second threshold (e.g., when hb_energy_curr is
greaterthan2*hb_energy_prev). The firstthreshold corresponds to the second high-band energy value (hb_energy_curr)
scaled by a scaling factor (e.g., 2 in the above pseudocode). The second threshold corresponds to the first high-band
energy value (hb_energy_prev) scaled by the scaling factor.
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[0058] When a fluctuation in the high-band energy between frames is determined to be relatively small, the first weight
(e.g., K1) and the second weight (e.g., 1-K1) are determined to have values that allow a lesser rate of change and greater
smoothing between mixing factors of successive sub-frames. For example, in the pseudocode for the third approach,
the first weight (e.g., K1 = 0.3) is selected to be less than the second weight (e.g., (1-K1) = 0.7) in response to the first
high-band energy value not exceeding the first threshold (e.g., when hb_energy_prev is less than or equal to 2 *
hb_energy_curr) and the second high-band energy value not exceeding the second threshold (e.g., when hb_energy_curr
is less than or equal to 2 * hb_energy_prev).

[0059] Although the pseudocode for the third approach provides an illustrative example of determining the first and
second weights based on high-band energy fluctuation, in other embodiments alternate and/or additional comparisons
of high-band energy values among multiple frames may be made to determine values of the first and second weights
and to control smoothing of the mixing factor.

[0060] Thus, as shown in FIG. 4, the high-band excitation generator 160 may generate smoothed mixing factors 410
and may adaptively determine one or more smoothing parameters (e.g., K1) based on an amount of high-band energy
fluctuation from frame to frame.

[0061] Referring to FIG. 5, a flowchart of a particular embodiment of a method of performing gain control is shown
and generally designated 500. In an illustrative embodiment, the method 500 may be performed by the system 100 of
FIG. 1, such as by the high-band excitation generator 160.

[0062] Afirstvalue of a mixing factor is received, at 502. The first value corresponds to afirst portion of an audio signal
received at an audio encoder. A second value of the mixing factor is received, at 504. The second value corresponds
to a second portion of the audio signal. The first value may be generated based on a low-band portion of a first sub-
frame of the audio signal and the second value may be generated based on a low-band portion of a second sub-frame
of the audio signal. For example, the mixing factor adjuster 409 of FIG. 4 receives values of the mixing factors 413 from
the mixing factor generator 412. To illustrate, the first value may correspond to one of a4, a,,, a3, or oy, and the second
value may correspond to another of a4, o, a3, Or 0y4.

[0063] A third value of the mixing factor is generated at least partially based on the first value and the second value,
at 506. For example, the mixing factor adjuster 409 generates values of the output mixing factors 410 based on weighted
sums of multiple received values of the mixing factors 413.

[0064] Generating the third value may include determining a weighted sum of the first value and the second value.
For example, in the third approach described with respect to the mixing factor adjuster 409 of FIG. 4, a first weight
applied to the first value (e.g., K1) and a second weight applied to the second value (e.g., 1-K1) may be determined
based on high-band energy fluctuation of the audio signal. The first weight and the second weight may be determined
based on a first high-band energy value corresponding to the first portion and further based on a second high-band
energy value corresponding to the second portion (e.g., as described in the pseudocode corresponding to the third
approach as hb_energy_prev and hb_energy_curr, respectively). The first weight may be selected to be greater than
the second weight in response to the first high-band energy value exceeding a first threshold (e.g., hb_energy_prev >
first threshold) or in response to the second high-band energy value exceeding a second threshold (e.g., hb_energy_curr
> second threshold). The first threshold may correspond to the second high-band energy value scaled by a scaling factor
(e.g., first threshold = 2 * hb_energy_curr), and the second threshold may correspond to the first high-band energy value
scaled by the scaling factor (e.g., second threshold = 2 * hb_energy_prev).

[0065] The first portion may include a first sub-frame of the audio signal, and the second portion may include a second
sub-frame of the audio signal. For example, the first sub-frame and the second sub-frame may be in a single frame of
the audio signal. To illustrate, each of the first approach, the second approach, and the third approach described with
respect to the mixing factor adjuster 409 of FIG. 4 may generate a third value of the mixing factor based on a first value
of the mixing factor corresponding to one sub-frame of a particular frame and a second value of the mixing factor
corresponding to another sub-frame of the particular frame.

[0066] As another example, the first sub-frame and the second sub-frames may be in different frames of the audio
signal. For example, the second approach and the third approach described with respect to the mixing factor adjuster
409 of FIG. 4 may generate a third value of the mixing factor (e.g., for a first sub-frame of a particular frame) based on
a first value of the mixing factor corresponding to a last sub-frame of a previous frame and based on a second value of
the mixing factor corresponding to the first sub-frame of the particular frame.

[0067] An excitation signal is mixed with modulated noise based on the third value of the mixing factor, at 508. For
example, a high-band excitation signal corresponding to a high-band portion of the audio signal may be generated. The
high-band excitation signal may be generated based on combining the modulated noise and the excitation signal, where
the excitation signal corresponds to a transformed version of a low-band excitation signal. For example, the mixing
module 411 of FIG. 4 may generate the high-band excitation signal 161 based on combining the modulated 420 noise
from the combiner 406 and the transformed version of the low-band excitation signal 144 (corresponding to a low-band
portion of the audio signal 102 of FIG. 1). The mixing factor may indicate a ratio of the modulated noise to the transformed
version of the low-band excitation signal. For example, the high-band excitation signal may be generated as a weighted
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sum of the modulated noise and the transformed version of the low-band excitation signal.

[0068] In particular embodiments, the method 500 of FIG. 5 may be implemented via hardware (e.g., a field-program-
mable gate array (FPGA) device, an application-specific integrated circuit (ASIC), etc.) of a processing unit such as a
central processing unit (CPU), a digital signal processor (DSP), or a controller, via a firmware device, or any combination
thereof. As an example, the method 500 of FIG. 5 can be performed by a processor that executes instructions, such as
described with respect to FIG. 7.

[0069] Referring to FIG. 6, a flowchart of a particular embodiment of a method of performing gain control is shown
and generally designated 600. In an illustrative embodiment, the method 600 may be performed by the system 100 of
FIG. 1, such as by the high-band analysis module 160.

[0070] A first set of spectral frequency values corresponding to an audio signal is determined, at 602. For example,
the first set of spectral frequency values may be generated by the LP analysis and coding module 152 of FIG. 1. To
illustrate, the first set of spectral frequency values may be determined by performing LPC analysis to produce a set of
LP filter coefficients for each frame of a high-band portion of an audio signal and may include a transformation of the
LP filter coefficients.

[0071] A second set of spectral frequency values that approximates the first set of spectral frequency values is deter-
mined, at 604. For example, the second set of spectral values may be generated by the quantizer 156 of FIG. 1. The
second set of spectral frequency values may be determined by searching a codebook, such as the codebook 163 of
FIG. 1, based on the first set of spectral frequency values. In a particular embodiment, the first set of spectral frequency
values includes line spectral frequency (LSF) values and the second set of spectral frequency values includes quantized
LSF values. In other embodiments, the first set of spectral frequency values may be values other than LSF values. For
example, the first set of spectral frequency values may include linear prediction coefficient (LPC) values, and the second
set of spectral frequency values may include quantized LPC values.

[0072] A gain value corresponding to at least a portion of the audio signal is adjusted based on a difference between
the first set and the second set, at 606. The gain value may correspond to a frame gain of a frame of the audio signal.
For example, the frame gain value may be generated based on the high-band portion of the audio signal 102 of FIG. 1
and a synthesized high-band signal generated by applying the high-band excitation signal 161 to a synthesis filter, such
as the synthesis filter 207 of FIG. 2. In a particular embodiment, the synthesis filter may be configured according to the
first set of spectral frequency values or according to the second set of spectral frequency values (after transforming the
second set to generate un-quantized values).

[0073] Adjusting the gain value may include determining a spectral distortion between the first set of spectral frequency
values and the second set of spectral frequency values, at 608. For example, the spectral distortion may be the SD 202
generated by the spectral distortion module 201 of FIG. 2. A spectral distortion corresponding to the difference between
the first set and the second set may be estimated according to various techniques. For example, the spectral distortion
may be determined according to a mean square error of values in the second set of spectral frequency values as
compared to values in the first set of spectral frequency values. As another example, the spectral distortion may be
determined according to an absolute difference between values in the second set of spectral frequency values as
compared to values in the first set of spectral frequency values.

[0074] Adjusting the gain value may also include determining a gain factor based on the spectral distortion, at 610.
The gain factor may be determined according to a mapping of spectral distortion values to gain factor values, such as
described with respect to the gain factor 204 generated by the mapping module 206 of FIG. 2 according to the mapping
300 of FIG. 3. To illustrate, a portion of the mapping may define that an increase in spectral distortion corresponds to a
decrease in gain factor value, such as illustrated by the sloped portion of the mapping 300 between SD1 and SD2. The
mapping may be at least partially based on spectral distortion values corresponding to outliers of a probability distribution
function, such as described with respect to SD1 and SD2 of FIG. 3.

[0075] Adjusting the gain value may also include adjusting the frame gain by applying the gain factor to the frame
gain, at 612. To illustrate, the gain value may be multiplied by the gain factor to attenuate portions of the high-band
signal based on an amount of quantization error. Although the method 600 is described with respect to high-band
components of FIGs. 1 and 4, the method 600 may be applied with respect to the low-band signal 122 of FIG. 1 or to
any other portion of an audio signal 102 received at an encoder.

[0076] In particular embodiments, the method 600 of FIG. 6 may be implemented via hardware (e.g., a field-program-
mable gate array (FPGA) device, an application-specific integrated circuit (ASIC), etc.) of a processing unit, such as a
central processing unit (CPU), a digital signal processor (DSP), or a controller, via a firmware device, or any combination
thereof. As an example, the method 600 of FIG. 6 can be performed by a processor that executes instructions, as
described with respect to FIG. 7.

[0077] FIGS. 1-6 thus illustrate examples including systems and methods that perform gain adjustment based on
estimated spectral distortion and/or perform mixing factor smoothing to reduce artifacts due to noise.

[0078] Referring to FIG. 7, a block diagram of a particular illustrative embodiment of a wireless communication device
is depicted and generally designhated 700. The device 700 includes a processor 710 (e.g., a central processing unit
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(CPU), a digital signal processor (DSP), etc.) coupled to a memory 732. The memory 732 may include instructions 760
executable by the processor 710 and/or a coder/decoder (CODEC) 734 to perform methods and processes disclosed
herein, such as the methods of FIGs. 5-6.

[0079] The CODEC 734 may include a noise modulation system 776. In a particular embodiment, the noise modulation
system 776 includes one or more components of the system 400 of FIG. 4. The noise modulation system 776 may be
implemented via dedicated hardware (e.g., circuitry), by a processor executing instructions to perform one or more tasks,
or a combination thereof. As an example, the memory 732 or a memory in the CODEC 734 may be a memory device,
such as a random access memory (RAM), magnetoresistive random access memory (MRAM), spin-torque transfer
MRAM (STT-MRAM), flash memory, read-only memory (ROM), programmable read-only memory (PROM), erasable
programmable read-only memory (EPROM), electrically erasable programmable read-only memory (EEPROM), regis-
ters, hard disk, a removable disk, or a compact disc read-only memory (CD-ROM). The memory device may include
instructions (e.g., the instructions 760) that, when executed by a computer (e.g., a processor in the CODEC 734 and/or
the processor 710), may cause the computer to receive a first value of a mixing factor corresponding to a first portion
of an audio signal, to receive a second value of the mixing factor corresponding to a second portion of the audio signal,
and to generate a third value of the mixing factor at least partially based on the first value and the second value. As an
example, the memory 732 or a memory in the CODEC 734 may be a non-transitory computer-readable medium that
includes instructions (e.g., the instructions 760) that, when executed by a computer (e.g., a processor in the CODEC
734 and/or the processor 710), cause the computer perform at least a portion of the method 500 of FIG. 5.

[0080] The CODEC 734 may include a gain adjustment system 778. In a particular embodiment, the gain adjustment
system 778 includes the gain adjuster 162 of FIG. 1. The gain adjustment system 778 may be implemented via dedicated
hardware (e.g., circuitry), by a processor executing instructions to perform one or more tasks, or a combination thereof.
As an example, the memory 732 may be a memory device that includes instructions (e.g., the instructions 760) that,
when executed by a computer (e.g., a processor in the CODEC 734 and/or the processor 710), cause the computer to
determine afirst set of spectral frequency values corresponding to an audio signal, to determine a second set of spectral
frequency values that approximates the first set of spectral frequency values, and to adjust a gain value corresponding
to at least a portion of the audio signal based on a difference between the first set and the second set. As an example,
the memory 732 or a memory in the CODEC 734 may be a non-transitory computer-readable medium that includes
instructions (e.g., the instructions 760) that, when executed by a computer (e.g., a processor in the CODEC 734 and/or
the processor 710), may cause the computer perform at least a portion of the method 600 of FIG. 6.

[0081] FIG. 7 also shows a display controller 726 that is coupled to the processor 710 and to a display 728. The
CODEC 734 may be coupled to the processor 710, as shown. A speaker 736 and a microphone 738 can be coupled to
the CODEC 734. For example, the microphone 738 may generate the input audio signal 102 of FIG. 1, and the CODEC
734 may generate the output bit stream 192 for transmission to a receiver based on the input audio signal 102. As
another example, the speaker 736 may be used to output a signal reconstructed by the CODEC 734 from the output bit
stream 192 of FIG. 1, where the output bit stream 192 is received from a transmitter. FIG. 7 also indicates that a wireless
controller 740 can be coupled to the processor 710 and to a wireless antenna 742.

[0082] In a particular embodiment, the processor 710, the display controller 726, the memory 732, the CODEC 734,
and the wireless controller 740 are included in a system-in-package or system-on-chip device (e.g., a mobile station
modem (MSM)) 722. In a particular embodiment, an input device 730, such as a touchscreen and/or keypad, and a
power supply 744 are coupled to the system-on-chip device 722. Moreover, in a particular embodiment, as illustrated
in FIG. 7, the display 728, the input device 730, the speaker 736, the microphone 738, the wireless antenna 742, and
the power supply 744 are external to the system-on-chip device 722. However, each of the display 728, the input device
730, the speaker 736, the microphone 738, the wireless antenna 742, and the power supply 744 can be coupled to a
component of the system-on-chip device 722, such as an interface or a controller.

[0083] In conjunction with the described embodiments, an apparatus is disclosed that includes means for generating
a third value of a mixing factor at least partially based on a first value of the mixing factor and a second value of the
mixing factor, where the first value corresponds to a first portion of an audio signal received at an audio encoder and
the second value corresponds to a second portion of the audio signal. For example, the means for generating may
include the high-band excitation generator 160 of FIG. 1, the mixing factor adjuster 409 of FIG. 4, the noise modulation
system 776 of FIG. 7 or a component thereof, one or more devices, such as a filter, configured to generate a third value
based on the first value and the second value (e.g., a processor executing instructions at a non-transitory computer
readable storage medium), or any combination thereof.

[0084] The apparatus may also include means for generating a high-band excitation signal corresponding to a high-
band portion of the audio signal by combining modulated noise and a transformed version of a low-band excitation signal.
The low-band excitation signal corresponds to a low-band portion of the audio signal. The means for generating may
be configured to combine the modulated noise and the transformed version of the low-band excitation signal based on
the third value. For example, the means for generating the high-band excitation signal may include the high-band
excitation generator 160 of FIG. 1, the mixer 411 of FIG. 4, the noise modulation system 776 of FIG. 7 or a component
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thereof, one or more devices configured to generate an excitation signal (e.g., a processor executing instructions at a
non-transitory computer readable storage medium), or any combination thereof.

[0085] In conjunction with the described embodiments, an apparatus is disclosed that includes means for determining
a first set of spectral frequency values corresponding to an audio signal. For example, the means for determining the
first set may include the LP analysis and coding module 152 of FIG. 1, the gain adjustment system 778 of FIG. 7 or a
component thereof, one or more devices configured to generate spectral frequency values corresponding to an audio
signal (e.g., a processor executing instructions at a non-transitory computer readable storage medium), or any combi-
nation thereof.

[0086] The apparatus may also include means for generating a second set of spectral frequency values that approx-
imates the first set of spectral frequency values. For example, the means for generating the second set may include the
quantizer 156 of FIG. 1, the gain adjustment system 778 of FIG. 7 or a component thereof, one or more devices configured
to generate a second set of spectral frequency values that approximates a first set of spectral frequency values (e.g., a
processor executing instructions at a non-transitory computer readable storage medium), or any combination thereof.
[0087] The apparatus may also include means for adjusting a gain value corresponding to at least a portion of the
audio signal based on a difference between the first set and the second set. For example, the means for adjusting may
include the gain adjuster 162 of FIG. 1, the gain adjustment system 778 of FIG. 7 or a component thereof, one or more
devices configured to adjust a gain value (e.g., a processor executing instructions at a non-transitory computer readable
storage medium), or any combination thereof.

[0088] Those of skill would further appreciate that the various illustrative logical blocks, configurations, modules,
circuits, and algorithm steps described in connection with the embodiments disclosed herein may be implemented as
electronic hardware, computer software executed by a processing device such as a hardware processor, or combinations
of both. Various illustrative components, blocks, configurations, modules, circuits, and steps have been described above
generally in terms of their functionality. Whether such functionality is implemented as hardware or executable software
depends upon the particular application and design constraints imposed on the overall system. Skilled artisans may
implement the described functionality in varying ways for each particular application, but such implementation decisions
should not be interpreted as causing a departure from the scope of the present disclosure.

[0089] 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 a memory device, such as random access memory (RAM), magnetoresistive random access
memory (MRAM), spin-torque transfer MRAM (STT-MRAM), flash memory, read-only memory (ROM), programmable
read-only memory

[0090] (PROM), erasable programmable read-only memory (EPROM), electrically erasable programmable read-only
memory (EEPROM), registers, hard disk, a removable disk, or a compact disc read-only memory (CD-ROM). An exem-
plary memory device is coupled to the processor such that the processor can read information from, and write information
to, the memory device. In the alternative, the memory device may be integral to the processor. The processor and the
storage medium may reside in an application-specific integrated circuit (ASIC). The ASIC may reside in a computing
device or a user terminal. In the alternative, the processor and the storage medium may reside as discrete components
in a computing device or a user terminal.

[0091] The previous description of the disclosed embodiments is provided to enable a person skilled in the art to make
or use the disclosed embodiments. Various modifications to these embodiments will be readily apparent to those skilled
in the art, and the principles defined herein may be applied to other embodiments without departing from the scope of
the disclosure. Thus, the present disclosure is not intended to be limited to the embodiments shown herein but is to be
accorded the widest scope possible consistent with the principles and novel features as defined by the following claims.

Claims
1. A method of audio coding comprising:

receiving (502) a first value of a mixing factor, the first value based on low-band voicing parameters of a first
portion of an audio signal;

receiving (504) a second value of the mixing factor, the second value based on low-band voicing parameters
of a second portion of the audio signal;

generating (506) a third value of the mixing factor at least partially based on the first value, the second value,
and high-band energy fluctuation of the audio signal; and

generating a high-band excitation signal corresponding to a high-band portion of the audio signal, wherein the
high-band excitation signal is generated based on mixing (508) an excitation signal with modulated noise based
on the third mixing factor, wherein the excitation signal corresponds to a transformed version of a low-band
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excitation signal, the low-band excitation signal corresponding to a low-band portion of the audio signal.

The method of claim 1, wherein the high-band excitation sighal comprises a weighted sum of the modulated noise
and the transformed version of the low-band excitation signal.

The method of claim 1, wherein generating the third value comprises determining a weighted sum of the first value
and the second value.

The method of claim 3, wherein a first weight applied to the first value and a second weight applied to the second
value are determined based on the high-band energy fluctuation of the audio signal.

The method of claim 4, wherein the first weight and the second weight are determined based on a first high-band
energy value corresponding to the first portion and further based on a second high-band energy value corresponding
to the second portion.

The method of claim 5, wherein the first weight is selected to be greater than the second weight in response to the
first high-band energy value exceeding a first threshold or in response to the second high-band energy value ex-
ceeding a second threshold, wherein the first threshold corresponds to the second high-band energy value scaled
by a scaling factor, and wherein the second threshold corresponds to the first high-band energy value scaled by the
scaling factor.

The method of claim 1, wherein generating the third value is further based on a spectral distortion corresponding
to the audio signal, the spectral distortion being based on a set of a spectral frequency values and a set of quantized
spectral frequency values.

The method of claim 1, wherein generating the third value is further based on an indication of a coding type corre-
sponding to the audio signal.

The method of claim 1, wherein the first portion comprises a first sub-frame of the audio signal and wherein the
second portion comprises a second sub-frame of the audio signal.

The method of claim 9, wherein the first sub-frame and the second sub-frame are in a single frame of the audio signal.

The method of claim 9, wherein the first sub-frame and the second sub-frames are in different frames of the audio
signal.

An apparatus for audio coding comprising:

means for generating a third value of a mixing factor at least partially based on a first value of the mixing factor,
a second value of the mixing factor, and high-band energy fluctuation of an audio signal, wherein the first value
is based on low-band voicing parameters of a first portion of an audio sighal and wherein the second value is
based on low-band voicing parameters of a second portion of the audio signal; and

means for generating a high-band excitation signal corresponding to a high-band portion of the audio signal by
combining modulated noise and a transformed version of a low-band excitation signal, the low-band excitation
signal corresponding to a low-band portion of the audio signal,

wherein the means for generating is configured to combine the modulated noise and the transformed version of the
low-band excitation signal based on the third value.

The apparatus of claim 12 comprising means for carrying out a method according to any of claims 2 to 11.

A non-transitory computer-readable medium comprising instructions that, when executed by a computer, cause the
computer to:

receive a first value of a mixing factor, the first value based on low-band voicing parameters of a first portion of
an audio signal;

receive a second value of the mixing factor, the second value based on low-band voicing parameters of asecond
portion of the audio signal;
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generate a third value of the mixing factor at least partially based on the first value, the second value, and high-
band energy fluctuation of the audio signal; and

generate a high-band excitation signal corresponding to a high-band portion of the audio signal, wherein the
high-band excitation signal is generated based on mixing (508) an excitation signal with modulated noise based
on the third mixing factor, wherein the excitation signal corresponds to a transformed version of a low-band
excitation signal, the low-band excitation signal corresponding to a low-band portion of the audio signal.

15. The non-transitory computer-readable medium of claim 14 comprising instructions that, when executed by a com-

puter, cause the computer to carry out a method according to any of claims 2 to 11.

Patentanspriiche

Audiocodierverfahren, das Folgendes beinhaltet:

Empfangen (502) eines ersten Wertes eines Mischfaktors, wobei der erste Wert auf Tiefband-Stimmparametern
eines ersten Teils eines Audiosignals basiert;

Empfangen (504) eines zweiten Wertes des Mischfaktors, wobei der zweite Wert auf Tiefband-Stimmparametern
eines zweiten Teils des Audiosignals basiert;

Erzeugen (506) eines dritten Werts des Mischfaktors wenigstens teilweise auf der Basis des ersten Werts, des
zweiten Werts und von Hochband-Energieschwankungen des Audiosignals; und

Erzeugen eines Hochband-Anregungssignals entsprechend einem Hochbandteil des Audiosignals, wobei das
Hochband-Anregungssignal auf der Basis des Mischens (508) eines Anregungssignals mit moduliertem Rau-
schen auf der Basis des dritten Mischfaktors erzeugt wird, wobei das Anregungssignal einer transformierten
Version eines Tiefband-Anregungssignals entspricht, wobei das Tiefband-Anregungssignal einem Tiefbandteil
des Audiosignals entspricht.

Verfahren nach Anspruch 1, wobei das Hochband-Anregungssignal eine gewichtete Summe des modulierten Rau-
schens und der transformierten Version des Tiefband-Anregungssignals umfasst.

Verfahren nach Anspruch 1, wobei das Erzeugen des dritten Wertes das Bestimmen einer gewichteten Summe des
ersten Wertes und des zweiten Wertes beinhaltet.

Verfahren nach Anspruch 3, wobei eine auf den ersten Wert angewandte erste Gewichtung und eine auf den zweiten
Wert angewandte zweite Gewichtung auf der Basis der Hochband-Energieschwankung des Audiosignals bestimmt
werden.

Verfahren nach Anspruch 4, wobei die erste Gewichtung und die zweite Gewichtung auf der Basis eines ersten
Hochband-Energiewerts entsprechend dem ersten Teil und ferner auf der Basis eines zweiten Hochband-Ener-
giewerts entsprechend dem zweiten Teil bestimmt werden.

Verfahren nach Anspruch 5, wobeidie erste Gewichtung als Reaktion darauf, dass der erste Hochband-Energiewert
eine erste Schwelle Ubersteigt, oder als Reaktion darauf, dass der zweite Hochband-Energiewert eine zweite Schwel-
le Ubersteigt, so gewahlt wird, dass sie groRer ist als die zweite Gewichtung, wobei die erste Schwelle dem ersten
Hochband-Energiewert um einen Skalierungsfaktor skaliert entspricht und wobei die zweite Schwelle dem ersten
Hochband-Energiewert um den Skalierungsfaktor skaliert entspricht.

Verfahren nach Anspruch 1, wobei das Erzeugen des dritten Wertes ferner auf einer spektralen Abweichung ent-
sprechend dem Audiosignal basiert, wobei die spektrale Abweichung auf einem Satzvon spektralen Frequenzwerten
und auf einem Satz von quantisierten spektralen Frequenzwerten basiert.

Verfahren nach Anspruch 1, wobei das Erzeugen des dritten Wertes ferner auf einer Anzeige eines Codierungstyps
entsprechend dem Audiosignal basiert.

Verfahren nach Anspruch 1, wobei der erste Teil einen ersten Teilrahmen des Audiosignals umfasst und wobei der
zweite Teil einen zweiten Teilrahmen des Audiosignals umfasst.

10. Verfahren nach Anspruch 9, wobei sich der erste Teilrahmen und der zweite Teilrahmen in einem einzigen Rahmen
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des Audiosignals befinden.

Verfahren nach Anspruch 9, wobei sich der erste Teilrahmen und der zweite Teilrahmen in unterschiedlichen Rahmen
des Audiosignals befinden.

Audiocodiervorrichtung, die Folgendes umfasst:

Mittel zum Erzeugen eines dritten Wertes eines Mischfaktors wenigstens teilweise auf der Basis eines ersten
Wertes des Mischfaktors, eines zweiten Wertes des Mischfaktors und von Hochband-Energieschwankungen
eines Audiosignals, wobei der erste Wert auf Tiefband-Stimmparametern eines ersten Teils eines Audiosignals
basiert und wobei der zweite Signalwert auf Tiefband-Stimmparametern eines zweiten Teils des Audiosignals
basiert; und

Mittel zum Erzeugen eines Hochband-Anregungssignals entsprechend einem Hochbandteil des Audiosignals
durch Kombinieren von moduliertem Rauschen und einer transformierten Version eines Tiefband-Anregungs-
signals, wobei das Tiefband-Anregungssignal einem Tiefbandteil des Audiosignals entspricht,

wobei das Erzeugungsmittel zum Kombinieren des modulierten Rauschens und der transformierten Version des
Tiefband-Anregungssignals auf der Basis des dritten Wertes konfiguriert ist.

Vorrichtung nach Anspruch 12, die Mittel zum Ausfiihren eines Verfahrens nach einem der Anspriiche 2 bis 11
umfasst.

Nichtfliichtiges computerlesbares Medium, das Befehle umfasst, die bei Ausflihrung durch einen Computer bewirken,
dass der Computer Folgendes ausfiihrt;

Empfangen eines ersten Wertes eines Mischfaktors, wobei der erste Wert auf Tiefband-Stimmparametern eines
ersten Teils eines Audiosignals basiert;

Empfangen eines zweiten Wertes des Mischfaktors, wobei der zweite Wert auf Tiefband-Stimmparametern
eines zweiten Teils des Audiosignals basiert;

Erzeugen eines dritten Wertes des Mischfaktors wenigstens teilweise auf der Basis des ersten Wertes, des
zweiten Wertes und von Hochband-Energieschwankungen des Audiosignals; und

Erzeugen eines Hochband-Anregungssignals entsprechend einem Hochbandteil des Audiosignals, wobei das
Hochband-Anregungssignal auf der Basis des Mischens (508) eines Anregungssignals mit moduliertem Rau-
schen auf der Basis des dritten Mischfaktors erzeugt wird, wobei das Anregungssignal einer transformierten
Version eines Tiefband-Anregungssignals entspricht, wobei das Tiefband-Anregungssignal einem Tiefbandteil
des Audiosignals entspricht.

15. Nichffllichtiges computerlesbares Medium nach Anspruch 14, das Befehle umfasst, die bei Ausfiihrung durch einen

Computer bewirken, dass der Computer ein Verfahren nach einem der Anspriiche 2 bis 11 ausfiihrt.

Revendications

1.

2,

Procédé de codage audio comprenant :

la réception (502) d’'une premiére valeur d’un facteur de mixage, la premiére valeur étant basée sur des para-
meétres de voisement en bande basse d’une premiére partie d’'un signal audio ;

la réception (504) d’'une deuxiéme valeur du facteur de mixage, la deuxiéme valeur étant basée sur des para-
meétres de voisement en bande basse d’une seconde partie du signal audio ;

la génération (506) d’une troisiéme valeur du facteur de mixage basée au moins partiellement sur la premiére
valeur, la deuxiéme valeur, et une fluctuation d’énergie en bande haute du signal audio ; et

la génération d’un signal d’excitation en bande haute correspondant a une partie en bande haute du signal
audio, dans lequel le signal d’excitation en bande haute estgénéré selon un mixage (508) d’'un signal d’excitation
avec un bruit modulé basé sur le troisiéme facteur de mixage, dans lequel le signal d’excitation correspond a
une version transformée d’un signal d’excitation en bande basse, le signal d’excitation en bande basse corres-
pondant a une partie en bande basse du signal audio.

Procédé selon la revendication 1, dans lequel le signal d’excitation en bande haute comprend une somme pondérée
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du bruit modulé et de la version transformée du signal d’excitation en bande basse.

Procédé selon larevendication 1, dans lequel la génération de la troisieme valeur comprend la détermination d’une
somme pondérée de la premiére valeur et de la deuxieme valeur.

Procédé selon la revendication 3, dans lequel un premier poids appliqué a la premiere valeur et un second poids
appliqué aladeuxiéme valeur sont déterminés en fonction de la fluctuation d’énergie en bande haute du signal audio.

Procédé selon la revendication 4, dans lequel le premier poids et le second poids sont déterminés en fonction d’'une
premiére valeur d’énergie en bande haute correspondant a la premiére partie et en fonction en outre d’une seconde
valeur d’énergie en bande haute correspondant a la seconde partie.

Procédé selon la revendication 5, dans lequel le premier poids est sélectionné pour étre supérieur au second poids
en réponse a un dépassement d’un premier seuil par la premiére valeur d’énergie en bande haute ou en réponse
a un dépassement d’'un second seuil par la seconde valeur d’énergie en bande haute, dans lequel le premier seuil
correspond a la seconde valeur d’énergie en bande haute dimensionnée par un facteur d’échelle, et dans lequel le
second seuil correspond a la premiére d’énergie en bande haute dimensionnée par le facteur d’échelle.

Procédé selon la revendication 1, dans lequel la génération de la troisi€me valeur est basée en outre sur une
distorsion spectrale correspondant au signal audio, la distorsion spectrale étant basée sur un ensemble de valeurs
de fréquence spectrale et un ensemble de valeurs de fréquence spectrale quantifiées.

Procédé selon la revendication 1, dans lequel la génération de la troisi€me valeur est basée en outre sur une
indication d’un type de codage correspondant au signal audio.

Procédé selon larevendication 1, dans lequel la premiére partie comprend une premiére sous-trame du signal audio
et dans lequel la seconde partie comprend une seconde sous-trame du signal audio.

Procédé selon la revendication 9, dans lequel la premiére sous-trame et la seconde sous-trame se trouvent dans
une méme trame du signal audio.

Procédé selon la revendication 9, dans lequel la premiére sous-trame et la seconde sous-trame se trouvent dans
des trames différentes du signal audio.

Appareil de codage audio comprenant :

un moyen de génération d’une troisiéme valeur d’un facteur de mixage basée au moins partiellement sur une
premiére valeur du facteur de mixage, une deuxiéme valeur du facteur de mixage et une fluctuation d’énergie
en bande haute d’un signal audio, dans lequel la premiére valeur est basée sur des paramétres de voisement
en bande basse d’une premiere partie d’un signal audio et dans lequel la deuxiéme valeur est basée sur des
parametres de voisement en bande basse d’'une seconde partie du signal audio ; et

un moyen de génération d’un signal d’excitation en bande haute correspondant a une partie en bande haute
du signal audio en combinant un bruit modulé et une version transformée d’un signal d’excitation en bande
basse, le signal d’excitation en bande basse correspondant a une partie en bande basse du signal audio,

dans lequel le moyen de génération est configuré pour combiner le bruit modulé et la version transformée du signal
d’excitation en bande basse d’aprés la troisieme valeur.

Appareil selon la revendication 12 comprenant un moyen pour exécuter un procédé selon 'une quelconque des
revendications 2 a 11.

Support non transitoire lisible par ordinateur comprenant des instructions qui, a leur exécution par un ordinateur,
aménent lordinateur a :

recevoir une premiére valeur d’un facteur de mixage, la premiére valeur étant basée sur des paramétres de
voisement en bande basse d’une premiére partie d’un signal audio ;

recevoir une deuxiéme valeur du facteur de mixage, la deuxiéme valeur étant basée sur des paramétres de
voisement en bande basse d’'une seconde partie du signal audio ;
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générer une troisiéme valeur du facteur de mixage basée au moins partiellement sur la premiére valeur, la
deuxiéme valeur, et une fluctuation d’énergie en bande haute du signal audio ; et

générer un signal d’excitation en bande haute correspondant a une partie en bande haute du signal audio, dans
lequel le signal d’excitation en bande haute est généré selon un mixage (508) d’un signal d’excitation avec un
bruit modulé basé sur le troisiéme facteur de mixage, dans lequel le signal d’excitation correspond a une version
transformée d’un signal d’excitation en bande basse, le signal d’excitation en bande basse correspondant a
une partie en bande basse du signal audio.

15. Support non transitoire lisible par ordinateur selon la revendication 14 comprenant des instructions qui, a leur

exécution par un ordinateur, aménent l'ordinateur a exécuter un procédé selon 'une quelconque des revendications
2a11.
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500

™

/502

Receive a first value of a mixing factor (e.g., ratio of modulated noise
to transformed low-band excitation) corresponding to a first portion
(e.g., sub-frame) of an audio signal at an audio encoder

504

Receive a second value of the mixing factor corresponding to a
second portion (e.g., sub-frame) of the audio signal

/506

Generate a third value of the mixing factor at least partially based on
the first value and the second value (e.g., determine a weighted sum of
the first value and the second value using weights that are determined

based on high-band energy fluctuation of the audio signal)

/508

Mix an excitation signal with modulated noise based
on the third value of the mixing factor

FIG. 5
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W

/602

Determine a first set of spectral frequency values
(e.g., unquantized LSFs) corresponding to an audio signal

604

Determine a second set of spectral frequency values that approximates
the first set of spectral frequency values (e.g., quantized LSFs)

/606

Adjust a gain value based on a difference between
the first set and the second set

/608

Determine a spectral distortion between the first set of spectral
frequency values and the second set of spectral frequency values

l K6’IO

Determine a gain factor based on the spectral distortion

l f612

Adjust the frame gain by applying the gain factor to the frame gain

FIG. 6
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Rendszersk &5 elfdedsok raimodulicio 8y erdisitss bedliRas wigrehajtdsirs
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1. Bldras audid kodoldsra, amely magdban foglafia;

sgy keverdsi tdnverd egy elsd éridkdrok veralés (502}, ax elsd Sridk epy wudid jol sey nlsd résrének alacsanysds

wikhangedst paraméterein alspul,

3 keverds] ténverd egy mdsouik sridkdnak vételdt (504), & mdsodik &riek ar sudid jol sgy masodik rdszdnek

alacsonysdvil hangdsi parsmétereln slapul;

& kevertal tinyezs egy harmadik anidkdnek oldstdsit (506] logalabb részben az ofsé ér1ek, » midsodik drtdk, 65

sz ausit Jo aagascavo enargly BuktadaSia dlapiing

& audiy fol egy magassdvll réspéher tartord magessdve gerjeszifjel olGslitdsar, shol & magassivd
gerfasettjelet egy garjesstdialnek @ harmadih keverést tényezdn alapuld moduddht afial t8riéns keverdse {508)
aapjarn aliijuk el8, shol a gerjesuidiel epy slacsonysévd gerfesatsind transeformalt veltozatshoy tartozrik, az

Slagsanysavg gerfesziSiel az sudid jof epy slacsonysdwl résedhes tantozik,

transziormadlt ydlozatdnah sdivorolt Sesrepdt antalmsza,

3. Ar L igéoyport sserintl elideds, shal & barmadih értdk I83RGAse magsban foglalia as értdk s 3 masodik

Sruik stbvorott Sasregének mophatdrozdsis

4. A3, igenypant szerintl eljdrds, ahol agy az elst éntdkre alkalmazott elad stlvozdst 8y say & musodik ériskre

atkalmazolt misodik stlyosdat hatdrozunk meg s audid ol magassévd energla fluktuscidla slapian.

5. A 4. igénypont szaringl eljdrds, shol az elad stivozdst €5 a mésodik sUlyozast sz elsd részher tartond olsd
magassavy ensrgindnidh dlapidn hatdrossuk meg, 85 tavibba 3 masodit rascher tarord mdsedik MagassIgy

snergiadridken alapul

8. Az 5. igenypont sterintl elfdrds, shol a2 egy ¢lsf kiissbbértékar meghaladd ol magassivi energiaértdire,
vagy a3 egy masodik kGszobertdket meghaladd misodik magassdvl ensrgiadeuskes vilassképpean sz ¢sd stiva-
zast gy valasatjuk meg, hogy tagyobl legven, mint 2 médsadih stlyaeds, ahol az ofsé kilezdbérisk sz gy
shaldzdsi Wenyerdvel ckitdzott masodik nagassdvd ensrgiasntdiher tartozik, &s shol ¥ mssodik kisdbertéh a
skaldaasi enyerdvel shaldznttelst pagassavi sherglagrtdkher tartank.

¥, Az 3. iggnypont sierint eljards, ahol tovibbi » harmadik sriék of8dllitisa a2 sudio jether tartord spektrstis
torzitison slapul, 8 spekirdlis toreitss spebtrall frekvenciadredh készleten 65 oy kvantalt spekiralls frelvenoiae

grieh kagsletan slapul

&, Az 1. igdnypont szeringt ofidras, ahol toibbiva harmadik &ték @igsliisia a2 audis jethaz tartozd kddakis

tipus Indikschipn alapst.

:g i
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8. &z 1. igénypont szerintl olidrds, atol az elsd résy az audic ol epy oled alkeratét tartaimaszza, €5 @ masodik

resz e audidfel egy masodik atkeretét tartalmarra.

0. & & lgénypont szerint elfdrds, ahol 32 ol alberat é5 3 rodsodik alkerst oz audd jel sgy sgyetlen keretdben

tldihats,

13 A S igdnypont saevint] elidrds, abiol ne ¢34 alkeret S o mdsndik alkerst az sudid el kionb&ad keretaiben

taldthats,
12, Berendezdy audiv kodolases, amely tartalman

ekt epy keverdst tényerd egy harmarlik értekének ldslitssdry, logaldbb réqzben » koverdsitényerd ey
el érteke, a keversst tényerd gy misodik értdke, € egy audin fed magassdvi energin Buktudcidla alagisy,
ahwl ax elsd ertdk epy sudic ol egy els6 részdnek slaceonysdvd hangedsi parametersin alapul, és shal a mdssdik

drtek az audid ol sgy mdsodik részdnel alacsonysdva hangzast parametarais slapulsés

eszkdzt epy, vz audid il egy MIBEasIAN réuzeher tartord magassdvy gerjesutSinl elfdlitasdra, makidait :3f &3
a2z slacsonysdet garfosetbiel transaformalt viltoratdnsk kombindldss UgEn, d alacshnysavy geriveniSiel ar
AudiG jel wgy alocsonysdvd résashes tartosik, ahol 32 &84S sarkss ugy van konfigurdiva, hogy 3 modubal sl

$8 9z alacsonvadvir geriesztdiel trans fnrmalt valkazatdt a harmadit drtak alapidn kombindlia.

13 A 12, igénypont szerint berendexds, amely eszkdzt tartaimar a 211 ipdnvpontok bdrmelvike szerinti ¢lis-

r3svigrahajtasars.

14. Szamitégéppel olvashatd, nemtsleltd kozeg, amely utasitisokat tartalimas, amelyek egy szsoitdesppsl

vagrehajies 3 sedmitdgépel strs kiszieti, hogy:

agy keverési ténverd agy olsd erigkeét vegve, az wlad detdk ery audic jol epy okl részénak alacsonyveavt hangidsi

pariraitersinalapud

a keverdsi tenyezd egy misodik Srigkat vegye, ¥ mssodik srték az audis il agy masodik részének slacsonvsdvd

hangzasi parameéterein alapul:

elddliitsa a kaverest tényerd egy harmadik Srdkét legalibl résaben az elsd srték. 8 mdsodik ertdl; dc sz andit

jet magsssdvd energia fluktudnidia slapian; &s

magassdvy gerjesztbinlet Alitaon w8, amely ax audio fol egy magassivd részéher tartank, ahal a maRassAvY
gerjeseifiel egy garfesatSieinek 3 harmadih keverest tényezon slapuld moduldlt zajist tariéns keverdsén (508
alapul, ahol 3 gerasatdiel gy alocsonysdva gerlesztdiel transzformait viltozatshos tartorik, ar slacsonysdwd

gerjesttdiel ar mudic ol egy alavmnysiva réazéhez tantozik.

15 A 14, igénvoont szerintl nenfeleitd szdmitopéppel olyashatd kéreg, amely utasitdsokat tartatmaz, amelyvek
Ry \dmitogepen vegrehaitvs & srdmitdgdpet & 211, igénypontok hdrmelvike stering eifdnis vigrehaltdsarg

kegetetik.
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