Office de la Propriéte Canadian CA 2929564 A1 2015/06/25
Intellectuelle Intellectual Property

du Canada Office (21) 2 929 564
v organisme An agency of 12y DEMANDE DE BREVET CANADIEN
d'Industrie Canada Industry Canada

CANADIAN PATENT APPLICATION
13) A1

(86) Date de depot PCT/PCT Filing Date: 2014/12/15
(87) Date publication PCT/PCT Publication Date: 2015/06/25

(85) Entree

(86) N° demande PCT/PCT Application No.: US 2014/070263

(87) N° pub

(30) Priontes/Priorities: 2013/12/16 (US61/916,697),;
2014/12/12 (US14/568,359)

51) Cl.Int./Int.Cl. G70L 27/0388(2013.01),
G710L 19/08(2013.01)

(71) Demandeur/Applicant:
QUALCOMM INCORPO

(72) Inventeurs/Inventors:
KRISHNAN, VENKATESH, US;
ATTlI VENKATRAMAN S., US

(74) Agent: SMART & BIGGAR

phase nationale/National Entry: 2016/05/03

RATED, US

lication PCT/PCT Publication No.: 2015/095008

(54) Titre : MODELISATION DE SIGNAL DE BANDE HAUTE
(54) Title: HIGH-BAND SIGNAL MODELING

130
- — — _flzz_ — Low-Band Analysis
119 |  First Group of 132 170
100 - Sub-Bands LP Analysis & 142 -
- Coding Low-Band Bit
| . Stream
| . | LPC -LSP .
'JI—|—2_|'> ‘ Quantizer 136
102 | 144 198
r | RN 199
Input Audio —_ — ——— — — Low-Band Excitation Signal Ig —
Signal - h 4 :
° - Arllig‘cr"s I124 High-Band Analysis | -150 MUX m TX
includi r= = S .
(gse%(ﬂg? Bank | Second Group of Non-Llnea'r 190
Sub-Bands Transformation I
| (Generator
I —Hih g 192
| . Second Analysis b /172
. Filter Bank High-Band
| Side Information >
Mm——He——————™ [ Third Group of e
| H 1 > Sub-Bands 1
- — = Parameter | }—194
Estimators
152
[LP Analysis & Coding |~
154
L [ trc—1sp T °
5 3 156
< > Quantizer d FIG 1
Codebook )
(57) Abréegée/Abstract:
A method includes filtering, at a speech encoder, an audio signal into a first group of sub-bands within a first frequency range and a
second group of sub-bands within a second frequency range. The method also includes generating a harmonically extended signal
based on the first group of sub-bands. The method further includes generating a third group of sub-bands based, at least In pan,

on the harmonically extended signal. The third group of sub-bands corresponds to the second group of sub-bands. The method
also Includes determining a first adjustment parameter for a first sub-band in the third group of sub-bands or a second adjustment
parameter for a second sub-band in the third group of sub-bands. The first adjustment parameter is based on a metric of a first sub-

band In the

second group of sub-bands, and the second adjustment parameter Is based on a metric of a second sub-band In the

second group of sub-bands.

C an adg http:vopic.ge.ca - Ottawa-Hull K1A 0C9 - atp.//cipo.ge.ca

S SNV ENEEN
O - 2.7 20 a0

J "..
KT
e
A

OPIC

OPIC - CIPO 191




(43) International Publication Date

CA 02929564 2016-05-03

(19) World Intellectual Property
Organization
International Burecau

WIPOIPCT

25 June 2015 (25.06.2015)

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(10) International Publication Number

WO 2015/095008 A1l

(1)

(21)

(22)

(25)

(26)
(30)

(71)

(72)

(74)

(81)

WO 2015/095008 A 1 [H] 1! 0RO D000 OO R0 0 R

quency range and a second g
ally extended signal based on the first g
at least m part, on the harmonica
The method also mcludes detes
adjustment parameter for a second sub-band in the third g

International Patent Classification:
GI10L 21/0388 (2013.01) GI10L 19/08 (2013.01)

International Application Number:
PCT/US2014/070268

International Filing Date:
15 December 2014 (15.12.2014)

Filing Language: English
Publication Language: English
Priority Data:

61/916,697 16 December 2013 (16.12.2013) US
14/568,359 12 December 2014 (12.12.2014) US

Applicant: QUALCOMM INCORPORATED [US/US];
ATTN: International IP Administration, 5775 Morehouse
Drive, San Diego, California 92121-1714 (US).

Inventors: KRISHNAN, Venkatesh; 5775 Morehouse
Drive, San Diego, California 92121-1714 (US). ATTI,
Venkatraman S.; 5775 Morchouse Drive, San Diego,
California 92121-1714 (US).

Agent: TOLER, Jeffrey G.; 8500 Blutistone Cove, Suite
A201, Austin, Texas 78759 (US).

Designated States (unless otherwise indicated, for every

kind of national protection available). AE, AG, AL, AM,
AO, AT, AU, AZ, BA, BB, BG, BH, BN, BR, BW, BY,

(34) Title: HIGH-BAND SIGNAL MODELING

BZ, CA, CH, CL, CN, CO, CR, CU, CZ, DE, DK, DM,
DO, DZ, EC, EE, EG, ES, FI, GB, GD, GE, GH, GM, GT,
HN, HR, HU, ID, IL, IN, IR, IS, JP, KE, KG, KN, KP, KR,
KZ, LA, LC, LK, LR, LS, LU, LY, MA, MD, ME, MG,
MK, MN, MW, MX, MY, MZ, NA, NG, NI, NO, NZ, OM,
PA, PE, PG, PH, PL, PT, QA, RO, RS, RU, RW, SA, SC,
SD, SE, SG, SK, SL, SM, ST, SV, SY, TH, TJ, TM, TN,
IR, TT, TZ, UA, UG, US, UZ, VC, VN, ZA, ZM, ZW.

(84) Designated States (unless otherwise indicated, for every

kind of regional protection available). ARIPO (BW, GH,
GM, KE, LR, LS, MW, MZ, NA, RW, SD, SL, ST, SZ,
TZ, UG, ZM, ZW), Eurasian (AM, AZ, BY, KG, KZ, RU,
TJ, TM), European (AL, AT, BE, BG, CH, CY, CZ, DE,
DK, EE, ES, FI, FR, GB, GR, HR, HU, IE, IS, IT, LT, LU,
LV, MC, MK, MT, NL, NO, PL, PT, RO, RS, SE, SI, SK,
SM, TR), OAPI (BF, BJ, CF, CG, CI, CM, GA, GN, GQ,
GW, KM, ML, MR, NE, SN, TD, TG).

Declarations under Rule 4.17:

as to applicant's entitlement to apply for and be granted a
patent (Rule 4.17(ii))

as to the applicant'’s entitlement to claim the priority of the
earlier application (Rule 4.17(1ii))

Published:

with international search report (Art. 21(3))

122 130
-—— L Low-Band Analysis [
110 First Group of | 132 170
100 Subfﬁnds !.. LP Analysis & 142 -
| Coding Low-Band Bit
: | L Stream
. | LPC —LSP N
L2 o Quantizer  N-—138
- L1 I el
Input Audio First ow-Band Excitation Signa bt
Signal i : : Stream
- A'I‘:?I'tfr's 194 High-Band Analysis |- 150 MUX el T
includin r=— = - -
P Sub-Bands Transformation
| Generator
i HN —- 192
| . Second Analysis || /’172
. Filter Bank High-Band
| Side Information
i 2 ™ [ Third Group of e
I H1 > Sub-Bands T
Parameter ——194
Estimators
, _ | ———152
LP Analysis & Coding {7
154
163 LPC—LsP
156
- » Quantizer I’f—‘_ F’G 1

Codebook

(57) Abstract: A method includes filtering, at a speech encoder, an audio signal into a first group of sub-bands within a first fre-
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HIGH-BAND SIGNAL MODELING

CLAIM OF PRIORITY

[0001] The present application claims priority from U.S. Patent Application No.
14/568,359 filed December 12, 2014 and U.S. Provisional Patent Application No.
61/916,697 tiled December 16, 2013, both entitled “HIGH-BAND SIGNAL

MODELING,” the contents of which are incorporated by reference in their entirety.

FIELD

[0002] The present disclosure 1s generally related to signal processing.

DESCRIPTION OF RELATED ART

[0003] Advances 1n 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
casily carried by users. More specifically, portable wireless telephones, such as cellular
telephones and Internet Protocol (IP) telephones, can communicate voice and data
packets over wireless networks. Further, many such wireless telephones include other
types of devices that are incorporated therem. For example, a wireless telephone can
also include a digital still camera, a digital video camera, a digital recorder, and an

audio file player.

[0004] In traditional telephone systems (e.g., public switched telephone networks
(PSTNs)), signal bandwidth 1s 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 (VoIP), signal 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.
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[0005] 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, i order to improve coding etficiency, 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 recerver 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. Properties of the low-band signal may be
used to generate the side information; however, energy disparities between the low-band

and the high-band may result in side information that inaccurately characterizes the

high-band.

SUMMARY

[0006] Systems and methods for performing high-band signal modeling are disclosed.
A first filter (e.g., a quadrature mirror filter (QMF) bank or a pseudo-QMF bank) may
filter an audio signal 1nto a first group of sub-bands corresponding to a low-band portion
of the audio signal and a second group of sub-bands corresponding to a high-band
portion of the audio signal. The group of sub-bands corresponding to the low band
portion of the audio signal and the group of sub-bands corresponding to the high band
portion of the audio signal may or may not have common sub-bands. A synthesis filter
bank may combine the first group of sub-bands to generate a low-band signal (¢.g., a
low-band residual signal), and the low-band signal may be provided to a low-band
coder. The low-band coder may quantize the low-band signal using a Linear Prediction
Coder (LP Coder) which may generate a low-band excitation signal. A non-linear
transformation process may generate a harmonically extended signal based on the low-
band excitation signal. The bandwidth of the nonlinear excitation signal may be larger
than the low band portion of the audio signal and even as much as that of the entire
audio signal. For example, the non-linear transformation generator may up-sample the
low-band excitation signal, and may process the up-sampled signal through a non-lincar
function to generate the harmonically extended signal having a bandwidth that 1s larger

than the bandwidth of the low-band excitation signal.

2
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[0007] In a particular embodiment, a second filter may split the harmonically extended
signal 1nto a plurality of sub-bands. In this embodiment, modulated noise may be added
to each sub-band of the plurality of sub-bands of the harmonically extended signal to
ogenerate a third group of sub-bands corresponding to the second group of sub-bands
(e.g., sub-bands corresponding to the high-band of the harmonically extended signal).

In another particular embodiment, modulated noise may be mixed with the harmonically
extended signal to generate a high-band excitation signal that 1s provided to the second
filter. In this embodiment, the second filter may split the high-band excitation signal

into the third group of sub-bands.

[0008] A first parameter estimator may determine a first adjustment parameter for a first
sub-band 1n the third group of sub-bands based on a metric of a corresponding sub-band
in the second group of sub-bands. For example, the first parameter estimator may
determine a spectral relationship and/or a temporal envelope relationship between the
first sub-band 1n the third group of sub-bands and a corresponding high-band portion of
the audio signal. In a similar manner, a second parameter estimator may determine a
second adjustment parameter for a second sub-band in the third group of sub-bands
based on a metric of a corresponding sub-band 1n the second group of sub-bands. The
adjustment parameters may be quantized and transmitted to a decoder along with other
side information to assist the decoder in reconstructing the high-band portion of the

audio signal.

[0009] In a particular aspect, a method includes filtering, at a speech encoder, an audio
signal 1nto a first group of sub-bands within a first frequency range and a second group
of sub-bands within a second frequency range. The method also includes generating a
harmonically extended signal based on the first group of sub-bands. The method further
includes generating a third group of sub-bands based, at least in part, on the
harmonically extended signal. The third group of sub-bands corresponds to the second
ogroup of sub-bands. The method also mcludes determining a first adjustment parameter
for a first sub-band in the third group of sub-bands or a second adjustment parameter for
a second sub-band 1n the third group of sub-bands. The first adjustment parameter 18

based on a metric of a first sub-band 1n the second group of sub-bands, and the second
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adjustment parameter 18 based on a metric of a second sub-band 1n the second group of

sub-bands.

[0010] In another particular aspect, an apparatus includes a first filter configured to
filter an audio signal into a first group of sub-bands within a first frequency range and a
second group of sub-bands within a second frequency range. The apparatus also
includes a non-linear transformation generator configured to generate a harmonically
extended signal based on the first group of sub-bands. The apparatus further includes a
second filter configured to generate a third group of sub-bands based, at least in part, on
the harmonically extended signal. The third group of sub-bands corresponds to the
second group of sub-bands. The apparatus also includes parameter estimators
configured to determine a first adjustment parameter for a first sub-band in the third
oroup of sub-bands or a second adjustment parameter for a second sub-band in the third
oroup of sub-bands. The first adjustment parameter 1s based on a metric of a first sub-
band 1n the second group of sub-bands, and the second adjustment parameter 1s based

on a metric of a second sub-band 1n the second group of sub-bands.

[0011] In another particular aspect, a non-transitory computer-readable medium
includes instructions that, when executed by a processor at a speech encoder, cause the
processor to filter an audio signal into a first group of sub-bands within a first frequency
range and a second group of sub-bands within a second frequency range. The
instructions are also executable to cause the processor to generate a harmonically
extended signal based on the first group of sub-bands. The 1nstructions are further
executable to cause the processor to generate a third group of sub-bands based, at least
in part, on the harmonically extended signal. The third group of sub-bands corresponds
to the second group of sub-bands. The instructions are also executable to cause the
processor to determine a first adjustment parameter for a first sub-band 1n the third
oroup of sub-bands or a second adjustment parameter for a second sub-band in the third
oroup of sub-bands. The first adjustment parameter 1s based on a metric of a first sub-
band 1n the second group of sub-bands, and the second adjustment parameter 1s based

on a metric of a second sub-band in the second group of sub-bands.

[0012] In another particular aspect, an apparatus includes means for filtering an audio

signal 1nto a first group of sub-bands within a first frequency range and a second group

4
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of sub-bands within a second frequency range. The apparatus also includes means for
generating a harmonically extended signal based on the first group of sub-bands. The
apparatus further includes means for generating a third group of sub-bands based, at
least 1n part, on the harmonically extended signal. The third group of sub-bands
corresponds to the second group of sub-bands. The apparatus also mncludes means for
determining a first adjustment parameter for a first sub-band 1n the third group of sub-
bands or a second adjustment parameter for a second sub-band 1n the third group of sub-
bands. The first adjustment parameter 1s based on a metric of a first sub-band 1n the
second group of sub-bands, and the second adjustment parameter 1s based on a metric of

a second sub-band 1n the second group of sub-bands.

[0013] In another particular aspect, a method includes generating, at a speech decoder, a
harmonically extended signal based on a low-band excitation signal generated by a
Linear Prediction based decoder based on the parameters received from a speech
encoder. The method further includes generating a group of high-band excitation sub-
bands based, at least 1in part, on the harmonically extended signal. The method also
includes adjusting the group of high-band excitation sub-bands based on adjustment

parameters received from the speech encoder.

[0014] In another particular aspect, an apparatus mcludes a non-linear transformation
ogenerator configured to generate a harmonically extended signal based on a low-band
excitation signal generated by a Linear Prediction based decoder based on the
parameters received from a speech encoder. The apparatus further includes a second
filter configured to generate a group of high-band excitation sub-bands based, at least 1n
part, on the harmonically extended signal. The apparatus also includes adjusters
configured to adjust the group of high-band excitation sub-bands based on adjustment

parameters received from the speech encoder.

[0015] In another particular aspect, an apparatus includes means for generating a
harmonically extended signal based on a low-band excitation signal generated by a
Linear Prediction based decoder based on the parameters received from a speech
encoder. The apparatus further includes means for generating a group of high-band

excitation sub-bands based, at least in part, on the harmonically extended signal. The
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apparatus also includes means for adjusting the group of high-band excitation sub-bands

based on adjustment parameters recerved from the speech encoder.

[0016] In another particular aspect, a non-transitory computer-readable medium
includes nstructions that, when executed by a processor at a speech decoder, cause the
processor to generate a harmonically extended signal based on a low-band excitation
signal generated by a Linear Prediction based decoder based on the parameters received
from a speech encoder. The instructions are further executable to cause the processor to
generate a group of high-band excitation sub-bands based, at least in part, on the
harmonically extended signal. The instructions are also executable to cause the
processor to adjust the group of high-band excitation sub-bands based on adjustment

parameters received from the speech encoder.

[0017] Particular advantages provided by at least one of the disclosed embodiments
include mmproved resolution modeling of a high-band portion of an audio signal. Other
aspects, advantages, and features of the present disclosure will become apparent after
review of the entire application, including the following sections: Briet Description of

the Drawings, Detailed Description, and the Claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0018] FIG. 1 1s a diagram to illustrate a particular embodiment of a system that 1s

operable to perform high-band signal modeling;

[0019] FIG. 2 1s a diagram of another particular embodiment of a system that 1s

operable to perform high-band signal modeling;

[0020] FIG. 3 1s a diagram of another particular embodiment of a system that 1s

operable to perform high-band signal modeling;

[0021] FIG. 4 1s a diagram of a particular embodiment of a system that 1s operable to

reconstruct an audio signal using adjustment parameters;

[0022] FIG. 5 1s a flowchart of a particular embodiment of a method for performing
high-band signal modeling;
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[0023] FIG. 6 1s a flowchart of a particular embodiment of a method for reconstructing

an audio signal using adjustment parameters; and

[0024] FIG. 7 1s 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

[0025] Referring to FIG. 1, a particular embodiment of a system that 1s operable to
perform high-band signal modeling 1s 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)). In other
embodiments, the system 100 may be mtegrated into a set top box, a music player, a
video player, an entertainment unit, a navigation device, a communications device, a

PDA, a fixed location data unit, or a computer.

[0026] It should be noted that 1 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 1s 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, 1 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., mstructions executable by a processor), or any

combination thereof.

[0027] The system 100 includes a first analysis filter bank 110 (e.g., a QMF bank or a
pseudo-QMF bank) that 1s configured to recerve an input audio signal 102. For
example, the mput 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 mput audio signal 102 may be a SWB signal that includes data in the frequency
range from approximately 50 Hz to approximately 16 kHz. The first analysis filter bank

110 may filter the input audio signal 102 into multiple portions based on frequency. For

7
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example, the first analysis filter bank 110 may generate a first group of sub-bands 122
within a first frequency range and a second group of sub-bands 124 within a second
frequency range. The first group of sub-bands 122 may include M sub-bands, where M
1s an integer that 1s greater than zero. The second group of sub-bands 124 may include
N sub-bands, where N 1s an integer that 1s greater than one. Thus, the first group of sub-
bands 122 may include at least one sub-band, and the second group of sub-bands 124
include two or more sub-bands. In a particular embodiment, M and N may be a similar
value. In another particular embodiment, M and N may be different values. The first
oroup of sub-bands 122 and the second group of sub-bands 124 may have equal or
unequal bandwidth, and may be overlapping or non-overlapping. In an alternate

embodiment, the first analysis filter bank 110 may generate more than two groups of
sub-bands.

[0028] The first frequency range may be lower than the second frequency range. In the
example of FIG. 1, the first group of sub-bands 122 and the second group of sub-bands
124 occupy non-overlapping frequency bands. For example, the first group of sub-
bands 122 and the second group of sub-bands 124 may occupy non-overlapping
frequency bands of 50 Hz — 7 kHz and 7 kHz — 16 kHz, respectively. In an alternate
embodiment, the first group of sub-bands 122 and the second group of sub-bands 124
may occupy non-overlapping frequency bands of 50 Hz — 8 kHz and 8 kHz — 16 kHz,
respectively. In another alternate embodiment, the first group of sub-bands 122 and the
second group of sub-bands 124 overlap (¢.g., 50 Hz — 8 kHz and 7 kHz — 16 kHz,
respectively), which may enable a low-pass filter and a high-pass filter of the first
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 first group of sub-
bands 122 and the second group of sub-bands 124 may also enable smooth blending of
low-band and high-band signals at a recerver, which may result in fewer audible

artifacts.

[0029] It should be noted that although the example of FIG. 1 illustrates processing of a
SWB signal, this 1s for illustration only. In an alternate embodiment, the input audio
signal 102 may be a WB signal having a frequency range of approximately 50 Hz to
approximately 8 kHz. In such an embodiment, the first group of sub-bands 122 may
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correspond to a frequency range of approximately 50 Hz to approximately 6.4 kHz and
the second group of sub-bands 124 may correspond to a frequency range of

approximately 6.4 kHz to approximately 8 kHz.

[0030] The system 100 may include a low-band analysis module 130 configured to
receive the first group of sub-bands 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 coetficient (LPC) to LSP
transform module 134, and a quantizer 136. LSPs may also be referred to as LSFs, and
the two terms (LSP and LSF) may be used interchangeably herein. The LP analysis and
coding module 132 may encode a spectral envelope of the first group of sub-bands 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 audi0), or any combination thercof. The number of LPCs
ogenerated 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.

[0031] 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 transtormed
1into a corresponding set of parcor coetficients, log-area-ratio values, immaittance
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.

[0032] The quantizer 136 may quantize the set of LSPs generated by the LPC to LSP
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 1dentity 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 1dentified entries in the codebook. The output of
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the quantizer 136 thus represents low-band filter parameters that are included 1n a low-

band bit stream 142.

[0033] 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 1s generated by coding a LP residual signal that 1s generated during the LP process
performed by the low-band analysis module 130.

[0034] The system 100 may further include a high-band analysis module 150
configured to recerve the second group of sub-bands 124 from the first 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 second group of sub-bands 124 and the low-band excitation signal 144.
For example, the high-band side information 172 may include high-band LPCs and/or

gain information (e.g., adjustment parameters).

[0035] The high-band analysis module 150 may include a non-linear transformation
generator 190. The non-linear transformation generator 190 may be configured to
generate a harmonically extended signal based on the low-band excitation signal 144.
For example, the non-linear transformation generator 190 may up-sample the low-band
excitation signal 144 and may process the up-sampled signal through a non linear
function to generate the harmonically extended signal having a bandwidth that 1s larger

than the bandwidth of the low-band excitation signal 144.

[0036] The high-band analysis module 150 may also include a second analysis filter
bank 192. In a particular embodiment, the second analysis filter bank 192 may split the
harmonically extended signal into a plurality of sub-bands. In this embodiment,
modulated noise may be added to each sub-band of the plurality of sub-bands to
oenerate a third group of sub-bands 126 (e.g., high-band excitation signals)
corresponding to the second group of sub-bands 124. As a non-limiting example, a first
sub-band (H1) of the second group of sub-bands 124 may have a bandwidth ranging
from 7 kHz to 8 kHz, and a second sub-band (H2) of the second group of sub-bands 124
may have a bandwidth ranging from 8 kHz to 9 kHz. Similarly, a first sub-band (not
shown) of the third group of sub-bands 126 (corresponding to the first sub-band (H1))
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may have a bandwidth ranging from 7 kHz to 8 kHz, and a second sub-band (not
shown) of the third group of sub-bands 126 (corresponding to the second sub-band
(H2)) may have a bandwidth ranging from 8 kHz t0 9 kHz. In another particular
embodiment, modulated noise may be mixed with the harmonically extended signal to
generate a high-band excitation signal that 1s provided to the second analysis filter bank
192. In this embodiment, the second analysis filter bank 192 may split the high-band
excitation signal into the third group of sub-bands 126.

[0037] Parameter estimators 194 within the high-band analysis module 150 may
determine a first adjustment parameter (¢.g., an LPC adjustment parameter and/or a gain
adjustment parameter) for a first sub-band 1 the third group of sub-bands 126 based on
a metric of a corresponding sub-band 1n the second group of sub-bands 124. For
example, a particular parameter estimator may determine a spectral relationship and/or
an envelope relationship between the first sub-band 1n the third group of sub-bands 126
and a corresponding high-band portion of the input audio signal 102 (e.g., a
corresponding sub-band 1n the second group of sub-bands 124). In a similar manner,
another parameter estimator may determine a second adjustment parameter for a second
sub-band 1n the third group of sub-bands 126 based on a metric of a corresponding sub-
band 1n the second group of sub-bands 124. As used herein, a “metric” of a sub-band
may correspond to any value that characterizes the sub-band. As non-limiting
examples, a metric of a sub-band may correspond to a signal energy of the sub-band, a

residual energy of the sub-band, LP coefficients of the sub-band, etc.

[0038] In a particular embodiment, the parameter estimators 194 may calculate at least
two gain factors (e.g., adjustment parameters) according to a relationship between sub-
bands of the second group of sub-bands 124 (e.g., components of the high-band portion
of the mput audio signal 102) and corresponding sub-bands of the third group of sub-
bands 126 (e.g., components of the high-band excitation signal). The gain factors may
correspond to a difference (or ratio) between the energies of the corresponding sub-
bands over a frame or some portion of the frame. For example, the parameter estimators
194 may calculate the energy as a sum of the squares of samples of each sub-frame for
cach sub-band, and the gain factor for the respective sub-frame may be the square root

of the ratio of those energies. In another particular embodiment, the parameter
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estimators 194 may calculate a gain envelope according to a time varying relation
between sub-bands of the second group of sub-bands 124 and corresponding sub-bands
of the third group of sub-bands 126. However, the temporal envelope of the high-band
portion of the input audio signal 102 (e.g., the high-band signal) and the temporal

envelop of the high-band excitation signal are likely to be similar.

[0039] In another particular embodiment, the parameter estimators 194 may include an
LP analysis and coding module 152 and a LPC to LSP transform module 154. Each of
the LP analysis and coding module 152 and the LPC to LSP transform module 154 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 coetticient, LSP, etc.). The LP analysis and coding module 152 may
generate a set of LPCs that are transformed to LSPs by the transtorm module 154 and
quantized by a quantizer 156 based on a codebook 163. For example, the LP analysis
and coding module 152, the LPC to LSP transform module 154, and the quantizer 156
may use the second group of sub-bands 124 to determine high-band filter information
(e.g., high-band LSPs or adjustment parameters) and/or high-band gain information that

1S 1ncluded 1n the high-band side information 172.

[0040] The quantizer 156 may be configured to quantize the adjustment parameters
from the parameter estimators 194 as high-band side information 172. The quantizer
may also be configured to quantize a set of spectral frequency values, such as LSPs
provided by the transform module 154. In other embodiments, the quantizer 156 may
receive and quantize sets of one or more other types of spectral frequency values 1n
addition to, or instead of, LSFs or LSPs. For example, the quantizer 156 may receive
and quantize a sct of LPCs generated by the LP analysis and coding module 152. Other
examples include sets of parcor coefficients, log-area-ratio values, and ISFs that may be
recerved and quantized at the quantizer 156. The quantizer 156 may include a vector
quantizer that encodes an mput vector (e.g., a set of spectral frequency values 1n 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 at a

decoder, such as m a sparse codebook embodiment, rather than retrieved from storage.
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To 1llustrate, sparse codebook examples may be applied 1n coding schemes such as
CELP and codecs according to industry standards 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 second group of sub-bands 124, such as in a
perceptually weighted domain.

[0041] In a particular embodiment, the high-band side information 172 may include
high-band LSPs as well as high-band gain parameters. For example, the high-band side
information 172 may include the adjustment parameters generated by the parameter

estimators 194.

[0042] The low-band bit stream 142 and the high-band side information 172 may be
multiplexed by a multiplexer (MUX) 170 to generate an output bit stream 199. The
output bit stream 199 may represent an encoded audio signal corresponding to the input
audio signal 102. For example, the multiplexer 170 may be configured to insert the
adjustment parameters included mn the high-band side mmformation 172 into an encoded
version of the mput audio signal 102 to enable gain adjustment (e.g., envelope-based
adjustment) and/or linearity adjustment (e.g., spectral-based adjustment) during
reproduction of the input audio signal 102. The output bit stream 199 may be
transmitted (e.g., over a wired, wireless, or optical channel) by a transmitter 198 and/or
stored. At arecerver, 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 1s 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 1n the output bit stream 199 may
represent low-band data. The high-band side information 172 may be used at a recerver
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 first group of sub-bands
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122) and high-band data (¢.g., the second group of sub-bands 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 1s 1n use may be negotiated by a transmitter and a
recerver (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 1s able to use the signal model to reconstruct the

second group of sub-bands 124 from the output bit stream 199.

[0043] The system 100 of FIG. 1 may improve correlation between synthesized high-
band signal components (¢.g., the third group of sub-bands 126) and original high-band
signal components (e.g., the second group of sub-bands 124). For example, spectral and
envelope approximation between the synthesized high-band signal components and the
original high-band signal components may be performed on a “finer” level by
comparing metrics of the second group of sub-bands 124 with metrics of the third group
of sub-bands 126 on a sub-band by sub-band basis. The third group of sub-bands 126
may be adjusted based on adjustment parameters resulting from the comparison, and the
adjustment parameters may be transmitted to a decoder to reduce audible artifacts

during high-band reconstruction of the input audio signal 102.

[0044] Referring to FIG. 2, a particular embodiment of a system 200 that 1s operable to
perform high-band signal modeling 1s shown. The system 200 includes the first analysis
filter bank 110, a synthesis filter bank 202, a low-band coder 204, the non-linear
transformation generator 190, a noise combiner 206, a second analysis filter bank 192,

and N parameter estimators 294a-294c.

[0045] The first analysis filter bank 110 may receive the mput audio signal 102 and may
be configured to filter the mnput audio signal 102 into multiple portions based on
frequency. For example, the first analysis filter bank 110 may generate the first group
of sub-bands 122 within the low-band frequency range and the second group of sub-
bands 124 within the high-band frequency range. As a non-limiting example, the low-
band frequency range may be from approximately 0 kHz to 6.4 kHz, and the high-band
frequency range may be from approximately 6.4 kHz to 12.8 kHz. The first group of
sub-bands 124 may be provided to the synthesis filter bank 202. The synthesis filter
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bank 202 may be configured generate a low-band signal 212 by combining the first

oroup of sub-bands 122. The low-band signal 212 may be provided to the low-band
coder 204.

[0046] The low-band coder 204 may correspond to the low-band analysis module 130
of FIG. 1. For example, the low-band coder 204 may be configured to quantize the low-
band signal 212 (e.g., the first group of sub-bands 122) to generate the low-band
excitation signal 144. The low-band excitation signal 144 may be provided to the non-

linear transformation generator 190.

[0047] As described with respect to FIG. 1, the low-band excitation signal 144 may be
generated from the first group of sub-bands 122 (e.g., the low-band portion of the iput
audio signal 102) using the low-band analysis module 130. The non-linear
transformation generator 190 may be configured to generate a harmonically extended
signal 214 (e.g., a non-linear excitation signal) based on the low-band excitation signal
144 (e.g., the first group of sub-bands 122). The non-linear transformation generator
190 may up-sample the low-band excitation signal 144 and may process the up-sampled
signal using a non linear function to generate the harmonically extended signal 214
having a bandwidth that 1s larger than the bandwidth of the low-band excitation signal
144. For example, 1n a particular embodiment, the bandwidth of the low-band
excitation signal 144 may be from approximately O to 6.4 kHz, and the bandwidth of the
harmonically extended signal 214 may be from approximately 6.4 kHz to 16 kHz. In
another particular embodiment, the bandwidth of the harmonically extended signal 214
may be higher than the bandwidth of the low-band excitation signal with an equal
magnitude. For example, the bandwidth the of the low-band excitation signal 144 may
be from approximately 0 to 6.4 kHz, and the bandwidth of the harmonically extended
signal 214 may be from approximately 6.4 kHz to 12.8 kHz. In a particular
embodiment, the non-linear transformation generator 190 may perform an absolute-
value operation or a square operation on frames (or sub-frames) of the low-band
excitation signal 144 to generate the harmonically extended signal 214. The

harmonically extended signal 214 may be provided to the noise combiner 206.

[0048] The noise combiner 206 may be configured to mix the harmonically extended

signal 214 with modulated noise to generate a high-band excitation signal 216. The
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modulated noise may be based on an envelope of the low-band signal 212 and white
noise. The amount of modulated noise that 1s mixed with the harmonically extended
signal 214 may be based on a mixing factor. The low-band coder 204 may generate
information used by the noise combiner 206 to determine the mixing factor. The
information may include a pitch lag in the first group of sub-bands 122, an adaptive
codebook gain associated with the first group of sub-bands 122, a pitch correlation
between the first group of sub-bands 122 and the second group of sub-bands 124, any
combination thereof, etc. For example, 1f a harmonic of the low-band signal 212
corresponds to a voiced signal (e.g., a signal with relatively strong voiced components
and relatively weak noise-like components), the value of the mixing factor may increase
and a smaller amount of modulated noise may be mixed with the harmonically extended
signal 214. Alternatively, 1f the harmonic of the low-band signal 212 corresponds to a
noise-like signal (e.g., a signal with relatively strong noise-like components and
relatively weak voiced components), the value of the mixing factor may decrease and a
larger amount of modulated noise may be mixed with the harmonically extended signal

214. The high-band excitation signal 216 may be provided to the second analysis filter
bank 192.

[0049] The second filter analysis filter bank 192 may be configured to filter (e.g., split)
the high-band excitation signal 216 1nto the third group of sub-bands 126 (e.g., high-
band excitation signals) corresponding to the second group of sub-bands 124. Each sub-
band (HE1-HEN) of the third group of sub-bands 126 may be provided to a
corresponding parameter estimator 294a-294¢. In addition, each sub-band (HI-HN) of
the second group of sub-bands 124 may be provided to the corresponding parameter

estimator 294a-294c¢.

[0050] The parameter estimators 294a-294¢ may correspond to the parameter estimators
194 of FIG. 1 and may operate 1n a substantially similar manner. For example, each
parameter estimator 294a-294¢ may determine adjustment parameters for corresponding
sub-bands in the third group of sub-bands 126 based on a metric of corresponding sub-
bands 1n the second group of sub-bands 124. For example, the first parameter estimator
294a may determine a first adjustment parameter (e.g., an LPC adjustment parameter

and/or a gain adjustment parameter) for the first sub-band (HE1) in the third group of
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sub-bands 126 based on a metric of the first sub-band (H1) 1n the second group of sub-
bands 124. For example, the first parameter estimator 294a may determine a spectral
relationship and/or an envelope relationship between the first sub-band (HE1) i the
third group of sub-bands 126 and the first sub-band (H1) in the second group of sub-
bands 124. To illustrate, the first parameter estimator 294 may perform LP analysis on
the first sub-band (HI1) of the second group of sub-bands 124 to generate LPCs for the
first sub-band (H1) and a residual for the first sub-band (H1). The residual for the first
sub-band (H1) may be compared to the first sub-band (HE1) 1n the third group of sub-
bands 126, and the first parameter estimator 294 may determine a gain parameter to
substantially match an energy of the residual of the first sub-band (H1) of the second
ogroup of sub-bands 124 and an energy of the first sub-band (HE1) of the third group of
sub-bands 126. As another example, the first parameter estimator 294 may perform
synthesis using the first sub-band (HEI) of the third group of sub-bands 126 to generate
a synthesized version of the first sub-band (H1) of the second group of sub-bands 124.
The first parameter estimator 294 may determine a gain parameter such that an energy
of the first sub-band (H1) of the second group of sub-bands 124 1s approximate to an
energy of the synthesized version of the first sub-band (H1). In a similar manner, the
second parameter estimator 294b may determine a second adjustment parameter for the
second sub-band (HE2) 1n the third group of sub-bands 126 based on a metric of the
second sub-band (H2) in the second group of sub-bands 124.

[0051] The adjustment parameters may be quantized by a quantizer (e.g., the quantizer
156 of FIG. 1) and transmitted as the high-band side information. The third group of
sub-bands 126 may also be adjusted based on the adjustment parameters for further
processing (e.g., gain shape adjustment processing, phase adjustment processing, etc.)

by other components (not shown) of the encoder (e.g., the system 200).

[0052] The system 200 of FIG. 2 may improve correlation between synthesized high-
band signal components (¢.g., the third group of sub-bands 126) and original high-band
signal components (e.g., the second group of sub-bands 124). For example, spectral and
envelope approximation between the synthesized high-band signal components and the
original high-band signal components may be performed on a “finer” level by

comparing metrics of the second group of sub-bands 124 with metrics of the third group
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of sub-bands 126 on a sub-band by sub-band basis. The third group of sub-bands 126
may be adjusted based on adjustment parameters resulting from the comparison, and the
adjustment parameters may be transmitted to a decoder to reduce audible artifacts

during high-band reconstruction of the input audio signal 102.

[0053] Referring to FIG. 3, a particular embodiment of a system 300 that 1s operable to
perform high-band signal modeling 1s shown. The system 300 includes the first analysis
filter bank 110, the synthesis filter bank 202, the low-band coder 204, the non-linear
transformation generator 190, the second analysis filter bank 192, N noise combiners

306a-306¢, and the N parameter estimators 294a-294c.

[0054] During operation of the system 300, the harmonically extended signal 214 1s
provided to the second analysis filter bank 192 (as opposed to the noise combier 206 of
FIG. 2). The second filter analysis filter bank 192 may be configured to filter (e.g.,
split) the harmonically extended signal 214 into a plurality of sub-bands 322. Each sub-
band of the plurality of sub-bands 322 may be provided to a corresponding noise
combiner 306a-306¢. For example, a first sub-band of the plurality of sub-bands 322
may be provided to the first noise combiner 306a, a second sub-band of the plurality of

sub-bands 322 may be provided to the second noise combiner 306D, etc.

[0055] Each noise combiner 306a-306¢ may be configured to mix the received sub-band
of the plurality of sub-bands 322 with modulated noise to generate the third group of
sub-bands 126 (e.g., a plurality of high-band excitation signals (HE1-HEN)). For
example, the modulated noise may be based on an envelope of the low-band signal 212
and white noise. The amount of modulated noise that 1s mixed with each sub-band of
the plurality of sub-bands 322 may be based on at least one mixing factor. In a
particular embodiment, the first sub-band (HE1) of the third group of sub-bands 126
may be generated by mixing the first sub-band of the plurality of sub-bands 322 based
on a first mixing factor, and the second sub-band (HE2) of the third group of sub-bands
126 may be generated by mixing the second sub-band of the plurality of sub-bands 322
based on a second mixing factor. Thus, multiple (e.g., different) mixing factors may be

used to generate the third group of sub-bands 126.
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[0056] The low-band coder 204 may generate information used by each noise combiner
306a-306c¢ to determine the respective mixing factors. For example, the mformation
provided to the first noise combiner 306a for determining the first mixing factor may
include a pitch lag, an adaptive codebook gain associated with the first sub-band (L1) of
the first group of sub-bands 122, a pitch correlation between the first sub-band (L1) of
the first group of sub-bands 122 and the first sub-band (H1) of the second group of sub-
bands 124, or any combination thereof. Similar parameters for respective sub-bands
may be used to determine the mixing factors for the other noise combiners 306b, 306n.
In another embodiment, each noise combiner 306a-306n may perform mixing

operations based on a common mixing factor.

[0057] As described with respect to FIG. 2, each parameter estimator 294a-294¢ may
determine adjustment parameters for corresponding sub-bands 1n the third group of sub-
bands 126 based on a metric of corresponding sub-bands in the second group of sub-
bands 124. The adjustment parameters may be quantized by a quantizer (e.g., the
quantizer 156 of FIG. 1) and transmaitted as the high-band side information. The third
ogroup of sub-bands 126 may also be adjusted based on the adjustment parameters for
further processing (e.g., gain shape adjustment processing, phase adjustment processing,

etc.) by other components (not shown) of the encoder (e.g., the system 300).

[0058] The system 300 of FIG. 3 may improve correlation between synthesized high-
band signal components (e.g., the third group of sub-bands 126) and original high-band
signal components (e.g., the second group of sub-bands 124). For example, spectral and
envelope approximation between the synthesized high-band signal components and the
original high-band signal components may be performed on a “finer” level by
comparing metrics of the second group of sub-bands 124 with metrics of the third group
of sub-bands 126 on a sub-band by sub-band basis. Further, each sub-band (e.g., high-
band excitation signal) in the third group of sub-bands 126 may be generated based on
characteristics (e.g., pitch values) of corresponding sub-bands within the first group of
sub-bands 122 and the second group of sub-bands 124 to improve signal estimation.
The third group of sub-bands 126 may be adjusted based on adjustment parameters

resulting from the comparison, and the adjustment parameters may be transmitted to a
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decoder to reduce audible artifacts during high-band reconstruction of the input audio

signal 102.

[0059] Referring to FIG. 4, a particular embodiment of a system 400 that 1s operable to
reconstruct an audio signal using adjustment parameters 1s shown. The system 400
includes a non-linear transformation generator 490, a noise combiner 406, an analysis
filter bank 492, and N adjusters 494a-494c¢. In a particular embodiment, the system 400
may be integrated into a decoding system or apparatus (¢.g., in a wireless telephone or
CODEC). In other particular embodiments, the system 400 may be integrated into a set
top box, a music player, a video player, an entertainment unit, a navigation device, a

communications device, a PDA, a fixed location data unit, or a computer.

[0060] The non-linear transformation generator 490 may be configured to generate a
harmonically extended signal 414 (¢.g., a non-lincar excitation signal) based on the low-
band excitation signal 144 that is received as part of the low-band bit stream 142 1n the
bit stream 199. The harmonically extended signal 414 may correspond to a
reconstructed version of the harmonically extended signal 214 of FIGs. 1-3. For
example, the non-linear transformation generator 490 may operate 1n a substantially
similar manner as the non-linear transformation generator 190 of FIGs. 1-3. In the
1llustrative embodiment, the harmonically extended signal 414 may be provided to the
noise combiner 406 1 a similar manner as described with respect to FIG. 2. In another
particular embodiment, the harmonically extended signal 414 may be provided to the

analysis filter bank 492 1n a similar manner as described with respect to FIG. 3.

[0061] The noise combiner 406 may receive the low-band bit stream 142 and generate a
mixing factor, as described with respect the noise combiner 206 of FIG. 2 or the noise
combiners 306a-306c¢ of FIG. 3. Alternatively, the noise combiner 406 may receive
high-band side information 172 that includes the mixing factor generated at an encoder
(e.g., the systems 100-300 of FIGs. 1-3). In the illustrative embodiment, the noise
combiner 406 may mix the transform low-band excitation signal 414 with modulated
noise to generate a high-band excitation signal 416 (e.g., a reconstructed version of the
high-band excitation signal 216 of FIG. 2) based on the mixing factor. For example, the

noise combiner 406 may operate 1n a substantially similar manner as the noise combiner
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206 of FIG. 2. In the 1llustrative embodiment, the high-band excitation signal 416 may
be provided to the analysis filter bank 492.

[0062] In the illustrative embodiment, the analysis filter bank 492 may be configured to
filter (e.g., split) the high-band excitation signal 416 mto a group of high-band
excitation sub-bands 426 (e.g., a reconstructed version of the second group of the third
oroup of sub-bands 126 of FIGs. 1-3). For example, the analysis filter bank 492 may
operate 1 a substantially similar manner as the second analysis filter bank 192 as
described with respect to FIG. 2. The group of high-band excitation sub-bands 426 may
be provided to a corresponding adjuster 494a-494c.

[0063] In another embodiment, the analysis filter bank 492 may be configured to filter
the harmonically extended signal 414 into a plurality of sub-bands (not shown) in a
similar manner as the second analysis filter bank 192 as described with respect to FIG.
3. In this embodiment, multiple noise combiners (not shown) may combine each sub-
band of the plurality of sub-bands with modulated noise (based on a mixing factors
transmitted as high-band side information) to generate the group of high-band excitation
sub-bands 426 1n a similar manner as the noise combiners 394a-394¢ of FIG. 3. Each
sub-band of the group of high-band excitation sub-bands 426 may be provided to a
corresponding adjuster 494a-494c.

[0064] Each adjuster 494a-494¢ may receive a corresponding adjustment parameter
generated by the parameter estimators 194 of FIG. 1 as high-band side mformation 172.
Each adjuster 494a-494¢ may also receive a corresponding sub-band of the group of
high-band excitation sub-bands 426. The adjusters 494a-494¢ may be configured to
generate an adjusted group of high-band excitation sub-bands 424 based on the
adjustment parameters. The adjusted group of high-band excitation sub-bands 424 may
be provided to other components (not shown) of the system 400 for further processing
(e.g., LP synthesis, gain shape adjustment processing, phase adjustment processing,

etc.) to reconstruct the second group of sub-bands 124 of FIGs. 1-3.

[0065] The system 400 of FIG. 4 may reconstruct the second group of sub-bands 124
using the low-band bit stream 142 of FIG. 1 and the adjustment parameters (¢.g., the
high-band side information 172 of FIG. 1). Using the adjustment parameters may
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Improve accuracy of reconstruction (e.g., generate a fine-tuned reconstruction) by
performing adjustment of the high-band excitation signal 416 on a sub-band by sub-

band basis.

[0066] Referring to FIG. 5, a flowchart of a particular embodiment of a method 500 for

performing high-band signal modeling 1s shown. As an 1llustrative example, the method

500 may be performed by one or more of the systems 100-300 of FIGs. 1-3.

[0067] The method 500 may include filtering, at a speech encoder, an audio signal into
a first group of sub-bands within a first frequency range and a second group of sub-
bands within a second frequency range, at 502. For example, referring to FIG. 1, the
first analysis filter bank 110 may filter the input audio signal 102 into the first group of
sub-bands 122 within the first frequency range and the second group of sub-bands 124
within the second frequency range. The first frequency range may be lower than the

second frequency range.

[0068] A harmonically extended signal may be generated based on the first group of
sub-bands, at 504. For example, referring to FIGs. 2-3, the synthesis filter bank 202
may generate the low-band signal 212 by combining the first group of sub-bands 122,
and the low-band coder 204 may encode the low-band signal 212 to generate the low-
band excitation signal 144. The low-band excitation signal 144 may be provided to the
non-linear transformation generator 407. The non-linear transformation generator 190
may up-sample the low-band excitation signal 144 to generate the harmonically
extended signal 214 (e.g., a non-linear excitation signal) based on the low-band

excitation signal 144 (e.g., the first group of sub-bands 122).

[0069] A third group of sub-bands may be generated based, at least in part, on the
harmonically extended signal, at 506. For example, referring to FIG. 2, the
harmonically extended signal 214 may be mixed with modulated noise to generate the
high-band excitation signal 216. The second filter analysis filter bank 192 may filter
(e.g., split) the high-band excitation signal 216 1nto the third group of sub-bands 126
(e.g., high-band excitation signals) corresponding to the second group of sub-bands 124.
Alternatively, referring to FIG. 3, the harmonically extended signal 214 1s provided to
the second analysis filter bank 192. The second filter analysis filter bank 192 may filter
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(e.g., split) the harmonically extended signal 214 into the plurality of sub-bands 322.
Each sub-band of the plurality of sub-bands 322 may be provided to a corresponding
noise combiner 306a-306¢. For example, a first sub-band of the plurality of sub-bands
322 may be provided to the first noise combiner 306a, a second sub-band of the
plurality of sub-bands 322 may be provided to the second noise combiner 306b, etc.
Each noise combiner 306a-306¢ may mix the received sub-band of the plurality of sub-

bands 322 with modulated noise to generate the third group of sub-bands 126.

[0070] A first adjustment parameter for a first sub-band in the third group of sub-bands
may be determined, or a second adjustment parameter for a second sub-band 1n the third
oroup of sub-bands may be determined, at 508. For example, referring to FIGs. 2-3, the
first parameter estimator 294a may determine a first adjustment parameter (e.g., an LPC
adjustment parameter and/or a gain adjustment parameter) for the first sub-band (HE1)
in the third group of sub-bands 126 based on a metric (e.g., a signal energy, a residual
energy, LP coetficients, etc.) of a corresponding sub-band (H1) 1in the second group of
sub-bands 124. The first parameter estimator 294a may calculate a first gain factor
(e.g., a first adjustment parameter) according to a relation between the first sub-band
(HE1) and the first sub-band (H1). The gain factor may correspond to a difference (or
rati0) between the energies of the sub-bands (H1, HE1) over a frame or some portion of
the frame. In a similar manner, the other parameter estimators 294b-294¢ may
determine a second adjustment parameter for the second sub-band (HE2) in the third
oroup of sub-bands 126 based on a metric (e.g., a signal energy, a residual energy, LP

coettficients, etc.) of the second sub-band (H2) in the second group of sub-bands 124.

[0071] The method 500 of FIG. 5 may improve correlation between synthesized high-
band signal components (e.g., the third group of sub-bands 126) and original high-band
signal components (e.g., the second group of sub-bands 124). For example, spectral and
envelope approximation between the synthesized high-band signal components and the
original high-band signal components may be performed on a “finer” level by
comparing metrics of the second group of sub-bands 124 with metrics of the third group

of sub-bands 126 on a sub-band by sub-band basis. The third group of sub-bands 126

may be adjusted based on adjustment parameters resulting from the comparison, and the
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adjustment parameters may be transmitted to a decoder to reduce audible artifacts

during high-band reconstruction of the input audio signal 102.

[0072] Referring to FIG. 6, a flowchart of a particular embodiment of a method 600 for
reconstructing an audio signal using adjustment parameters 1S shown. As an illustrative

example, the method 600 may be performed by the system 400 of FIG. 4.

[0073] The method 600 includes generating a harmonically extended signal based on a
low-band excitation signal received from a speech encoder, at 602. For example,
referring to FIG. 4, the low-band excitation signal 444 may be provided to the non-
linear transformation generator 490 to generate the harmonically extended signal 414

(¢.g., a non-linear excitation signal) based on the low-band excitation signal 444.

[0074] A group of high-band excitation sub-bands may be generated based, at least in
part, on the harmonically extended signal, at 606. For example, referring to FIG. 4, the
noise combiner 406 may determine a mixing factor based on a pitch lag, an adaptive
codebook gain, and/or a pitch correlation between bands, as described with respect to
FIG. 4, or may receive high-band side information 172 that includes the mixing factor
oenerated at an encoder (e.g., the systems 100-300 of FIGs. 1-3). The noise combiner
406 may mix the transform low-band excitation signal 414 with modulated noise to
generate the high-band excitation signal 416 (e.g., a reconstructed version of the high-
band excitation signal 216 of FIG. 2) based on the mixing factor. The analysis filter
bank 492 may filter (e.g., split) the high-band excitation signal 416 into a group of high-
band excitation sub-bands 426 (e.g., a reconstructed version of the second group of the

third group of sub-bands 126 of FIGs. 1-3).

[0075] The group of high-band excitation sub-bands may be adjusted based on
adjustment parameters received from the speech encoder, at 608. For example, referring
to FIG. 4, each adjuster 494a-494¢ may receive a corresponding adjustment parameter
generated by the parameter estimators 194 of FIG. 1 as high-band side mformation 172.
Each adjuster 494a-494¢ may also receive a corresponding sub-band of the group of
high-band excitation sub-bands 426. The adjusters 494a-494¢ may generate the
adjusted group of high-band excitation sub-bands 424 based on the adjustment
parameters. The adjusted group of high-band excitation sub-bands 424 may be provided
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to other components (not shown) of the system 400 for further processing (e.g., gain

shape adjustment processing, phase adjustment processing, etc.) to reconstruct the

second group of sub-bands 124 of FIGs. 1-3.

[0076] The method 600 of FIG. 6 may reconstruct the second group of sub-bands 124
using the low-band bit stream 142 of FIG. 1 and the adjustment parameters (¢.g., the
high-band side information 172 of FIG. 1). Using the adjustment parameters may
Improve accuracy of reconstruction (e.g., generate a fine-tuned reconstruction) by

performing adjustment of the high-band excitation signal 416 on a sub-band by sub-

band basis.

[0077] In particular embodiments, the methods 500, 600 of FIGs. 5-6 may be
implemented via hardware (e.g., a FPGA device, an ASIC, etc.) of a processing unit,
such as a central processing unit (CPU), a DSP, or a controller, via a firmware device,
or any combination thereof. As an example, the methods 500, 600 of FIGs. 5-6 can be

performed by a processor that executes instructions, as described with respect to FIG. 7.

[0078] Referring to FIG. 7, a block diagram of a particular illustrative embodiment of a
wireless communication device 1s depicted and generally designated 700. The device
700 1includes a processor 710 (e.g., a CPU) coupled to a memory 732. The memory 732
may include mstructions 760 executable by the processor 710 and/or a CODEC 734 to

perform methods and processes disclosed herein, such as one or both of the methods

500, 600 of FIGs. 5-6.

[0079] In a particular embodiment, the CODEC 734 may include an encoding system
782 and a decoding system 784. In a particular embodiment, the encoding system 782
includes one or more components of the systems 100-300 of FIGs. 1-3. For example,
the encoding system 782 may perform encoding operations associated with the systems
100-300 of FIGs. 1-3 and the method 500 of FIG. 5. In a particular embodiment, the
decoding system 784 may include one or more components of the system 400 of FIG. 4.

For example, the decoding system 784 may perform decoding operations associated

with the system 400 of FIG. 4 and the method 600 of FIG. 6.
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[0080] The encoding system 782 and/or the decoding system 784 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 790 m 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), registers,
hard disk, a removable disk, or a compact disc read-only memory (CD-ROM). The
memory device may include mstructions (e.g., the instructions 760 or the instructions
785) that, when executed by a computer (e.g., a processor in the CODEC 734 and/or the
processor 710), may cause the computer to perform at least a portion of one of the
methods 500, 600 of FIGs. 5-6. As an example, the memory 732 or the memory 790 in
the CODEC 734 may be a non-transitory computer-readable medium that includes
instructions (e¢.g., the mstructions 760 or the mstructions 7935, respectively) 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 one of the methods 500, 600 of FIGs.

5-6.

[0081] The device 700 may also include a DSP 796 coupled to the CODEC 734 and to
the processor 710. In a particular embodiment, the DSP 796 may include an encoding
system 797 and a decoding system 798. In a particular embodiment, the encoding
system 797 mcludes one or more components of the systems 100-300 of FIGs. 1-3. For
example, the encoding system 797 may perform encoding operations associated with the
systems 100-300 of FIGs. 1-3 and the method 500 of FIG. 5. In a particular
embodiment, the decoding system 798 may include one or more components of the
system 400 of FIG. 4. For example, the decoding system 798 may perform decoding
operations associated with the system 400 of FIG. 4 and the method 600 of FIG. 6.

[0082] FIG. 7 also shows a display controller 726 that 1s 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
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734 may generate the output bit stream 199 for transmission to a recerver based on the
input audio signal 102. For example, the output bit stream 199 may be transmitted to
the receiver via the processor 710, a wireless controller 740, and an antenna 742. As
another example, the speaker 736 may be used to output a signal reconstructed by the
CODEC 734 from the output bit stream 199 of FIG. 1, where the output bit stream 199

18 recerved from a transmitter (€.g., via the wireless controller 740 and the antenna 742).

[0083] In a particular embodiment, the processor 710, the display controller 726, the
memory 732, the CODEC 734, and the wireless controller 740 are included 1n a system-
in-package or system-on-chip device (e.g., a mobile station modem (MSM)) 722. In a
particular embodiment, an mput device 730, such as a touchscreen and/or keypad, and a
power supply 744 are coupled to the system-on-chip device 722. Moreover, 1n a
particular embodiment, as illustrated in FIG. 7, the display 728, the input device 730,
the speaker 736, the microphone 738, the antenna 742, and the power supply 744 are
external to the system-on-chip device 722. However, cach of the display 728, the input
device 730, the speaker 736, the microphone 738, the 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.

[0084] In conjunction with the described embodiments, a first apparatus 1s disclosed
that includes means for filtering an audio signal into a first group of sub-bands within a
first frequency range and a second group of sub-bands within a second frequency range.
For example, the means for filtering the audio signal may include the first analysis filter
bank 110 of FIGs. 1-3, the encoding system 782 of FIG. 7, the encoding system 797 of
FIG. 7, one or more devices configured to filter the audio signal (e.g., a processor
executing 1nstructions at a non-transitory computer readable storage medium), or any

combination thereof.

[0085] The first apparatus may also include means for generating a harmonically
extended signal based on the first group of sub-bands. For example, the means for
ogenerating the harmonically extended signal may include the low-band analysis module
130 of FIG. 1 and the components thercof, the non-linear transformation generator 190

of FIGs. 1-3, the synthesis filter bank 202 of FIGs. 2-3, the low-band coder 204 of FIGs.
2-3, the encoding system 782 of FIG. 7, the encoding system 797 of FIG. 7, one or more
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devices configured to generate the harmonically extended signal (e.g., a processor
executing instructions at a non-transitory computer readable storage medium), or any

combination thereof.

[0086] The first apparatus may also include means for generating a third group of sub-
bands based, at least 1n part, on the harmonically extended signal. For example, the
means for generating the third group of sub-bands may include the high-band analysis
module 150 of FIG. 1 and the components thercof, the second analysis filter bank 192
of FIGs. 1-3, the noise combiner 206 of FIG. 2, the noise combiners 306a-306¢ of FIG.
3, the encoding system 782 of FIG. 7, one or more devices configured to generate the
third group of sub-bands (¢.g., a processor executing instructions at a non-transitory

computer readable storage medium), or any combination thereof.

[0087] The first apparatus may also include means for determining a first adjustment
parameter for a first sub-band 1n the third group of sub-bands or a second adjustment
parameter for a second sub-band in the third group of sub-bands. For example, the
means for determining the first and second adjustment parameters may include the
parameter estimators 194 of FIG. 1, the parameter estimators 294a-294¢ of FIG. 2, the
encoding system 782 of FIG. 7, the encoding system 797 of FIG. 7, one or more devices
configured to determine the first and second adjustment parameters (e.g., a processor
executing instructions at a non-transitory computer readable storage medium), or any

combination thereof.

[0088] In conjunction with the described embodiments, a second apparatus 1s disclosed
that includes means for generating a harmonically extended signal based on a low-band
excitation signal received from a speech encoder. For example, the means for
ogenerating the harmonically extended signal may include the non-linear transformation
ogenerator 490 of FIG. 4, the decoding system 784 of FIG. 7, the decoding system 798 of
FIG. 7, one or more devices configured to generate the harmonically extended signal
(e.g., a processor executing instructions at a non-transitory computer readable storage

medium), or any combination thereof.

[0089] The second apparatus may also include means for generating a group of high-

band excitation sub-bands based, at least in part, on the harmonically extended signal.
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For example, the means for generating the group of high-band excitation sub-bands may
include the noise combiner 406 of FIG. 4, the analysis filter bank 492 of FIG. 4, the
decoding system 784 of FIG. 7, the decoding system 798 of FIG. 7, one or more devices
configured to generate the group of high-band excitation signals (e.g., a processor
executing instructions at a non-transitory computer readable storage medium), or any

combination thereof.

[0090] The second apparatus may also include means for adjusting the group of high-
band excitation sub-bands based on adjustment parameters received from the speech
encoder. For example, the means for adjusting the group of high-band excitation sub-
bands may include the adjusters 494a-494¢ of FIG. 4, the decoding system 784 of FIG.
7, the decoding system 798 of FIG. 7, one or more devices configured to adjust the
ogroup of high-band excitation sub-bands (¢.g., a processor executing instructions at a

non-transitory computer readable storage medium), or any combination thereof.

[0091] Those of skill would further appreciate that the various 1llustrative 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 1in terms of their
functionality. Whether such functionality 1s 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 1n 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.

[0092] The steps of a method or algorithm described 1 connection with the
embodiments disclosed herein may be embodied directly in hardware, 1n a software
module executed by a processor, or mm a combination of the two. A software module
may reside 1n a memory device, such as random access memory (RAM),
magnetoresistive random access memory (MRAM), spin-torque transter MRAM (STT-
MRAM), flash memory, read-only memory (ROM), programmable read-only memory
(PROM), erasable programmable read-only memory (EPROM), electrically erasable
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programmable read-only memory (EEPROM), registers, hard disk, a removable disk, or
a compact disc read-only memory (CD-ROM). An exemplary memory device 18
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 i an ASIC.
The ASIC may reside 1n a computing device or a user terminal. In the alternative, the
processor and the storage medium may reside as discrete components 1n a computing

device or a user terminal.

[0093] The previous description of the disclosed embodiments 1s 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 1s not mtended
to be limited to the embodiments shown herein but 1s to be accorded the widest scope
possible consistent with the principles and novel features as defined by the following

claims.
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CLAIMS:

1. A method comprising:

filtering, at a speech encoder, an audio signal into a first group of sub-bands
within a first frequency range and a second group of sub-bands within a
second frequency range;

generating a harmonically extended signal based on the first group of sub-bands
and a non linear processing function;

generating a third group of sub-bands based, at least in part, on the harmonically
extended signal, wherein the third group of sub-bands corresponds to the
second group of sub-bands; and

determining a first adjustment parameter for a first sub-band m the third group
of sub-bands or a second adjustment parameter for a second sub-band in
the third group of sub-bands, wherein the first adjustment parameter 1s
based on a metric of a first sub-band 1n the second group of sub-bands,
and wherein the second adjustment parameter 1s based on a metric of a

second sub-band 1n the second group of sub-bands.

2. The method of claim 1, wherein the first adjustment parameter and the

second adjustment parameter correspond to gain adjustment parameters.

3. The method of claim 1, wherein the first adjustment parameter and the
second adjustment parameter correspond to linear prediction coefficient adjustment

parameters.

4. The method of claim 1, wherein the first adjustment parameter and the
second adjustment parameter correspond to time varying envelope adjustment

parameters.

5. The method of claim 1, further comprising inserting the first adjustment
parameter and the second adjustment parameter into an encoded version of the audio
signal to enable adjustment during reconstruction of the audio signal from the encoded

version of the audio signal.
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6. The method of claim 1, further comprising transmitting the first adjustment

parameter and the second adjustment parameter to a speech decoder as part of a bit

Sstream.

7. The method of claim 1, wherein the first frequency range spans over

frequencies that are lower 1n value than the second frequency range.

8. The method of claim 1, wherein generating the third group of sub-bands
COMprises:
mixing the harmonically extended signal with modulated noise to generate a
high-band excitation signal, wherein the modulated noise and the
harmonically extended signal are mixed based on a mixing factor; and

filtering the high-band excitation signal into the third group of sub-bands.

9. The method of claim 8, wherein the mixing factor 1s determined based on at
lecast one among a pitch lag, an adaptive codebook gain associated with the first group
of sub-bands, a pitch correlation between the first group of sub-bands and the second

oroup of sub-bands.

10. The method of claim 1, wherein generating the third group of sub-bands
COMprises:
filtering the harmonically extended signal into a plurality of sub-bands; and
mixing ¢ach sub-band of the plurality of sub-bands with modulated noise to
generate a plurality of high-band excitation signals, wherein the plurality

of high-band excitation signals corresponds to the third group of sub-
bands.

11. The method of claim 10, wherein the modulated noise and a first sub-band
of the plurality of sub-bands are mixed based on a first mixing factor, and wherein the
modulated noise and a second sub-band of the plurality of sub-bands are mixed based

on a second mixing factor.
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12. An apparatus comprising:
a first filter configured to filter an audio signal into a first group of sub-bands

within a first frequency range and a second group of sub-bands within a

second frequency range;

a non-linear transformation generator configured to generate a harmonically
extended signal based on the first group of sub-bands and a non linear

processing function;

a second filter configured to generate a third group of sub-bands based, at least
in part, on the harmonically extended signal, wherein the third group of
sub-bands corresponds to the second group of sub-bands; and

parameter estimators configured to determine a first adjustment parameter for a
first sub-band 1n the third group of sub-bands or a second adjustment
parameter for a second sub-band 1 the third group of sub-bands, wherein
the first adjustment parameter 1s based on a metric of a first sub-band 1n
the second group of sub-bands, and wherein the second adjustment

parameter 1s based on a metric of a second sub-band 1 the second group

of sub-bands.

13. The apparatus of claim 12, wherein the first adjustment parameter and the

second adjustment parameter correspond to gain adjustment parameters.

14. The apparatus of claim 12, wherein the first adjustment parameter and the
second adjustment parameter correspond to linear prediction coefficient adjustment

parameters.

15. The apparatus of claim 12, wherein the first adjustment parameter and the
second adjustment parameter correspond to time varying envelope adjustment

parameters.

16. The apparatus of claim 12, further comprising a multiplexer configured to

insert the first adjustment parameter and the second adjustment parameter into an

encoded version of the audio signal to enable adjustment during reconstruction of the

audio signal from the encoded version of the audio signal.
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17. The apparatus of claim 12, further comprising a transmitter to transmit the
first adjustment parameter and the second adjustment parameter to a speech decoder as

part of a bit stream.

18. The apparatus of claim 12, wherein the first frequency range spans over

frequencies that are lower 1n value than the second frequency range.

19. The apparatus of claim 12, wherein generating the third group of sub-bands
COMprises:
mixing the harmonically extended signal with modulated noise to generate a
high-band excitation signal, wherein the modulated noise and the
harmonically extended signal are mixed based on a mixing factor; and

filtering the high-band excitation signal into the third group of sub-bands.

20. The apparatus of claim 19, wherein the mixing factor i1s determined based
on at least onec among a pitch lag, an adaptive codebook gain associated with the first

oroup of sub-bands, and a pitch correlation between the first group of sub-bands and the

second group of sub-bands.

21. The apparatus of claim 12, wherein generating the third group of sub-bands
COMprises:

filtering the harmonically extended signal into a plurality of sub-bands; and

mixing ¢ach sub-band of the plurality of sub-bands with modulated noise to
generate a plurality of high-band excitation signals, wherein the plurality

of high-band excitation signals corresponds to the third group of sub-

bands.

22. The apparatus of claim 21, wherein the modulated noise and a first sub-band
of the plurality of sub-bands are mixed based on a first mixing factor, and wherein the
modulated noise and a second sub-band of the plurality of sub-bands are mixed based

on a second mixing factor.
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23. A non-transitory computer-readable medium comprising instructions that,
when executed by a processor at a speech encoder, cause the processor to:

filter an audio signal into a first group of sub-bands within a first frequency
range and a second group of sub-bands within a second frequency range;

oenerate a harmonically extended signal based on the first group of sub-bands
and a non linear processing function;

generate a third group of sub-bands based, at least in part, on the harmonically
extended signal, wherein the third group of sub-bands corresponds to the
second group of sub-bands; and

determine a first adjustment parameter for a first sub-band 1n the third group of
sub-bands or a second adjustment parameter for a second sub-band in the
third group of sub-bands, wherein the first adjustment parameter 1s based
on a metric of a first sub-band in the second group of sub-bands, and
wherein the second adjustment parameter 1s based on a metric of a

second sub-band 1n the second group of sub-bands.

24. The non-transitory computer-readable medium of claim 23, wherein the first
adjustment parameter and the second adjustment parameter correspond to gain

adjustment parameters.

25. The non-transitory computer-readable medium of claim 23, wherein the first
adjustment parameter and the second adjustment parameter correspond to linear

prediction coefficient adjustment parameters.

26. The non-transitory computer-readable medium of claim 23, wherein the first
adjustment parameter and the second adjustment parameter correspond to time varying

envelope adjustment parameters.

277. The non-transitory computer-readable medium of claim 23, further
comprising instructions that, when executed by the processor, cause the processor to
insert the first adjustment parameter and the second adjustment parameter into an
encoded version of the audio signal to enable adjustment during reconstruction of the

audio signal from the encoded version of the audio signal.
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28. The non-transitory computer-readable medium of claim 23, wherein the first
adjustment parameter and the second adjustment parameter are transmitted to a speech

decoder as part of a bit stream.

29. An apparatus comprising:

means for filtering an audio signal 1nto a first group of sub-bands within a first
frequency range and a second group of sub-bands within a second
frequency range;

means for generating a harmonically extended signal based on the first group of
sub-bands and a non linear processing function;

means for generating a third group of sub-bands based, at least in part, on the
harmonically extended signal, wherein the third group of sub-bands
corresponds to the second group of sub-bands; and

means for determining a first adjustment parameter for a first sub-band in the
third group of sub-bands or a second adjustment parameter for a second
sub-band 1n the third group of sub-bands, wherein the first adjustment
parameter 1S based on a metric of a first sub-band in the second group of
sub-bands, and wherein the second adjustment parameter 1s based on a

metric of a second sub-band in the second group of sub-bands.

30. The apparatus of claim 29, wherein the first adjustment parameter and the

second adjustment parameter correspond to gain adjustment parameters.

31. The apparatus of claim 29, wherein the first adjustment parameter and the
second adjustment parameter correspond to linear prediction coefficient adjustment

parameters.

32. The apparatus of claim 29, wherein the first adjustment parameter and the
second adjustment parameter correspond to time varying envelope adjustment

parameters.
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33. The apparatus of claim 29, further comprising means for inserting the first
adjustment parameter and the second adjustment parameter into an encoded version of
the audio signal to enable adjustment during reconstruction of the audio signal from the

encoded version of the audio signal.

34. The apparatus of claim 29, further comprising means for transmitting the
first adjustment parameter and the second adjustment parameter to a speech decoder as

part of a bit strcam.

35. A method comprising:

generating, at a speech decoder, a harmonically extended signal based on a low-
band excitation signal, wherein the low-band excitation signal 1s
generated by a linear prediction based decoder based on parameters
recerved from a speech encoder;

generating a group of high-band excitation sub-bands based, at least in part, on
the harmonically extended signal; and

adjusting the group of high-band excitation sub-bands based on adjustment

parameters received from the speech encoder.

36. The method of claim 35, wherein the adjustment parameters include gain
adjustment parameters, linear predication coefficient adjustment parameters, time

varying envelope adjustment parameters, or a combination thereof.

37. An apparatus comprising:

a non-linear transformation generator configured to generate a harmonically
extended signal based on a low-band excitation signal, wherein the low-
band excitation signal 1s generated by a linear prediction based decoder
based on parameters recerved from a speech encoder;

a second filter configured to generate a group of high-band excitation sub-bands
based, at least in part, on the harmonically extended signal; and

adjusters configured to adjust the group of high-band excitation sub-bands based

on adjustment parameters received from the speech encoder.
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38. The apparatus of claim 37, wherein the adjustment parameters include gain
adjustment parameters, linear predication coefficient adjustment parameters, time

varying envelope adjustment parameters, or a combination thereof.

39. An apparatus comprising:

means for generating a harmonically extended signal based on a low-band
excitation signal, wherein the low-band excitation signal 1s generated by
a linear prediction based decoder based on parameters received from a
speech encoder;

means for generating a group of high-band excitation sub-bands based, at least in
part, on the harmonically extended signal; and

means for adjusting the group of high-band excitation sub-bands based on

adjustment parameters recerved from the speech encoder.

40. The apparatus of claim 39, wherein the adjustment parameters include gain
adjustment parameters, linear predication coefficient adjustment parameters, time

varying envelope adjustment parameters, or a combination thereof.

41. A non-transitory computer-readable medium comprising instructions that,
when executed by a processor at a speech decoder, cause the processor to:

ogenerate a harmonically extended signal based on a low-band excitation signal,
wherein the low-band excitation signal 1s generated by a linear prediction
based decoder based on parameters received from a speech encoder;

generate a group of high-band excitation sub-bands based, at least in part, on the
harmonically extended signal; and

adjust the group of high-band excitation sub-bands based on adjustment

parameters recetved from the speech encoder.
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502

Filter, at a speech encoder, an audio signal into a first group of sub-bands
within a first frequency range and a second group of sub-bands within a
second frequency range

504

(GGenerate a harmonically extended signal based on the first group of sub-

bands

506

(GGenerate a third group of sub-bands based, at least in part, on the
harmonically extended signal, where the third group of sub-bands
corresponds to the second group of sub-bands

508

Determine a first adjustment parameter for a first sub-band in the third
group of sub-pbands or a second adjustment parameter for a second sub-
pband In the third group of sub-bands, where the first adjustment parameter
IS based on a metric of a first sub-band In the second group of sub-bands,
and where the second adjustment parameter Is based on a metric of a
second sub-band In the second group of sub-bands
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602

(Generate a harmonically extended signal based on a low-band excitation

signal received from a speech encoder
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(Generate a group of high-band excitation sub-bands based, at least in part,
on the harmonically extended signal

606

Adjust the group of high-band excitation sub-bands based on adjustment

parameters received from the speech encoder

FIG. 6
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