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SELECTING CHANNEL ADJUSTMENT METHOD FOR INTER-FRAME
TEMPORAL SHIFT VARIATIONS

L Cross Reference to Related Applications

[0001] The present application claims priority from U.S. Provisional Patent Application
No. 62/557,373 entitled “SELECTING CHANNEL ADJUSTMENT METHOD FOR
INTER-FRAME TEMPORAL SHIFT VARIATIONS,” filed September 12, 2017, and
U.S. Patent Application No. 16/115,166 entitled “SELECTING CHANNEL
ADJUSTMENT METHOD FOR INTER-FRAME TEMPORAL SHIFT
VARIATIONS,” filed August 28, 2018, which are incorporated herein by reference in

their entirety.
II.  Field

[0002] The present disclosure is generally related to selecting channel adjustment

method for inter-frame temporal shift variations.
III.  Description of Related Art

[0003] Advances in technology have resulted in smaller and more powerful computing
devices. For example, a variety of portable personal computing devices, including
wireless telephones such as mobile and smart phones, tablets and laptop computers are
small, lightweight, and easily carried by users. These devices can communicate voice
and data packets over wireless networks. Further, many such devices incorporate
additional functionality such as a digital still camera, a digital video camera, a digital
recorder, and an audio file player. Also, such devices can process executable
instructions, including software applications, such as a web browser application, that
can be used to access the Internet. As such, these devices can include significant

computing and networking capabilities.

[0004] Electronic devices, such as wireless telephones, may include multiple
microphones to receive audio signals. In many situations, a sound source (e.g., a person
speaking, a music source, etc.) may be closer to a first microphone than to a second
microphone. In such situations, a second audio signal received from the second
microphone may be delayed relative to a first audio signal received from the first

microphone. One form of encoding used to encode audio signals is stereo encoding. In
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stereo encoding, audio signals from the microphones may be encoded to generate a mid-
channel (e.g., a signal that corresponds to a sum of the first audio signal and the second
audio signal) and a side-channel (e.g., a signal that corresponds to a difference between
the first audio signal and the second audio signal). Because of the delay between
reception of the first audio signal and the second audio signal, the audio signals may be
temporally misaligned, which may increase the difference between the first audio signal
and the second audio signal. Because of the increase in the difference between the first
audio signal and the second audio signal, a greater number of bits may be used to

encode the side-channel.

[0005] To reduce the difference between the first audio signal and the second audio
signal (and to reduce the number of bits used to encode the side-channel), the first audio
signal and the second audio signal may be temporally aligned. For example, a frame of
the second audio signal may be time-shifted to temporally align the frame of the second
audio signal with a corresponding frame of the first audio signal. Because the distance
between the sound source and the microphones may change, a shift amount (e.g., an
amount of samples that the second audio signal is shifted) may change from frame to
frame. If the shift values between two frames are different, a discontinuity may be
introduced at the boundary between the two frames. For example, due to the difference
in shift values, one or more samples may be skipped or repeated from one frame to the
next. Discontinuities at frame boundaries of the audio signals may result in audible

clicks or other audio artifacts during playback of the audio signals.
1V. Summary

[0006] According to one implementation, a device includes an encoder configured to
receive a reference channel and a target channel. The reference channel includes a set
of reference samples, and the target channel includes a set of target samples. The
encoder is also configured to determine a variation between a first mismatch value and a
second mismatch value. The first mismatch value is indicative of an amount of
temporal mismatch between a first reference sample of the set of reference samples and
a first target sample of the set of target samples. The second mismatch value is
indicative of an amount of temporal mismatch between a second reference sample of the

set of reference samples and a second target sample of the set of target samples. The
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encoder is configured to compare the variation with a first threshold. The encoder is
configured to adjust the set of target samples based on the variation and based on the
comparison to generate an adjusted set of target samples. The encoder is configured to
generate at least one encoded channel based on the set of reference samples and the
adjusted set of target samples. The device includes a network interface configured to

transmit the at least one encoded channel.

[0007] According to another implementation, a method of wireless communication
includes receiving, at a first device, a reference channel and a target channel. The
reference channel includes a set of reference samples, and the target channel includes a
set of target samples. The method also includes determining a variation between a first
mismatch value and a second mismatch value. The first mismatch value is indicative of
an amount of temporal mismatch between a first reference sample of the set of reference
samples and a first target sample of the set of target samples. The second mismatch
value is indicative of an amount of temporal mismatch between a second reference
sample of the set of reference samples and a second target sample of the set of target
samples. The method includes comparing the variation with a first threshold. The
method also includes adjusting the set of target samples based on the variation and
based on the comparison to generate an adjusted set of target samples. The method
further includes generating at least one encoded channel based on the set of reference
samples and the adjusted set of target samples. The method also includes transmitting

the at least one encoded channel to a second device.

[0008] According to another implementation, an apparatus includes means for receiving
a reference channel and means for receiving a target channel. The reference channel
includes a set of reference samples, and the target channel includes a set of target
samples. The apparatus also includes means for determining a variation between a first
mismatch value and a second mismatch value. The first mismatch value is indicative of
an amount of temporal mismatch between a first reference sample of the set of reference
samples and a first target sample of the set of target samples. The second mismatch
value is indicative of an amount of temporal mismatch between a second reference
sample of the set of reference samples and a second target sample of the set of target
samples. The apparatus includes means for comparing the variation with a first

threshold. The apparatus also includes means for adjusting the set of target samples
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based on the variation and based on the comparison to generate an adjusted set of target
samples. The apparatus further includes means for generating at least one encoded
channel based on the set of reference samples and the adjusted set of target samples.

The apparatus also includes means for transmitting the at least one encoded channel.

[0009] According to another implementation, a non-transitory computer-readable
medium stores instructions that, when executed by a processor, cause the processor to
perform operations including receiving, at a first device, a reference channel and a target
channel. The reference channel includes a set of reference samples, and the target
channel includes a set of target samples. The operations also include determining a
variation between a first mismatch value and a second mismatch value. The first
mismatch value is indicative of an amount of temporal mismatch between a first
reference sample of the set of reference samples and a first target sample of the set of
target samples. The second mismatch value is indicative of an amount of temporal
mismatch between a second reference sample of the set of reference samples and a
second target sample of the set of target samples. The operations include comparing the
variation with a first threshold. The operations also include adjusting the set of target
samples based on the variation and based on the comparison to generate an adjusted set
of target samples. The operations further include generating at least one encoded
channel based on the set of reference samples and the adjusted set of target samples.
The operations also include transmitting the at least one encoded channel to a second

device.

[0010] Other implementations, advantages, and features of the present disclosure will
become apparent after review of the entire application, including the following sections:

Brief Description of the Drawings, Detailed Description, and the Claims.
V. Brief Description of the Drawings

[0011] FIG. 1 is a block diagram of a particular implementation of a system that
includes a device configured to adjust audio samples based on a variation between

mismatch values;

[0012] FIG. 2 is a diagram illustrating a first particular example of samples that may be

adjusted based on a variation between mismatch values;
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[0013] FIG. 3 is a diagram illustrating a second particular example of samples that may

be adjusted based on a variation between mismatch values;

[0014] FIG. 4 is a block diagram of a second particular implementation of a system that
includes a device configured to adjust audio samples based on a variation between

mismatch values;

[0015] FIG. 5 is a diagram of a system configured to encode multiple channels using

adjusted samples;

[0016] FIG. 6 is a diagram of an example of a state machine to determine a reference

channel;

[0017] FIG. 7 is a diagram illustrating a third particular example of samples that may be

adjusted based on a variation between mismatch values;

[0018] FIG. 8 is a diagram illustrating a fourth particular example of samples that may

be adjusted based on a variation between mismatch values;

[0019] FIG. 9 is a flow chart that illustrates a particular method of encoding multiple

channels using adjusted samples;

[0020] FIG. 10 is a block diagram of a wireless device that is operable to perform

operations in accordance with the systems and methods of FIGS. 1-9; and

[0021] FIG. 11 is a base station that is operable to perform operations in accordance

with the systems and methods of FIGS. 1-9.
VI.  Detailed Description

[0022] Particular aspects of the present disclosure are described below with reference to
the drawings. In the description, common features are designated by common reference
numbers throughout the drawings. As used herein, “exemplary” may indicate an
example, an implementation, and/or an aspect, and should not be construed as limiting
or as indicating a preference or a preferred implementation. As used herein, an ordinal
term (e.g., “first,” “second,” “third,” etc.) used to modify an element, such as a

structure, a component, an operation, etc., does not by itself indicate any priority or
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order of the element with respect to another element, but rather merely distinguishes the
element from another element having a same name (but for use of the ordinal term). As

used herein, the term “set” refers to one or more of a particular element.

[0023] Systems and methods of adjusting samples of audio channels used in multi-
channel audio encoding are disclosed. A device may include an encoder that is
configured to encode multiple audio channels. The multiple audio channels may be
captured concurrently in time using multiple audio capture devices (e.g., multiple
microphones). The device may be configured to time-shift one of the multiple audio
channels to account for delay in receipt of the audio channel via one of the multiple
microphones. To illustrate, multiple microphones may be deployed at multiple
locations in a teleconference room, and a sound source (e.g., a person speaking) may be
closer to a first microphone than to a second microphone. Accordingly, a second audio
channel received via the second microphone may be delayed relative to a first audio

channel received via the first microphone.

[0024] Delay in receipt one or more of the audio channels may decrease coding
efficiency. To illustrate, in stereo encoding, audio channels from the multiple
microphones may be encoded to generate a mid-channel and a side-channel. The mid-
channel may correspond to a sum of the first audio channel and the second audio
channel, and the side-channel may correspond to a difference between the first audio
channel and the second audio channel. If the difference between the first audio channel
and the second audio channel is small, most of the bits of the stereo encoding may be
used for encoding the mid-channel, which increases coding efficiency of the mid-
channel and increases quality of playback of the audio channels after decoding. If the
first audio channel and the second audio channel are not temporally aligned (e.g., if one
audio channel is temporally delayed relative to the other audio channel), the difference
between the first audio channel and the second audio channel may increase, and thus the
number of bits used to encode the side-channel may increase. Increasing the number of
bits used to encode the side-channel decreases the number of bits available to encode

the mid-channel.

[0025] To reduce the difference between the first audio channel and the second audio

channel, one of the audio channels may be time-shifted to temporally align the audio
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channels. When the sound source is closer to the first microphone than to the second
microphone, frames of the second audio signal may be delayed relative to frames of the
first audio signal. In this case, the first audio signal may be referred to as the “reference
audio signal” or “reference channel” and the delayed second audio signal may be
referred to as the “target audio signal” or “target channel”. Alternatively, when the
sound source is closer to the second microphone than to the first microphone, frames of
the first audio signal may be delayed relative to frames of the second audio signal. In
this case, the second audio signal may be referred to as the reference audio signal or
reference channel and the delayed first audio signal may be referred to as the target

audio signal or target channel.

[0026] Depending on where the sound sources (e.g., talkers) are located in a conference
or telepresence room or how the sound source (e.g., talker) position changes relative to
the microphones, the reference channel and the target channel may change from one
frame to another; similarly, the temporal delay value may also change from one frame to
another. However, in some implementations, the mismatch value may always be
positive to indicate an amount of delay of the “target” channel relative to the
“reference” channel. Furthermore, the mismatch value may correspond to a “non-causal
shift” value by which the delayed target channel is “pulled back” in time such that the
target channel is aligned (e.g., maximally aligned) with the “reference” channel. In
other implementations, the mismatch value may correspond to a “causal shift” value by
which the leading reference channel is “pulled forward” in time such that the reference
channel is aligned (e.g., maximally aligned) with the delayed “target” channel. The
down mix algorithm to determine the mid channel and the side channel may be

performed on the reference channel and the non-causal or causal shifted target channel.

[0027] The encoder may be configured to determine a first mismatch value indicative of
a first shift of the first audio channel relative to the second audio channel. For example,
the first mismatch value may indicate a number of samples that a frame of the second
audio channel is shifted to temporally align the frame of the second audio channel with
a corresponding frame of the first audio channel. The encoder may time-shift a second
frame of the second audio channel based on the first mismatch value to temporally align
the second frame with a first frame of the first audio channel. Temporally aligning the

first audio channel and the second audio channel may reduce a difference between the
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first audio channel and the second audio channel. Because the delay of one audio
channel relative to another audio channel may vary from frame to frame, the encoder
may be configured to determine a corresponding mismatch value for each frame of the
audio channels. For example, the encoder may be configured to determine a second
mismatch value indicative of a second shift of the first audio channel relative to the
second audio channel, and the encoder may be configured to time-shift a fourth frame of
the second audio channel based on the second mismatch value to temporally align the
fourth frame with a third frame of the first audio channel. If the first mismatch value
and the second mismatch value are different, the difference between the first mismatch
value and the second mismatch value may cause a discontinuity at a boundary between
the second frame and the fourth frame of the second audio channel. The discontinuity
may cause an audible click or other audio artifact during playback of decoded audio

channels.

[0028] To compensate for inter-frame variation in time-shifting (e.g., different
mismatch values for different frames), the encoder may be configured to adjust the
second audio channel based on the difference between the first mismatch value and the
second mismatch value. Adjusting the second audio channel may reduce (or eliminate)
discontinuities at frame boundaries. In a particular example, each frame includes 640
samples, the first mismatch value is two samples, and the second mismatch value is
three samples. In this example, to temporally align the audio channels, samples 0-639
(representing the first frame) of the first audio channel are temporally aligned with
samples 2-641 (representing the second frame) of the second audio channel, and
samples 640-1279 (representing the third frame) of the first audio channel are
temporally aligned with samples 643-1282 (representing the fourth frame) of the second
audio channel. The temporal alignment of the second audio channel with the first audio
channel may cause sample 642 to be skipped, which causes a discontinuity between the
second frame and the fourth frame and may cause a click or other sound during

playback of the audio channels.

[0029] To compensate for the discontinuity, the encoder may be configured to adjust the
second audio channel to reduce the difference in samples between frames. Adjusting
the second audio channel based on the difference may be referred to as “smoothing” or

“slow shifting” the second audio channel. To illustrate, the encoder may be configured
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to adjust the second audio channel by interpolating a portion of the samples of the
second audio channel based on the difference to “spread out” the discontinuity over
multiple samples. The interpolation may include a Sinc interpolation, a Lagrange
interpolation, a hybrid interpolation (e.g., a combination of Sinc interpolation and
Lagrange interpolation), an overlap and add interpolation, or another type of

interpolation.

[0030] The encoder may be configured to select a particular interpolation method
among a plurality of interpolation methods. The encoder may be configured to select a
particular interpolation based on the difference between the first mismatch value and the
second mismatch value. The encoder may be configured to compare the difference with
a threshold to select a particular interpolation. As a particular illustrative example, the
encoder may be configured to compare the difference between the first mismatch value
and the second mismatch value with a first threshold. The encoder may be configured to
adjust the second audio channel by selecting at least one interpolation method among
the Sinc interpolation, the Lagrange interpolation, or the hybrid interpolation in
response to the determination that the difference between the first mismatch value and
the second mismatch value is less than a first threshold. The encoder may alternatively
adjust the second audio channel by using the overlap and add interpolation, as described
below in details, in response to the determination that the difference exceeds the first
threshold. The overlap and add interpolation may be referred to as “overlap and add
method” or “overlap and add sample generation/adjustment” or simply “overlap and add

interpolation.”

[0031] In another particular implementation, a threshold value of the difference between
mismatch values of adjacent frames D (e.g., between a first mismatch value and a
second mismatch value) may be based on a frame type of the first audio channel or the
second audio channel. The encoder may determine a frame type of the second audio
signal (e.g., the target channel) and the encoder may ensure that a value of D does not
exceed a particular threshold based on the frame type. As a particular illustrative
example, the frame type may include speech, music, noise, or other frame types that
may indicate a characteristic of a particular frame of the first audio channel or the
second audio channel. Alternatively, frame type may correspond to information

indicating a suitable coding mode for a particular frame of the first audio channel or the
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second audio channel. In a particular implementation, the threshold value of the
difference D may be a preprogrammed value that may be selected (e.g., during
manufacture, programming, a software or firmware installation or update, etc.) based on
a target smoothness level of audio channels or a target level of processing to be devoted
to channel adjusting. In other implementations, the threshold value of the difference D
may be determined based on a smoothing factor indicating smoothness setting of cross-

correlation value.

[0032] As a particular illustrative example, a discontinuity may be spread out over a
subset of samples (e.g., samples 642, 643, 644, 645, and 646) by estimating samples
642.x, 643.y, 644.z, and 646 using interpolation, where x, y, and z are values based on a
fractional sample resolution. The sample resolution may be uniformly spaced or non-
uniformly spaced. In implementations having a uniformly spaced sample resolution, the
interpolation may be based on the expression D/N_SPREAD, where D is the difference
(in number of samples) between the first mismatch value and the second mismatch
value, and N_SPREAD is the number of samples over which the discontinuity is spread
out. In a particular implementation, N_SPREAD may be any value that is less than a
total number of samples included in a frame (N). Alternatively, N_SPREAD may be
equal to N, or N_SPREAD may be greater than N (e.g., the discontinuity may be spread
out over multiple frames). The larger the value of N_SPREAD, the “smoother” the shift

(e.g., the smaller the difference between each estimated sample).

[0033] As a particular example of sample resolution having uniform spacing, D is one
(e.g., the second mismatch value — the first mismatch value is one), N_SPREAD is four,
and the encoder may interpolate the second audio channel based on a one-sample
difference to generate four estimated samples. In this example, the sample resolution is
0.25, the four estimated samples may represent samples 642.25, 643.5, 644.75, and 646,
and the encoder may replace four samples of the second audio channel (e.g., samples
643-646) with the four estimated samples. The difference between each the last sample
of the second frame (e.g., sample 641) and each estimated sample is less than a
difference between sample 641 and 643 (e.g., due to sample 642 being skipped), and
thus a difference between any two samples is reduced as compared to skipping one or
more samples. Alternatively, the sample resolution may be non-uniformly spaced. As a

particular example of sample resolution having non-uniform spacing, estimates for
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samples 642.25, 643, 644.5, and 646 may be estimated using interpolation.
Alternatively, the sample resolution may be non-uniformly spaced and may be a
progressively increasing resolution or a progressively decreasing resolution. Reducing
the temporal difference between samples (e.g., spreading the one-sample temporal
difference over several samples of the second audio channel using the estimated
samples), smooths (e.g., reduces) or compensates for the discontinuity at the frame

boundary.

[0034] After adjusting the second channel, the encoder may generate at least one
encoded channel based on the first audio channel and the adjusted second audio
channel. For example, the encoder may generate a mid-channel and a side-channel
based on the first audio channel and the adjusted second audio channel. The at least one
encoded channel may be transmitted to a second device. The second device may
include a decoder that is configured to decode the at least one encoded channel.
Because the second audio channel is adjusted prior to generation of the at least one
encoded channel, during playback of the decoded audio channels, clicks or other sounds

due to discontinuities between frames may be reduced (or eliminated).

[0035] Referring to FIG. 1, a particular illustrative example of a system that includes a
device configured to adjust audio samples based on a difference between mismatch
values is shown and generally designated 100. The system 100 includes a first device
102 and a second device 160. The first device 102 may be communicatively coupled to
the second device 160 via a network 152. The network 152 may include a voice over
internet protocol (VoIP) network, a voice over long-term evolution (VoLTE) network,
another packet-switched network, a public switched telephone network (PSTN)
network, a Global System for Mobile Communications (GSM) network, another circuit-
switched network, the Internet, a wireless network, an Institute of Electronics and
Electrical Engineers (IEEE) 802.11 network, a satellite network, a wired network, or
another network. In a particular implementation, the first device 102, the second device
160, or both may include a communication device, a headset, a decoder, a smart phone,
a cellular phone, a mobile communication device, a laptop computer, a computer, a
tablet, a personal digital assistant (PDA), a set top box, a video player, an entertainment
unit, a display device, a television, a gaming console, a music player, a radio, a digital

video player, a digital video disc (DVD) player, a tuner, a camera, a navigation device, a
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vehicle, an on-board component of a vehicle, or a combination thereof. Although the
first device 102 is described herein as transmitting data (e.g., channels, values,
indicators, etc.) and the second device 160 is described as receiving data, in other
implementations the first device 102 may receive data from the second device 160.

Accordingly, the illustration of FIG. 1 is not limiting.

[0036] The first device 102 may include an encoder 120, a memory 110, and one or
more interfaces 104. The first device 102 may also include a processor (e.g., a central
processing unit (CPU), a digital signal processor (DSP), etc.), which is not illustrated
for convenience. In a particular implementation, the encoder 120 may be included or
integrated in an enhanced voice services (EVS) CODEC that communicates in
accordance with one or more standards or protocols, such as a 3rd Generation

Partnership Project (3GPP) EVS protocol.

[0037] The one or more interfaces 104 may include network interfaces, such as wireless
interfaces (e.g., IEEE 802.11 interfaces, satellite interfaces, near-field communication
interfaces, etc.), wired interfaces, input/output (I/O) interfaces, peripheral interfaces, and
other interfaces. A first input interface of the one or more interfaces 104 may be
coupled to a first microphone 140, a second input interface of the one or more interfaces
104 may be coupled to a second microphone 144, and a network interface of the one or
more interfaces 104 may be communicatively coupled to the second device 160 via the
network 152. The first input interface of the one or more interfaces 104 may be
configured to receive a first audio signal 142 from the first microphone 140, and the
second input interface of the one or more interfaces 104 may be configured to receive a
second audio signal 146 from the second microphone 144. In the example of FIG. 1,
the first audio signal 142 is a “reference channel” and the second audio signal 146 is a
“target channel.” For example, the second audio signal 146 may be adjusted (e.g.,
temporally shifted) to temporally align with the first audio signal. However, as
described below, in other implementations, the first audio signal 142 may be the target
channel and the second audio signal 146 may be the reference channel. As used herein,
“signal” and “channel” may be used interchangeably. In other implementations, the
first device 102 may include more than two interfaces that are communicatively coupled
to more than two microphones. In a particular implementation, the first audio signal

142 includes one of a right channel signal or a left channel signal, and the second audio
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signal 146 includes the other of the right channel signal or the left channel signal. In

other implementations, the audio signals 142 and 146 include other audio signals.

[0038] The network interface of the one or more interfaces 104 may be configured to
transmit data, such as encoded audio channels and related information, to the second
device 160 via the network 152. In some implementations, the one or more interfaces
104 may include a transceiver, a receiver, or both (or a transceiver), that are configured
to send and to receive data via the network 152. The encoder 120 may be configured to
process and encode audio channels, as further described herein. Alternatively, the
memory 110 may store instructions executable by the encoder 120 (or a processor) to

perform the operations described herein.

[0039] The memory 110 may store mismatch values, such as a first mismatch value 112
and a second mismatch value 114, and audio samples, such as first samples 116 and
second samples 118. The first audio signal 142 may be associated with the first samples
116 (e.g., the first audio signal 142 may be sampled to generate the first samples 116),
and the second audio signal 146 may be associated with the second samples 118 (e.g.,
the second audio signal 146 may be sampled to generate the second samples 118). The
mismatch values 112 and 114 may indicate shifts between the first samples 116 and the
second samples 118 (e.g., between the first audio signal 142 and the second audio signal
146) that are used to temporally align the first samples 116 and the second samples 118,
as further described herein. In some implementations, the memory 110 may store
additional data, such as data indicative of indicators, gain parameters, and other

information related to the encoding and transmission of audio channels.

[0040] The encoder 120 may be configured to down-mix and encode multiple audio
channels. As part of processing and encoding the multiple audio channels, the encoder
120 may be configured to temporally align an audio channel with respect to another
audio channel. For example, the encoder 120 may be configured to temporally align
frames of the reference channel 142 with frames of the target channel 146 by
manipulating the first samples 116 and the second samples 118 prior to encoding.
Temporally aligning audio channels may reduce the number of bits used to encode a
side-channel (or parameters) based on the audio channels and may thereby increase the

number of bits used to encode a mid-channel based on the audio channels. Using more
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bits to encode the mid-channel may increase coding efficiency of the mid-channel and

may increase quality of playback of decoded audio channels at the second device 160.

[0041] To temporally align the first audio signal 142 and the second audio signal 146,
the encoder 120 may be configured to determine the first mismatch value 112 and the
second mismatch value 114. For example, the encoder 120 may include a shift
estimator 121 configured to determine the first mismatch value 112 and the second
mismatch value 114. The first mismatch value 112 may be indicative of a shift of a first
frame of the first audio signal 142 relative to a second frame of the second audio signal
146, and the second mismatch value 114 may be indicative of a shift of a third frame of
the first audio signal 142 to a fourth frame of the second audio signal 146. The third
frame may be subsequent to the first frame, and the fourth frame may be subsequent to
the second frame. The mismatch values 112 and 114 may indicate a number of samples
(or an amount of time (in milliseconds)) that the second audio signal 146 (e.g., a
“reference” signal) is to be time-shifted to temporally align the second audio signal 146
with the first audio signal 142 (e.g., a “target” signal). As an illustrative example, a
particular frame of the target channel is delayed relative to a corresponding frame of the
reference channel by a time period that corresponds to two samples (e.g., based on a
sampling rate) of the target channel, a corresponding mismatch value has a value of two.
A target channel may refer to a signal that is time-shifted relative to a reference channel
(e.g., a signal that is not time-shifted). A target channel that is time shifted or adjusted
(e.g., an “adjusted target channel”) differs from a coded target channel, which refers to a
signal used to generate a coded signal (e.g., a mid channel signal, a side channel signal,
etc., as further described herein). As further described herein, the encoder 120 may
determine which of the first audio signal 142 and the second audio signal 146 is the
target channel (or the reference channel) for each frame. The determination of which
signal is the target channel and which signal is the reference channel may be made on a
per-frame basis. For example, the encoder 120 may determine that the first audio signal
142 is the reference channel and that the second audio signal 146 is the target channel
for a first pair of frames (e.g., a first frame corresponding to the first audio signal 142
and the second audio signal 146), and the encoder 120 may determine that the first
audio signal 142 is the target channel and that the second audio signal 146 is the
reference channel for a second pair of frames (e.g., a third frame corresponding to the

first audio signal 142 and a fourth frame corresponding to the second audio signal 146).
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[0042] The first audio signal 142 and the second audio signal 146 may be temporally
unaligned due to locations of the first microphone 140, the second microphone 144, and
a sound source 150. For example, the sound source 150 may be a person speaking in a
teleconference room, and at a particular time, the person (e.g., the sound source 150)
may be closer to the first microphone 140 than to the second microphone 144. In other
examples, the sound source 150 may be an ambient noise, a musical instrument, a music
source, or another source of sound. Because the sound source 150 is farther away from
the second microphone 144, the second audio signal 146 may be received with a delay

relative to the first audio signal 142.

[0043] A difference between the first audio signal 142 and the second audio signal 146
may be larger when one audio channel is delayed as compared to when the first audio
signal 142 and the second audio signal 146 are temporally aligned. A large difference
may decrease coding efficiency at the encoder 120. To illustrate, the encoder 120 may
be configured to generate at least one encoded channel, such as encoded channels 180,
based on the first audio signal 142 and the second audio signal 146. For example, the
encoder 120 may include a channel generator 130 configured to generate the encoded
channels 180. In a particular implementation, the channel generator 130 may be
configured to perform stereo encoding to generate a mid-channel (e.g., a channel
representing a sum of the first audio signal 142 and the second audio signal 146) and a
side-channel (e.g., a channel representing a difference between the first audio signal 142
and the second audio signal 146). The encoded channels 180 may include the mid-

channel, the side-channel, or both.

[0044] The channel generator 130 may generate the mid-channel and the side-channel

according to the following Equations:

M = Ref(n) + Targ(n + N,), Equation la
M = Ref(n) + gpTarg(n+ N;), Equation 1b
S =Ref(n) — gpTarg(n + N;), Equation 2a

S =gpRef(n) — Targ(n+ N), Equation 2b
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[0045] where M corresponds to the mid-channel, S corresponds to the side-channel, gp
corresponds to a relative gain parameter (e.g., a parameter to normalize (or equalize) the
power levels of the reference channel and the target channel, Ref (n) correspond to
samples of the reference channel, Targ(n + N;) corresponds to samples of the target
channel, and N; corresponds to a non-causal mismatch value (based on the first
mismatch value 112) of the second frame. As an example, the gain parameter may be
based on one of the following Equations:

_ INZNtRef(n) Targ(n+N;)
9p = SN-NMTarg2(n+nN;)

n=

Equation 3a

Sh=tRef(m)]
9o N-NlTarg(n+Ny)|’

Equation 3b

Zﬁﬂ, Ref(n) Targ(n)

9o = SV Targ?(n) Equation 3¢
= ZnzolRef ()| Equation 3d
9o = IV Targml’ q
_ IN_N1Ref(n) Targ(n) .
gp = SN Reri) Equation 3e

NN Targ(m)|

9o = SN_Ref ()] Equation 3f

[0046] Alternatively, the channel generator 130 may generate the mid-channel and one
or more side channel parameters based on the difference between the first audio signal
142 and the second audio signal 146. In other implementations, the channel generator
130 may be configured to perform other encoding, such as parametric stereo encoding,

dual-mono encoding, or other encoding.

[0047] In implementations where the encoded channels 180 include the mid-channel
and the side-channel, a total number of bits used for the encoded channels is divided
between encoding of the mid-channel and encoding of the side-channel. If the
difference between the first audio signal 142 and the second audio signal 146 is small, a

few bits of are used for the encoding of the side-channel, and most bits are used for
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encoding the mid-channel. Using more bits to encode the mid-channel increases coding
efficiency and may increase quality of decoded audio channels that are output at the
second device 160. When the difference between the first audio signal 142 and the
second audio signal 146 is large, more bits are used for encoding the side channel
signal, which reduces the number of bits available for encoding the mid channel signal.
Thus, the encoder 120 (e.g., the shift estimator 121) may be configured to temporally
align the first audio signal 142 and the second audio signal 146 to reduce the difference
between the first audio signal 142 and the second audio signal 146, thereby increasing a

number of bits available for encoding the mid-channel.

[0048] To temporally align the first audio signal 142 and the second audio signal 146,
the encoder 120 (e.g., the shift estimator 121) may be configured to determine mismatch
values (e.g., the first mismatch value 112 and the second mismatch value 114) for each
pair of frames of the first audio signal 142 and the second audio signal 146. The first
mismatch value 112 may correspond to an amount of time delay between receipt of the
first frame of the first audio signal 142 via the first microphone 140 and receipt of the
second frame of the second audio signal 146 via the second microphone 144, and the
second mismatch value 114 may correspond to an amount of time delay between receipt
of the third frame of the first audio signal 142 via the first microphone 140 and receipt

of the fourth frame of the second audio signal 146 via the second microphone 144.

[0049] The first mismatch value 112 and the second mismatch value 114 may be
determined based on comparisons of a first down-sampled channel to a second down-
sampled channel. The first down-sampled channel may be based on the first audio
signal 142 and the second down-sampled channel may be based on the second audio
signal 146. To illustrate, the shift estimator 121 may be configured to down-sample the
reference channel 142 to generate a first down-sampled channel and to down-sample the
target channel 146 to generate a second down-sampled channel. In other
implementations, the down-sampled channels may be other resampled channels, such as

up-sampled channels.

[0050] The shift estimator 121 may be configured to determine the first mismatch value
112 and the second mismatch value 114 based on comparisons of the first down-

sampled channel and the second down-sampled channel. For example, the shift
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estimator 121 may generate comparison values, such as difference values, similarity
values, coherence values, or cross-correlation values, based on comparisons of the first
samples 116 and the second samples 118. The shift estimator 121 may identify a
particular comparison value that has a higher (or lower) value than other comparison
values, and the shift estimator 121 may identify a mismatch value (e.g., a “tentative”
mismatch value) that corresponds to the particular comparison value. For example, the
shift estimator 121 may compare a sample (or multiple samples) of the first down-
sampled channel to samples of the second down-sampled channel to generate
comparison values, and the shift estimator 121 may identify a particular sample of the
second down-sampled channel that corresponds to the lowest (or highest) comparison
value. The shift estimator 121 may generate the tentative mismatch value based on a
delay of the particular sample of the second down-sampled channel to the sample of the

first down-sampled channel.

[0051] The shift estimator 121 may generate one or more interpolated comparison
values and an interpolated mismatch value based on the tentative mismatch value. The
shift estimator 121 may “refine” the interpolated mismatch value to generate a
mismatch value. For example, if a difference between the interpolated mismatch value
and a mismatch value associated with a previous frame exceeds a threshold, the shift
estimator 121 may select a threshold value (e.g., a “maximum” mismatch value) as the
mismatch value, and if the difference fails to exceed a threshold, the shift estimator 121
may select the interpolated mismatch value as the mismatch value. The threshold may
be selected to set a threshold discontinuity level that may occur from frame to frame.
For example, the threshold may be set to four samples such that the discontinuity is no
larger than four samples. Setting the threshold to a small value may reduce (or prevent)
clicks or other audible sounds caused by discontinuities to be output during playback of
decoded audio channels. In other implementations, the threshold may be higher, and the
target channel may be adjusted (e.g., smoothed or slow-shifted) to compensate for (or to
conceal) inter-frame discontinuities. The shift estimator 121 may also determine a sign
(e.g., a positive sign or a negative sign) of the mismatch value based on whether the

shift has changed direction compared to a previous mismatch value.

[0052] After determining mismatch values (e.g., the first mismatch value 112 and the

second mismatch value 114), the target channel may be shifted for a frame based on the
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corresponding mismatch value. In a particular example, the second audio signal 146 is
the target channel for both the frames corresponding to the second audio signal 146, the
second frame of the second audio signal 146 is shifted based on the first mismatch value
112, and the fourth frame of the second audio signal 146 is shifted based on the second
mismatch value 114. For example, a portion of the second samples 118 corresponding
to the second frame may be time-shifted relative to a portion of the first samples 116
corresponding to the first frame by an amount that is based on the first mismatch value
112, and a portion of the second samples 118 corresponding to the fourth frame may be
time-shifted relative to a portion of the second samples 118 corresponding to the third
frame by an amount that is based on the second mismatch value 114. FIGS. 2-3 and
FIGS. 7-8illustrate time-shifting samples of the second audio signal 146 to temporally

align the second audio signal 146 with the first audio signal 142.

[0053] In order to time-shift samples of the target channel (e.g., the second audio signal
146), the encoder 120 may access “future” values of the target channel. In a particular
implementation, the first device 102 includes a buffer that stores samples of the first
audio signal 142 and the second audio signal 146, and the encoder 120 may be able to
access samples that occur sequentially prior to a particular sample. In some
implementations, the buffer may include or correspond to a lookahead buffer that is
used to perform speech processing operations at the first device 102. Because samples
that occur subsequent to a particular sample (e.g., a “current” sample) of the target
channel are available in the buffer, the target channel (e.g., the second audio signal 146)
may be time-shifted by aligning a sequentially subsequent sample of the target channel
to a particular sample of the reference channel, as further described with reference to

FIGS. 2-3 and FIGS. 7-8.

[0054] If the first mismatch value 112 and the second mismatch value 114 do not have
the same value (e.g., are not equal), there may be a discontinuity between the second
frame and the fourth frame of the second audio signal 146. To compensate for (or
conceal) the discontinuity, the encoder 120 may adjust the second samples 118 (e.g., the
samples of the target channel) to reduce inter-frame discontinuities. Adjusting the target
channel may also be referred to as “smoothing” or “slow-shifting” the target channel.
The encoder 120 may adjust the second samples 118 for frames for which the second

audio signal 146 is identified as the target channel. Alternatively, the encoder 120 may
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adjust the first samples 116 for frames for which the first audio signal 142 is identified
as the target channel. Thus, which samples are adjusted (e.g., which audio channel is
“smoothed” or “slow-shifted””) depends on which audio channel is identified as the

target channel for a particular frame.

[0055] To enable the adjustment of the target channel, the encoder 120 may be
configured to determine a difference 124 between a first mismatch value 112 and a
second mismatch value 114. For example, the encoder 120 may include a comparator
122 configured to determine the difference 124. The comparator 122 may be
configured to subtract the first mismatch value 112 from the second mismatch value 114
to determine the difference 124. The first mismatch value 112 may be indicative of a
shift of the first frame of the first audio signal 142 relative to the second frame of the
second audio signal 146, and the second mismatch value 114 may be indicative of a
shift of the third frame of the first audio signal 142 relative to the fourth frame of the
second audio signal 146. As a particular example, the first mismatch value 112 may be
two samples, the second mismatch value 114 may be three samples, and the difference
124 may be one sample. The difference 124 may be a signed value (e.g., a positive
value or a negative value). A positive value for the difference 124 may indicate that the
delay of the target channel as compared to the reference channel is increasing, a
negative value for the difference 124 may indicate that the delay of the target channel as
compared to the reference channel is decreasing, and a value of zero for the difference
124 may indicate that the delay remains the same (or nearly the same) between the

second frame and the fourth frame.

[0056] The encoder 120 may be configured to adjust the second samples 118 based on
the difference 124 to generate an adjusted set of samples 128. For example, the encoder
may include a sample adjuster 126 configured to adjust the second samples 118 based
on the difference 124 to generate the adjusted set of samples 128. In a particular
implementation, the sample adjuster 126 may be configured to interpolate (e.g., using a
Sinc interpolation, a Lagrange interpolation, a hybrid interpolation, an overlap and add
interpolation, or other interpolation) a portion of the second samples 118 based on the
difference 124 to generate a set of estimated samples, and the sample adjuster 126 may
be configured to replace the portion with the set of estimated samples to generate the

adjusted samples 128. The portion of samples may include samples from a single audio
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frame of the target channel, or from multiple frames of the target channel. For example,
if a discontinuity exists between a second frame of the target channel (corresponding to
a first frame of the reference channel) and a fourth frame of the target channel
(corresponding to a third frame of the reference channel), in a particular
implementation, the sample adjuster 126 may adjust samples corresponding to the
fourth frame. In another particular implementation, the sample adjuster 126 may adjust
samples corresponding to the second frame. In another particular implementation, the
sample adjuster 126 may adjust samples corresponding to the second frame and the

fourth frame.

[0057] The encoder 120 may be configured to select a particular interpolation method
among a plurality of interpolation methods. The encoder 120 may be configured to
select a particular interpolation based on the difference 124 between the first mismatch
value and the second mismatch value. As a particular illustrative example, the encoder
120 may be configured to compare the difference 124 with a first threshold. The
encoder may be configured to adjust the second frame and the fourth frame of the target
channel by selecting at least one interpolation method among the Sinc interpolation, the
Lagrange interpolation, or the hybrid interpolation in response to the determination that
the difference 124 between the first mismatch value and the second mismatch value is
less than a first threshold. The encoder 120 may alternatively adjust the second frame
and the fourth frame of the target channel by using the overlap and add interpolation in

response to the determination that the difference exceeds the first threshold.

[0058] A first particular example of adjusting samples based on the difference 124 is
illustrated in FIG. 2. FIG. 2 includes a diagram 200 that illustrates the first samples
116, the second samples 118, and the adjusted samples 128. The samples illustrated in
FIG. 2 include the first samples 116 that correspond to the first audio signal 142 and the
second samples 118 that correspond to the second audio signal 146. Each of the frames
of the audio signals 142 and 146 may correspond to a particular number of samples, or
to a particular duration of time and a particular sample rate. In the particular example
illustrated in FIG. 2, each frame includes 640 samples that are sampled at a particular
sampling rate (e.g., 32 kilo-Hertz (kHz)), which corresponds to 20 milliseconds (ms).

In other implementations, frames may include fewer than 640 or more than 640
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samples. As an example, each frame may include 960 samples that are sampled at 48

kHz, which may correspond to 20 ms.

[0059] As described above, the first audio signal 142 may be the reference channel, and
the second audio signal 146 may be the target channel. The second audio signal 146
may be received at a delay relative to the first audio signal 142. The shift estimator 121
may determine the first mismatch value 112 (or interchangeably a first shift value 112)
and the second mismatch value 114 (or interchangeably a second shift value 114) that
are used to temporally align frames of the first audio signal 142 and the second audio
signal 146. In the particular example illustrated in FIG. 2, the first mismatch value 112
(Tprev) is two and the second mismatch value 114 (T) is three. In order to temporally
align a first frame 202 of the first audio signal 142 with a second frame 204 of the
second audio signal 146, a group of the second samples 118 corresponding to the
second frame 204 are shifted by two samples. To illustrate, the shift estimator 121 may
receive an “input frame” (e.g., a first frame of the first audio signal 142 and a second
frame of the second audio signal 146) including samples 0-639 of each audio channel.
The shift estimator 121 may determine a mismatch value to temporally align the target
channel with the reference channel, and the shift estimator 121 may shift the target
channel by the mismatch value to generate a “shifted frame” that includes the first frame
of the reference channel and a shifted second frame of the target channel. For example,
samples 2-641 of the second samples 118 are aligned with samples 0-639 of the first
samples 116 to generate the shifted frame. In order to temporally align a third frame
206 of the first audio signal 142 with a fourth frame 208 of the second audio signal 146,
a group of the second samples 118 corresponding to the fourth frame 208 are shifted by
three samples. The shift estimator 121 may receive a second input frame (e.g., a third
frame of the first audio signal 142 and a fourth frame of the second audio signal 146)
including samples 640-1279 of each audio channel. The shift estimator 121 may
determine a second mismatch value to temporally align the target channel with the
reference channel, and the shift estimator 121 may shift the target channel by the
mismatch value to generate a second shifted frame that includes the third frame of the
reference channel and a shifted fourth frame of the target channel. For example,
samples 643-1282 of the second samples 118 are aligned with samples 640-1279 of the
first samples 116 to generate the second shifted frame. After generating the shifted

frame and the second shifted frame, the sample adjuster 126 may adjust samples of the
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second shifted frame to generate an adjusted second shifted frame to compensate for (or

conceal) a discontinuity between the shifted frame and the second shifted frame.

[0060] When the first mismatch value 112 and the second mismatch value 114 are
different, a discontinuity may exist at the boundary between the second frame 204 and
the fourth frame 208. If the second mismatch value 114 is greater than the first
mismatch value 112, one or more samples may be skipped. As shown in FIG. 2, sample
642 1s skipped due to the difference 124 (e.g., a one frame difference) between the
second mismatch value 114 and the first mismatch value 112. Thus, audio
corresponding to sample 642 may not be encoded by the encoder 120 as part of the
encoded channels 180. When the encoded channels 180 (with the discontinuity between
frames) are decoded and played back at the second device 160, a click, a pop, a hiss, or
another audio sound may be heard due to the missing sample. As the number of
samples that are skipped increases, the clicks and other audio sounds may become more

noticeable to a listener.

[0061] To compensate for (or to conceal) discontinuities between frames, the sample
adjuster 126 of the encoder 120 may adjust the second samples 118 based on the
difference 124. Adjusting the second samples 118 may include interpolating a portion
of the second samples 118 based on the difference 124 to generate the estimated
samples 210. For example, the sample adjuster 126 may interpolate a subset of the
second samples 118 that correspond to the fourth frame 208. Alternatively, the sample
adjuster 126 may interpolate a subset of the second samples 118 that correspond to the
second frame 204, or a subset of samples that correspond to the second frame 204 and
the fourth frame 208. The interpolation may be performed on a number of samples
corresponding to a spreading factor N_SPREAD. Interpolating the subset of samples to
generate the estimated samples 210 may spread out (e.g., smoothed out or slow-shifted)
the discontinuity over a number of samples corresponding to the spreading factor
N_SPREAD. In a particular implementation, a value of the spreading factor
N_SPREAD is less than a number of samples N in the corresponding frame (e.g., the
fourth frame 208). Alternatively, a value of the spreading factor N_SPREAD may be
equal to the number of samples N in the corresponding frame. In other alternatives, the
spreading factor N_SPREAD can be greater than N and spreading can be performed

over multiple frames. For example, a discontinuity between two frames (e.g., the
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second frame 204 and the fourth frame 208 in FIG. 2) may be spread out over multiple
frames using a spreading factor N_SPREAD having a value that is greater than N.
Using a large spreading factor N_SPREAD (e.g., N_SPREAD greater than or equal to
N) may increase the smoothness with which the discontinuity is spread out over the

samples.

[0062] In the example illustrated in FIG. 2, the value of the spreading factor
N_SPREAD is four samples. In other implementations, the value of the spreading
factor N_SPREAD may be fewer than four or more than four samples. In a particular
implementation, the value of the spreading factor N_SPREAD is 528 samples. The
spreading factor may be stored in the encoder 120 or the memory 110. In a particular
implementation, the spreading factor is a preprogrammed value that is selected (e.g.,
during manufacture or programming of the first device 102, during a software or
firmware installation or update, etc.) based on a target smoothness level of audio
channels or a target level of processing to be devoted to channel adjusting. To illustrate,
a high value for the spreading factor N_SPREAD may increase a smoothness of the
channel adjustment (e.g., the interpolation may be performed using a higher granularity)
while increasing the processing resources used to perform the channel adjustment, and a
low value for the spreading factor N_SPREAD may reduce the processing resources
used to perform the channel adjustment while reducing the smoothness of the channel

adjustment (e.g., the interpolation may be performed using a lower granularity).

[0063] In another particular implementation, a value of the spreading factor
N_SPREAD is based on an audio smoothness setting. For example, a user may select
an audio smoothness setting, and the spreading factor N_SPREAD may be determined
by the first device 102 (e.g., by the sample adjuster 126) based on the audio smoothness
setting. Additionally, or alternatively, the value of the spreading factor N_SPREAD
may be based on a frame type of the audio channels, a sample rate of the audio
channels, a pitch of the audio channels, past delay heuristics, or a combination thereof.
As an illustrative example, the spreading factor N_SPREAD may be varied between 64
samples and 580 samples based on the frame type, the sample rate, the pitch, the past
delay heuristics, or a combination thereof. In another particular implementation, a
threshold value of the difference D (e.g., between mismatch values of adjacent frames)

may be based on a frame type of the target channel. The encoder 120 may determine a
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frame type of the second audio signal 146 (e.g., the target channel) and the encoder 120
may ensure that a value of D does not exceed a particular threshold based on the frame
type. For example, the encoder 120 or the memory 110 may store a table (or other data
structure) that maps threshold values of D to frame types. The frame type may include
speech, music, noise, or other audio types. As a particular example, speech may be
associated with a threshold value of four (e.g., a difference between mismatch values of
adjacent frames of speech may not exceed four), music may be associated with a
threshold value of one (e.g., a difference between mismatch values of adjacent frames of
music may not exceed one), and noise may be associated with a threshold value of
twenty (e.g., a difference between mismatch values of adjacent frames of noise may not
exceed twenty). As an illustrative example where speech is associated with a threshold
value of four frames, if a previous frame has a mismatch value of one, a mismatch value
determined for a current frame does not exceed five, such that the difference between
the mismatch value of the current frame and the previous frame does not exceed four
frames (e.g., the threshold value associated with speech frames). Additionally, or
alternatively, the threshold value may be based on a periodicity of the audio channels, a
temporal/spectral sparseness of the audio channels, the frame type, or a combination

thereof.

[0064] To spread out the inter-frame discontinuity among samples of the fourth frame
208, the sample adjuster 126 generates the estimated samples 210, which include four
estimated samples in the example illustrated in FIG. 2. The estimated samples 210 are
generated by interpolating the last sample of the previous frame (e.g., sample 641 of the
second frame 204) and the first four samples of the current frame (e.g., the fourth frame
208). For example, the estimated samples 210 may include samples 642.w, 643 .x,
644.y, and 646.z. In a particular implementation, the estimated samples 210 may have
uniform spacing between estimated samples. In this implementation, the estimated
samples may be generated using an interpolation factor that is based on the following

Equation:
Interpolation factor = D/N_SPREAD Equation 4

[0065] where D is the difference between the current frame and the previous frame

(e.g., the difference 124), and where N_SPREAD is the spreading factor. As illustrated
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in FIG. 2, the estimated samples 210 may include estimations of samples 642.w, 643.x,
644.y, and 646.z. In an illustrative embodiment where the estimated samples are
uniformly spaced, D is one, N_SPREAD is four, and the interpolation factor is 1/4 (e.g.,
0.25). In this example, the estimated samples 210 include estimations of samples
642.25, 643.5, 644.75, and 646. When the difference 124 is positive (e.g., greater than
zero), the estimated samples 210 correspond to a lower sampling rate than the second
samples 118. For example, the estimated samples 210 are associated with a sampling
rate of 1.25, which is lower than the sampling rate of 1 associated with the second
samples 118. In other implementations (e.g., when D or N_SPREAD has a different
value), the estimated samples 210 (and other samples) may represent estimations of
other samples, such as fractional samples (e.g., samples between two existing samples,
such as 642.25, as an illustrative example). Alternatively, the estimated samples 210
may be associated with a non-uniform spacing. For example, a difference between the
samples w and x may be different than a difference between the samples x and y. As an
illustrative example, when the estimated samples 210 are associated with non-uniform
spacing, the estimated samples 210 may include estimations of samples 642.25, 643,

644.5, and 646.

[0066] The estimated samples 210 may include estimations of samples that are not
included in the second samples 118. To generate the estimated samples 210, the sample
adjuster 126 performs interpolation on the subset of the second samples 118 (e.g., the
number of samples indicated by the spreading factor N_SPREAD). In a particular
implementation, the interpolation includes a Sinc interpolation (e.g., a “Whittaker-
Shannon” interpolation). The Sinc interpolation may include any generally known
interpolation methods that are based on using a Sinc function or a minor variation of the
Sinc function. The Sinc interpolation may generate interpolation results that in theory
are identical to ideal interpolator results. However, complexity of the Sinc interpolation
tends to grow faster as the size of Sinc filter coefficients grow when the factor of
interpolation increases. Further, the Sinc interpolation may need multiple sets of filter
coefficients corresponding to a different interpolation factors. In this implementation,
the sample adjuster 126 (or the memory 110) may store multiple sets of filter
coefficients corresponding to different interpolation factors. The sample adjuster 126
may determine the interpolation factor (using Equation 4) and apply the corresponding

set of filter coefficients to the subset of samples to generate the estimated samples 210.
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If no set of filter coefficients exactly matches the determined interpolation factor, a
nearest-matching set of filter coefficients may be identified and used to generate the
estimated samples 210. Since the complexity of the Sinc interpolation, and therefore
processing resources used to perform the Sinc interpolation increases faster as a step
size used in the interpolation increases, the Sinc interpolation may be performed on a
small number of samples corresponding to a spreading factor N_SPREAD (e.g.,
N_SPREAD is four).

[0067] In another particular implementation, the interpolation includes a Lagrange
interpolation. In this implementation, the sample adjuster 126 performs Lagrange
interpolation based on the interpolation factor. The Lagrange interpolation may provide
better scalability to any interpolation factor than the Sinc interpolation because
interpolation logic is same irrespective of step size of interpolation operation. Further
the Lagrange interpolation may produce interpolation results that are pretty close to
theoretically ideal interpolator results. In this implementation, no filter coefficients are
stored within the sample adjuster 126 (or the memory 110). Because the Lagrange
interpolation does not use stored filter coefficients, the Lagrange interpolation may use

less processing resources than the Sinc interpolation.

[0068] In another particular implementation, the interpolation includes a hybrid
interpolation. The hybrid interpolation may use any combination of interpolation
techniques. As an illustrative example, the hybrid interpolation may include a
combination of a Sinc interpolation and a Lagrange interpolation. For example,
performing the hybrid interpolation may include performing a second-order or fourth-
order Sinc interpolation, followed by performing a Lagrange interpolation having a 64
sample precision. The hybrid interpolation may combine the precision of the Sinc
interpolation with the reduced processing and memory usage of the Lagrange
interpolation. In other implementations, other combinations of Sinc interpolations and
Lagrange interpolations are used. In other implementations, other methods of
interpolation or smoothing may be used, such as fractional delay filters, re-sampling, or

inter-frame overlapping.

[0069] In another particular implementation, the interpolation may be performed using

window fading. This interpolation method that is based on using window fading may be
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referred to as “overlap and add method” or “overlap and add sample
generation/adjustment” or simply “overlap and add interpolation.” To illustrate, the
sample adjuster 126 may determine that a first shift value of the target channel (with
respect to the reference channel) is equal to three samples (e.g., a three-sample shift)
and may store the first shift value in a first buffer. The sample adjuster 126 may
determine that a second shift value of the target channel is equal to four samples and
may store the second shift value in a second buffer. The final samples of the
interpolated target channel may be based on a weighted combination of the shift values
in the first and second buffers. For example, the final samples of the interpolated target
channel may be expressed as targetsing (n) = win(n) X target (n +3) + (1 —
win(n) X target (n + 4)), where, win(n) is a window function which smoothly
decreases from 1 to 0. Thus, the targetsing (0) = target (n + 3) and

targetsing (N) = target (n + 4), where N is the number of samples over which the
shift is adapted.

[0070] Compared to the Sinc interpolation, the Lagrange interpolation, or the hybrid
interpolation, the overlap and add interpolation requires less computation complexity
and also provides better flexibility because any window function, win(n), may be used
as long as the value of the window function smoothly varies from 1 to 0. Further, the
overlap and add interpolation may be suitable for smoothing over a large number of
samples corresponding to a spreading factor N_SPREAD (e.g., N_SPREAD is 640).
The details of the overlap and add interpolation is described below with reference to

FIGS. 7-9.

[0071] Thus, different modes of interpolation may be used according to the techniques
described herein. According to one implementation, a first mode of interpolation may
be used for a first portion of the set of target samples (e.g., the second samples 118), and
a second mode of interpolation may be used for a second portion of the set of target
samples. The first portion of the set of target samples may be associated with a first
target frame, and the second portion of the set of target samples may be associated with

a second target frame.

[0072] After generating the estimated samples 210, the sample adjuster 126 may replace

the subset of the samples 118 with the estimated samples 210 to generate the adjusted
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samples 128 (e.g., the second adjusted frame). In the adjusted samples 128, the
discontinuity between the second frame 204 and the fourth frame 208 is spread out over
the estimated samples 210. For example, instead of sample 641 being followed by
sample 643 (with sample 642 being skipped), sample 641 is followed by estimations of
samples 642.25, 643.5, 644.75, and 646. Spreading the one-frame difference out among
four frames (e.g., as a .25 frame difference in FIG. 2) reduces (or conceals) the inter-
frame discontinuity between the second frame 204 and the fourth frame 208. The
sample adjuster 126 may similarly adjust samples of the reference channel at each frame
boundary to reduce (or conceal) other inter-frame discontinuities. Thus, FIG. 2
illustrates an example of generating the adjusted samples 128 when the difference 124 is

positive (e.g., greater than zero) to avoid skipping samples between frames.

[0073] A second particular example of adjusting samples based on the difference 124 is
illustrated in FIG. 3. FIG. 3 includes a diagram 300 that illustrates the first samples
116, the second samples 118, and the adjusted samples 128. In the example illustrated
in FIG. 3, the difference 124 is negative (e.g., less than zero). The samples illustrated in
FIG. 3 include the first samples 116 that correspond to the first audio signal 142 and the
second samples 118 that correspond to the second audio signal 146. Each of the frames
of the audio signals 142 and 146 may correspond to a particular number of samples, or
to a particular duration of time and a particular sample rate. In the particular example
illustrated in FIG. 3, each frame includes 640 samples that are sampled at a particular
sampling rate (e.g., 32 kilo-Hertz (kHz)), which corresponds to 20 milliseconds (ms).
In other implementations, frames may include fewer than 640 or more than 640
samples. As an example, each frame may include 960 samples that are sampled at 48

kHz, which may correspond to 20 ms.

[0074] As described above, the first audio signal 142 may be the reference channel, and
the second audio signal 146 may be the target channel. The second audio signal 146
may be received at a delay relative to the first audio signal 142. The shift estimator 121
may determine the first mismatch value 112 and the second mismatch value 114 that are
used to temporally align frames of the first audio signal 142 and the second audio signal
146. In the particular example illustrated in FIG. 3, the first mismatch value 112
(Tprev) is three and the second mismatch value 114 (T) is one. In order to temporally

align a first frame 302 of the first audio signal 142 with a second frame 304 of the



WO 2019/055347 PCT/US2018/050265

30

second audio signal 146, a group of the second samples 118 corresponding to the
second frame 304 are shifted by three samples. To illustrate, the shift estimator 121
may receive an input frame (e.g., a first frame of the first audio signal 142 and a second
frame of the second audio signal 146) including samples 0-639 of each audio signal.
The shift estimator 121 may determine a mismatch value to temporally align the target
channel with the reference channel, and the shift estimator 121 may shift the target
channel by the mismatch value to generate a “shifted frame” that includes the first frame
of the reference channel and a shifted second frame of the target channel. For example,
samples 3-642 of the second samples 118 are aligned with samples 0-639 of the first
samples 116 to generate the shifted frame. The shift estimator 121 may receive a
second input frame (e.g., a third frame of the first audio signal 142 and a fourth frame of
the second audio signal 146) including samples 640-1279 of each audio signal. The
shift estimator 121 may determine a second mismatch value to temporally align the
target channel with the reference channel, and the shift estimator 121 may shift the
target channel by the mismatch value to generate a second shifted frame that includes
the third frame of the reference channel and a shifted fourth frame of the target channel.
In order to temporally align a third frame 306 of the first audio signal 142 with a fourth
frame 308 of the second audio signal 146, a group of the second samples 118
corresponding to the fourth frame 208 are shifted by one sample. For example, samples
641-1280 of the second samples 118 are aligned with samples 640-1279 of the first
samples 116 to generate the second shifted frame. After generating the shifted frame
and the second shifted frame, the sample adjuster 126 may adjust samples of the second
shifted frame to generate an adjusted second shifted frame to compensate for (or

conceal) a discontinuity between the shifted frame and the second shifted frame.

[0075] As described above, when the first mismatch value 112 and the second
mismatch value 114 are different, a discontinuity may exist at the boundary between the
second frame 304 and the fourth frame 308. If the second mismatch value 114 is less
than the first mismatch value 112, one or more samples may be repeated. As shown in
FIG. 3, samples 641 and 642 are repeated due to the difference 124 (e.g., a two frame
difference) between the second mismatch value 114 and the first mismatch value 112.
Thus, audio corresponding to samples 641 and 642 may not be encoded twice by the
encoder 120 as part of the encoded signals 180. When the encoded signals 180 (with

the encoding of the repeated samples) are decoded and played back at the second device
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160, a click, a pop, a hiss, or another audio sound may be heard due to the missing
sample. As the number of samples that are repeated increases, the clicks and other

audio sounds may become more noticeable to a listener.

[0076] To compensate for (or to conceal) discontinuities between frames, the sample
adjuster 126 of the encoder 120 may adjust the second samples 118 based on the
difference 124. Adjusting the second samples 118 may include interpolating a portion
of the second samples 118 based on the difference 124 to generate the estimated
samples 310. For example, the sample adjuster 126 may interpolate a subset of the
second samples 118 that correspond to the fourth frame 308. Alternatively, the sample
adjuster 126 may interpolate a subset of the second samples 118 that correspond to the
second frame 304, or a subset of samples that correspond to the second frame 304 and
the fourth frame 308. The interpolation may be performed on a number of samples
corresponding to a spreading factor N_SPREAD. Interpolating the subset of samples to
generate the estimated samples 310 may spread out (e.g., smoothed out or slow-shifted)
the discontinuity over a number of samples corresponding to the spreading factor M. In
the example illustrated in FIG. 3, the value of the spreading factor N_SPREAD is four
samples. In other implementations, the value of the spreading factor N_SPREAD may

be fewer than four or more than four samples.

[0077] To spread out the inter-frame discontinuity among samples of the fourth frame
308, the sample adjuster 126 generates the estimated samples 310, which include four
estimated samples in the example illustrated in FIG. 3. The estimated samples 310 are
generated by interpolating the last sample of the previous frame (e.g., sample 642 of the
second frame 304) and the first four samples of the current frame (e.g., the fourth frame
308). For example, the estimated samples 310 may include samples 642.w, 643 .x,
643.y, and 644.z. In a particular implementation, the estimated samples 310 may have
uniform spacing between estimated samples. In this implementation, the estimated
samples may be generated using an interpolation factor that is based on Equation 4. As
illustrated in FIG. 3, the estimated samples 310 may include estimations of samples
642.w, 643.x, 643.y, and 644.z. In an illustrative embodiment where the estimated
samples are uniformly spaced, D is two, N_SPREAD is four, and the interpolation
factor is 2/4 (e.g., 0.5). In this example, the estimated samples 310 include estimations

of samples 642.5, 643, 643.5, and 644. When the difference 124 is negative (e.g., less
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than zero), the estimated samples 310 correspond to a higher sampling rate than the
second samples 118. For example, the estimated samples 310 are associated with a
sampling rate of .5, which is higher than the sampling rate of 1 associated with the
second samples 118. Alternatively, the estimated samples 310 may be associated with a
non-uniform spacing, and the estimated samples 310 may include different values (e.g.,

values for w, x, y, and z) than described above.

[0078] After generating the estimated samples 310, the sample adjuster 126 may replace
the subset of the samples 118 with the estimated samples 310 to generate the adjusted
samples 128 (e.g., the second adjusted frame). In the adjusted samples 128, the
discontinuity between the second frame 304 and the fourth frame 308 is spread out over
the estimated samples 310. For example, instead of samples 641 and 642 being
repeated after sample 642, sample 642 is followed by estimations of samples 642.5,
643, 643.5, and 644. Spreading the two-frame difference out among four frames (e.g.,
as a .5 frame difference in FIG. 3) reduces (or conceals) the inter-frame discontinuity
between the second frame 304 and the fourth frame 308. The sample adjuster 126 may
similarly adjust samples of the reference channel at each frame boundary to reduce (or
conceal) other inter-frame discontinuities. Thus, FIG. 3 illustrates an example of
generating the adjusted samples 128 when the difference 124 is negative (e.g., less than

zero) to avoid repeating samples between frames.

[0079] Returning to FIG. 1, after generation of the adjusted samples 128, the channel
generator 130 may generate the encoded channels based on the first samples 116 (e.g.,
samples of the reference channel) and the adjusted samples 128. The channel generator
130 may perform stereo encoding to generate a mid-channel and a side-channel (or side
channel parameters) based on the first samples 116 and the adjusted samples 128, and
the encoded channels 180 may include the mid-channel and the side-channel (or the side
channel parameters). In other examples, when the reference channel 142 is the target
channel and the target channel 146 is the reference channel, the first samples 116 may
be adjusted to generate the adjusted samples 128, and the channel generator 130 may
generate the encoded channels 180 based on the adjusted samples 128 and the second
samples 118 (e.g., samples of the reference channel). The encoded channels 180 may
be transmitted, via a network interface of the one or more interfaces 104, to the second

device 160 for decoding and playback at the second device 160.
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[0080] In a particular implementation, the encoder 120 may be configured to select one
of the first audio signal 142 and the second audio signal 146 as the reference channel
and to select one of the first audio signal 142 and the second audio signal 146 as the
target channel prior to time-shifting and adjusting the reference channel. For example,
the encoder 120 may include a reference channel designator configured to select one of
the first audio signal 142 and the second audio signal 146 as the reference channel and
to select the other of the first audio signal 142 and the second audio signal 146 as the
target channel for a first time period based on the first mismatch value 112. The
reference channel designator may also be configured to select one of the first audio
signal 142 and the second audio signal 146 as the reference channel and to select the
other of the first audio signal 142 and the second audio signal 146 as the reference
channel for a second time period based on the second mismatch value 114. Selection of

the reference channel and the target channel is further described with reference to FIG.

6.

[0081] The first device 102 may transmit additional information along with the encoded
signals 180. As an example, the first device 102 may transmit mismatch values 182 to
the second device 160. The mismatch values 182 may include “non-causal” mismatch
values that are determined based on the first mismatch value 112 and the second
mismatch value 114. For example, the mismatch values 182 may include a first non-
causal mismatch value that represents an unsigned version of the first mismatch value
112 (e.g., aresult of an absolute value operation performed on the first mismatch value
112). The mismatch values 182 may also include a second non-causal mismatch value
that represents an unsigned version of the second mismatch value 114 (e.g., a result of
an absolute value operation performed on the second mismatch value 114). As another
example, the first device 102 may transmit a reference channel indicator 184 to the
second device 160. A value of the reference channel indicator 184 may identify either
the first audio signal 142 or the second audio signal 146 as the reference channel. For
example, a first particular value (e.g., a logical zero value) of the reference channel
indicator 184 may indicate that the first audio signal 142 is the reference channel, and a
second particular value (e.g., a logical one value) of the reference channel indicator 184
may indicate that the second audio signal 146 is the reference channel. Additionally, or
alternatively, the first device 102 may transmit other values, such as gain parameters, to

the second device 160. The additional information (e.g., the mismatch values 182, the
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reference channel indicator 184, gain parameters, etc.) may be transmitted via the
network interface of the one or more interfaces 104 and may be used by the second

device 160 to decode the encoded signals 180.

[0082] The second device 160 may include a decoder 162. The second device 160 may
include additional components, such as a processor, a memory, one or more interfaces, a
transmitter, a receiver, a transceiver, or a combination thereof, which are not illustrated
for convenience. The decoder 162 may be configured to decode the encoded channels
180 and to render multiple audio channels for playback at the second device 160. In a
particular implementation, decoding the encoded channels 180 includes up-mixing the
encoded channels 180. The second device 160 may be coupled to a first speaker 170, a
second speaker 174, or both, to enable playback of the audio channels. For example, the
decoder 162 may generate a first output channel 172 for playback via the first speaker
170, and the decoder 162 may generate a second output channel 176 for playback via
the second speaker 174.

[0083] In the example illustrated in FIG. 1, adjustment (e.g., smoothing or slow-shifting
or interpolation) of the target channel is described as being performed by the encoder
120 of the first device 102. In other implementations, the adjustment of audio channels
may be performed by the decoder 162 of the second device 160. Details regarding

target channel adjustment at a decoder are further described with reference to FIG. 4.

[0084] During operation, the first device receives the first audio signal 142 from the
first microphone 140 and the second audio signal 146 from the second microphone 144
via the one or more interfaces 104. The first device 102 may generate the first samples
116 and the second samples 118 based on the first audio signal 142 and the second
audio signal 146, respectively. The second audio signal 146 may be delayed relative to
the first audio signal 142 due to a location of the sound source 150 (e.g., when the sound
source 150 is closer to the first microphone 140 than to the second microphone 144).
The encoder 120 may be configured to identify the first audio signal 142 as a reference
channel and the second audio signal 146 as a target channel based on the second audio
signal 146 being delayed relative to the first audio signal 142. Alternatively, if the first
audio signal 142 is delayed relative to the second audio signal 146 (e.g., if the sound

source 150 is closer to the second microphone 144 than to the first microphone 140), the
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encoder 120 may identify the first audio signal 142 as the target channel and the second
audio signal 146 as the reference channel. Additional details of identification of the

target channel and the reference channel are described with reference to FIGS. 5-6.

[0085] After the second audio signal 146 is identified as the target channel, the shift
estimator 121 of the encoder 120 may determine the first mismatch value 112 and the
second mismatch value 114. The first mismatch value 112 may be indicative of a shift
of a first frame of the first audio signal 142 relative to a second frame of the second
audio signal 146, and the second mismatch value 114 may be indicative of a shift of a
third frame of the first audio signal 142 relative to a fourth frame of the second audio
signal 146. The mismatch values 112 and 114 may be stored in the memory 110 and
used to shift the second samples 118 (or the first samples 116 if the first audio signal
142 is the target channel). Additionally, the first mismatch value 112 and the second
mismatch value 114 may be provided to the comparator 122 of the encoder 120. The
comparator 122 may determine the difference 124 between the first mismatch value 112
and the second mismatch value 114. The sample adjuster 126 may receive the
difference 124 and the second samples 118 (or the first samples 116 if the first audio
signal 142 is the target channel), and the sample adjuster 126 may adjust the second
samples 118 based on the difference 124. For example, the sample adjuster 126 may
interpolate a subset of the second samples 118 based on the difference 124 to generate
estimated samples, and the sample adjuster 126 may replace the subset of the second
samples 118 with the estimated samples to generate the adjusted samples 128. If the
difference 124 is positive, the estimated samples may conceal one or more skipped
samples (as described with reference to FIG. 2), and if the difference 124 is negative,
the estimated samples may conceal one or more repeated samples (as described with

reference to FIG. 3).

[0086] The channel generator 130 of the encoder 120 may receive the adjusted samples
128 and may generate the encoded channels 180 (e.g., at least one encoded channel)
based on the adjusted samples 128 and the first samples 116. In a particular
implementation, the encoded channels 180 include a mid-channel and a side-channel.
The encoded channels 180 may be transmitted from the first device 102 (e.g., using a
network interface of the one or more interfaces 104) to the second device 160 via the

network 152. Additional information, such as the mismatch values 182 and the
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reference channel indicator 184 may also be transmitted to the second device 160. The
second device 160 may receive the encoded channels 180 (and the additional
information), and the decoder 162 may decode the encoded channels 180 to generate the
first output channel 172 and the second output channel 176. For example, the decoder
162 may decode and up mix the encoded channels 180 to generate the output channels
172 and 176. The first output channel 172 may be output by the first speaker 170, and
the second output channel 176 may be output by the second speaker 174.

[0087] The system 100 of FIG. 1 enables compensation for (or concealment of) inter-
frame discontinuities caused by time-shifting a reference channel. For example, by
generating the adjusted samples 128 based on the difference 124 between the first
mismatch value 112 and the second mismatch value 114, the second audio signal 146
may be adjusted to spread out (e.g., smooth or slow-shift) an inter-frame discontinuity
over a number of estimated samples. Spreading out the discontinuity may reduce a
difference between a pair of samples of the second samples 118 (e.g., samples of the
target channel) as compared to skipping or repeating one or more samples. Adjusting
the samples of the target channel to reduce (or conceal) inter-frame discontinuities may
result in a higher quality encoded channel while maintaining the increased number of
bits used to encode the mid-channel due to time-shifting the target channel. When the
encoded channels 180 are decoded and played back at the second device 160, clicks or
other audio sounds caused by the inter-frame discontinuities may be reduced (or
eliminated), thereby enhancing a clarity of decoded output channels and enhancing a

listener’s experience.

[0088] In the above description, various functions performed by the system 100 of FIG.
1 are described as being performed by certain components. This division of
components is for illustration only. In an alternate implementation, a function
performed by a particular component may instead be divided amongst multiple
components. Moreover, in an alternate implementation, two or more components of
FIG. 1 may be integrated into a single component. Each component 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 DSP, a controller, etc.),

software (e.g., instructions executable by a processor), or a combination thereof.
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[0089] Referring to FIG. 4, a diagram of a second particular implementation of a system
that includes a device configured to adjust audio samples based on a difference between
mismatch values is shown and generally designated 400. The system 400 may represent
an alternate implementation of the system 100 of FIG. 1 where a decoder performs
channel adjusting to reduce (or conceal) inter-frame discontinuities. The system 400
may include the first device 102, the second device 160, the network 152, the first
microphone 140, the second microphone 144, the sound source 150, the first speaker

170, and the second speaker 174 of FIG. 1.

[0090] In FIG. 4, the first device 102 includes the memory 110, an encoder 402, and the
one or more interfaces 104. The encoder 402 may be configured to time-shift a target
channel (e.g., one of the first audio signal 142 and the second audio signal 146) to
temporally align the audio signals 142 and 146, similar to the encoder 120 described
with reference to FIG. 1. Additionally, the encoder 402 may be configured to generate
the encoded channels 180 and to transmit the encoded channels 180 (and additional
information, such as the mismatch values 182 and the reference channel indicator 184)
to the second device 160 via the network 152. In the example illustrated in FIG. 4, the
encoder 402 may not adjust the target channel to reduce (or conceal) inter-frame

discontinuities prior to generating the encoded channels 180.

[0091] The second device 160 includes a memory 410 and a decoder 420. The decoder
420 may include a comparator 422, a sample adjuster 426, and an output generator 430.
The memory 410 may store the first mismatch value 112, the second mismatch value
114, first samples 412, and second samples 414. The second device 160 may be
configured to receive the mismatch values 182 and to store the first mismatch value 112
and the second mismatch value 114 in the memory 410. The second device 160 may be
configured to receive the encoded channels 180, and the decoder 420 may be configured
to decode the encoded channels 180 to generate first samples 412 and second samples
414. For example, the decoder 420 may decode and up-mix the encoded channels 180
to generate the samples 412 and 414. In a particular implementation, the first samples
412 may correspond to the first audio signal 142 after decoding, and the second samples
414 may correspond to the second audio signal 146 after decoding. Alternatively, the
first samples 412 may correspond to samples of the mid-channel, and the second

samples 414 may correspond to samples of the side-channel.
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[0092] The decoder 420 may be configured to adjust a target channel (e.g., the first
samples 412 or the second samples 414) to compensate for (or conceal) an inter-frame
discontinuity. To illustrate, the comparator 422 may be configured to determine a
difference (‘““a variation”) 424 between the first mismatch value 112 and the second
mismatch value 114, similarly to the comparator 122 of FIG. 1. The sample adjuster 426
then may be configured to adjust the samples based on the difference (“the variation™)
424 at the decoder 162 420. The difference 424 may indicate a change in mismatch
values between the adjacent frames, which may result in an inter-frame discontinuity if

the target channel is not adjusted.

[0093] The sample adjuster 426 may be configured to identify the target channel and to
adjust samples of the target channel based on the difference 424. For example, the
sample adjuster 426 may identify the first samples 412 or the second samples 414 as
corresponding to the reference channel based on the reference channel indicator 184.
When the reference channel indicator 184 has a first particular value (e.g., a value that
indicates that the second audio signal 146 is the target channel), the sample adjuster 426
may identify the second samples 414 as corresponding to the target channel and identify
the first samples 412 as corresponding to the reference channel. When the reference
channel indicator 184 has a second particular value (e.g., a value that indicates that the
first audio signal 142 is the target channel), the sample adjuster 426 may identify the
first samples 412 as corresponding to the target channel and identify the second samples

414 as corresponding to the reference channel.

[0094] The sample adjuster 426 may be configured to adjust the samples corresponding
to the target channel after identifying the target channel. For example, the sample
adjuster 426 may identify the second samples 414 as corresponding to the target
channel, and the sample adjuster 426 may adjust the second samples 414 to generate
adjusted samples 428. To adjust the second samples 414, the sample adjuster 426 may
be configured to interpolate a subset of the second samples 414 based on the difference
424 to generate estimated samples, and the sample adjuster 426 may be further
configured to replace the subset of sample with the estimated samples to generate
adjusted samples 428. When the difference 424 is negative, the sample adjuster 426

may interpolate at least one sample from a previous frame and samples of the subset of
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samples to avoid repetition of one or more samples, as described with reference to FIG.

3.

[0095] When the difference 424 is positive, the sample adjuster 426 may interpolate at
least one sample of a previous frame and the subset of samples to avoid skipping one or
more samples. Because of the time-shifting performed by the encoder 402, one or more
samples may have been skipped and therefore omitted from the encoded channels 180,
as described with reference to FIG. 2. The sample adjuster 426 may identify the number
of samples skipped between frames based on the difference 424, and the sample adjuster
426 may interpolate the samples that are available after decoding to generate the
estimated samples. Because one or more samples are not encoded by the encoder 402,
in some implementations the interpolation performed by the decoder 420 may be less
precise (e.g., have a coarser granularity) than the interpolation performed by the

encoded 120 of FIG. 1.

[0096] In an alternate implementation, the encoder 402 may be configured to identify
when one or more samples are skipped due to time-shifting the target channel. The
encoder 402 may be configured to transmit the skipped one or more samples as
additional samples 440 to the second device 160. The sample adjuster 426 may use the
additional samples 440, as well as at least one sample of the previous frame and the
subset of samples to generate the estimated samples. Estimated samples generated
based on the additional samples 440 may have the same precision (e.g., the same

granularity) as the estimated samples generated by the sample adjuster 126 of FIG. 1.

[0097] During operation, the encoder 402 of the first device 102 time-shifts a target
channel (e.g., one of the first audio signal 142 and the second audio signal 146) to
temporally align the target channel with a reference channel (e.g., the other of the first
audio signal 142 and the second audio signal 146). The encoder 402 generates the
encoded signals 180 based on the reference channel and the time-shifted target channel,
and the first device 102 transmits the encoded audio signals, the mismatch values 182,

and the reference channel indicator 184 to the second device 160 via the network 152.

[0098] The second device 160 receives the encoded channels 180 and the decoder 420
decodes the encoded channels 180 to generate the first samples 412 and the second

samples 414. In a particular implementation, the encoded channels 180 are stereo
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encoded and include a mid-channel and a side-channel. The comparator 422 determines
the difference 424 between the first mismatch value 112 and the second mismatch value
114. The sample adjuster 426 identifies the samples (of the first samples 412 and the
second samples 414) that correspond to the target channel based on the reference
channel indicator 184, and the sample adjuster 426 adjusts the samples of the target
channel based on the difference 424. For example, the sample adjuster 426 may
interpolate (e.g., using a Sinc interpolation, a Lagrange interpolation, a hybrid
interpolation, an overlap and add interpolation, or other interpolation) a subset of the
second samples 414 (when the second samples 414 correspond to the target channel) to
generate estimated samples, and the sample adjuster 426 may replace the subset of
samples with the estimated samples to generate the adjusted samples 428. In another
implementation, the sample adjuster 426 may select a particular interpolation method
among a plurality of interpolation methods based on the difference 424. As a particular
illustrative example, the sample adjuster 426 at the decoder 420 may compare the
difference 424 with a second threshold. The sample adjuster 426 may adjust the subset
of the second samples 414 (when the second samples 414 correspond to the target
channel) by selecting at least one interpolation method among the Sinc interpolation, the
Lagrange interpolation, or the hybrid interpolation in response to the determination that
the difference 424 is less than the second threshold. The sample adjuster 426 may
alternatively adjust the subset of the second samples 414 by using the overlap and add
interpolation in response to the determination that the difference 424 exceeds the second

threshold.

[0099] The second threshold may be a predetermined value, or it may be determined by
a decoder. In one particular implementation, the decoder may determine the second
threshold based on information included, or derived from, the bitstream from the first
device 102. Alternatively, the decoder may determine the second threshold based on a
frame type of the first audio channel or the second audio channel. The frame type may
include speech, music, noise, or other frame types that may indicate a characteristic of a
particular frame of any audio channels. Alternatively, the frame type may correspond to
information indicating a suitable coding mode for a particular frame of any of the first
or the second audio channels. In a particular implementation, the second threshold may
be based on a target smoothness level of any audio channels, or on a smoothing factor

indicating smoothness setting of cross-correlation value.
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[0100] The interpolation selected by a decoder may be different from the interpolation
selected by an encoder. As a non-limiting example, the sample adjuster 426 at the
decoder 162 420 may select “the overlap and add interpolation” whilst the sample
adjuster 126 at the encoder 120 402 may select “the hybrid interpolation.” Selecting
different interpolations method between a decoder and an encoder may be contributed
by a number of factors. For example, the difference (“the variation™) between a first
mismatch value (e.g., for frame N-1) and a second mismatch value (e.g., for frame N) at
the decoder 162 420 may not be identical to the difference (“the variation™) between a
third mismatch value (e.g., for frame N-1) and a fourth mismatch value (e.g., for frame
N) at the encoder 120 402. This discrepancy may be caused by loss of any frame (e.g.,
frame N-1 or frame N or any other preceding frames) during transmission over the
network 152. In some implementations, this discrepancy may be caused by different
direction of shift. For example, the encoder 120 402 may perform a “non-causal shift”
by which a delayed target channel is “pulled back” in time such that the target channel
is aligned (e.g., maximally aligned) with a “reference” channel, whereas the decoder
162 420 may perform a “causal shift” by which a leading reference channel is “pulled
forward” in time such that the reference channel is aligned (e.g., maximally aligned)

with a delayed “target” channel.

[0101] Having different thresholds between a decoder and an encoder may be another
factor causing the selection of different interpolations method between the decoder and
the encoder. For example, a threshold (e.g., a second threshold) used to select a
particular interpolation method among a plurality of interpolation methods at the second
device 160 (e.g., the decoder 420 or the sample adjuster 426) may be different from a
threshold (e.g., a first threshold) used to select a particular interpolation method among
a plurality of interpolation methods at the first device 102 (e.g., the encoder 120 402 or
sample adjuster 126). In one implementation, the first threshold (or the second
threshold) may be determined based on a target smoothness level of audio channels or a
target level of processing to be devoted to channel adjusting. Alternatively, the first
threshold (or the second threshold) may be determined based on a smoothing factor
indicating smoothness setting of cross-correlation value. In other implementations, the
first threshold (or the second threshold) may be determined based on a frame type of the
first audio channel or the second audio channel. As a particular non-limiting example,

the frame type may include speech, music, noise, or other frame types that may indicate
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a characteristic of a particular frame of the first audio channel or the second audio
channel. Alternatively, frame type may correspond to information indicating a suitable
coding mode for any particular frame of the first audio channel or the second audio

channel.

[0102] Additionally, or alternatively, a decoder may be configured to select at least one
interpolation method among a plurality of interpolation methods based on a particular
method by which an encoder estimated a mismatch value (e.g., first shift value 112 or
second shift value 114). The information indicating a particular method of estimating a
mismatch value by the encoder 120 402 may be quantized and embedded in an encoded
bitstream. In some implementations, the encoder 120 402 (or shift estimator 121) may
estimate the first shift value 112 or the second shift value 114 either in a time-domain or
in a frequency domain (e.g., by a Discrete Fourier Transform (DFT), a Fast Fourier
Transform (FFT), or a Discrete-Time Fourier Transform (DTFT), or any other generally
known frequency domain transforms). As a non-limiting example, the sample adjuster
426 of the decoder 162 420 may select, based on information from the encoded
bitstream, an interpolation method such that the selected interpolation method is
identical to the interpolation method selected by the encoder 120 402, for instance, in
response to determination that the encoder estimated the first shift value 112 or the
second shift value 114 in a time-domain. In another non-limiting example, the sample
adjuster 426 of the decoder 162 420 may select, based on information from the encoded
bitstream, a particular interpolation method (e.g., a Sinc interpolation, a Lagrange
interpolation, a hybrid interpolation (e.g., a combination of Sinc interpolation and
Lagrange interpolation), or an overlap and add interpolation) in response to
determination that the encoder estimated the first shift value 112 or the second shift

value 114 in a frequency domain.

[0103] The output generator 430 may generate the first output channel 172 and the
second output channel 176 based on the first samples 412 and the adjusted samples 428.
For example, the output generator 430 may generate the first output channel 172 based
on the first samples 412, and the output generator 430 may generate the second output
channel 176 based on the second samples 414. The second device 160 may be
configured to provide the output channels 172 and 176 to the speakers 170 and 174,

respectively, for generating audio output.
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[0104] Thus, the system 400 of FIG. 4 enables a decoder to perform channel adjustment
to compensate for (or conceal) inter-frame discontinuities caused by time-shifting a
target channel. For example, the decoder 420 may decode the encoded channels 180
and the sample adjuster 426 of the decoder 420 may adjust a target channel (e.g., the
second output channel 176) to spread out an inter-frame discontinuity over multiple
samples. Spreading out the discontinuity may reduce (or eliminate) clicks or other
audio sounds caused by the discontinuity, thereby enhancing a clarity of decoded output

channels and enhancing a listener’s experience.

[0105] Referring to FIG. 5, a diagram of a system configured to encode multiple audio
channels using adjusted samples is shown and generally designated 500. The system
500 may correspond to the system 100 of FIG. 1. For example, the system 100, the first
device 102, the second device 160, or a combination thereof, may include one or more

components of the system 500.

[0106] The system 500 includes a channel pre-processor 502 coupled, via the shift
estimator 121, to an inter-frame shift variation analyzer 506, to a reference channel
designator 508, or both. The channel pre-processor 502 may be configured to receive
audio channels 501 (e.g., the reference channel 142 and the target channel 146 of FIG.
1) and to process the audio channels 501 to generate processed channels 530. For
example, the channel pre-processor 502 may be configured to down-sample or resample
the audio channels 501 to generate the processed channels 530. The shift estimator 121
may be configured to determine mismatch values (e.g., the first mismatch value 112 and
the second mismatch value 114) based on comparison(s) of the processed channels 530.
The inter-frame shift variation analyzer 506 may be configured to identify audio
channels as reference channels and target channels. The inter-frame shift variation
analyzer 506 may also be configured to determine a difference (e.g., the difference 124
of FIG. 1) between two mismatch values (e.g., the first mismatch value 112 and the
second mismatch value 114). The reference channel designator 508 may be configured
to select one audio channel as a reference channel (e.g., a channel that is not time-
shifted) and to select another audio channel as a target channel (e.g., a channel that is
time-shifted relative to the reference channel to temporally align the channel with the

reference channel).
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[0107] The inter-frame shift variation analyzer 506 may be coupled, via the sample
adjuster 126, to the gain parameter generator 513. As described with reference to FIG.
1, the sample adjuster 126 may be configured to adjust a target channel based on a
difference between mismatch values. For example, the sample adjuster 126 may be
configured to perform interpolation on a subset of samples to generate estimated
samples that are used to generate adjusted samples of the target channel. The gain
parameter generator 513 may be configured to determine a gain parameter of the
reference channel that “normalizes” (e.g., equalizes) a power level of the reference
channel relative to a power level of the target channel. Alternatively, the gain parameter
generator 513 may be configured to determine a gain parameter of the target channel
that normalizes (e.g., equalizes) a power level of the target channel relative to a power

level of the reference channel.

[0108] The reference channel designator 508 may be coupled to the inter-frame shift
variation analyzer 506, to the gain parameter generator 513, or both. The sample
adjuster 126 may be coupled to a midside generator 510, to the gain parameter generator
513, or to both. The gain parameter generator 513 may be coupled to the midside
generator 510. The midside generator 510 may be configured to perform encoding on
the reference channel and the adjusted target channel to generate at least one encoded
channel. For example, the midside generator 510 may be configured to perform stereo
encoding to generate a mid-channel 540 and a side-channel 542. In a particular
implementation, the midside generator 510 may include or correspond to the channel

generator 130 of FIG. 1.

[0109] The midside generator 510 may be coupled to a bandwidth extension (BWE)
spatial balancer 512, a mid BWE coder 514, a low band (LB) channel regenerator 516,
or a combination thereof. The LB channel regenerator 516 may be coupled to a LB side
core coder 518, a LB mid core coder 520, or both. The mid BWE coder 514 may be
coupled to the BWE spatial balancer 512, the LB mid core coder 520, or both. The
BWE spatial balancer 512, the mid BWE coder 514, the LB channel regenerator 516,
the LB side core coder 518, and the LB mid core coder 520 may be configured to
perform bandwidth extension and additional coding, such as low band coding and mid

band coding, on the mid-channel 540, the side-channel 542, or both. Performing
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bandwidth extension and additional coding may include performing additional channel

encoding, generating parameters, or both.

[0110] During operation, the channel pre-processor 502 may receive the audio channels
501. For example, the channel pre-processor 502 may receive the audio channels 501
from the one or more interfaces 104 of FIG. 1. The audio channels 501 may include the
first audio signal 142, the second audio signal 146, or both. In a particular
implementation, the audio channels 501 may include a left channel and a right channel.
In other implementations, the audio channels 501 may include other channels. The
channel pre-processor 502 may down-sample (or resample) the first audio signal 142
and the second audio signal 146 to generate the processed channels 530 (e.g., the
downsampled first audio signal 142 and the downsampled second audio signal 146).
The channel pre-processor 502 may provide the processed channels 530 to the shift

estimator 121.

[0111] The shift estimator 121 may generate mismatch values based on the processed
channels 530. For example, the shift estimator 121 may generate the second mismatch
value 114 based on a comparison of the processed channels 530 (e.g., a comparison of
the third frame of the downsampled first audio signal 142 to the fourth frame of the
downsampled second audio signal 146). In some implementations, the shift estimator
121 may generate tentative mismatch values, interpolated mismatch values, and “final”
mismatch values, as described with reference to FIG. 1, and the first mismatch value
112 and the second mismatch value 114 may correspond to final mismatch values. The
shift estimator 121 may provide the second mismatch value 114 (and other mismatch
values) to the inter-frame shift variation analyzer 506 and to the reference channel
designator 508. In a particular implementation, the second mismatch value 114 may be
provided as a non-causal mismatch value (NC_SHIFT_INDX) after performance of an
absolute value operation (e.g., the non-causal mismatch value may be an unsigned
version of the second mismatch value 114). The non-causal mismatch value may be

transmitted to other devices, as described with reference to FIG. 1.

[0112] In a particular implementation, the shift estimator 121 may prevent a next
mismatch value from having a different sign (e.g., positive or negative) than a current

mismatch value. For example, when the mismatch value for a first frame is negative
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and the mismatch value for a second frame is determined to be positive, the shift
estimator 121 may set the mismatch value for the second frame to be zero. As another
example, when the mismatch value for the first frame is positive and the mismatch value
for the second frame is determined to be negative, the shift estimator 121 may set the
mismatch value for the second frame to be zero. Thus, in this implementation, a
mismatch value for a current frame has the same sign (e.g., positive or negative) as a
mismatch value for a previous frame, or the mismatch value for the current frame is

ZET0.

[0113] The reference channel designator 508 may select one of the first audio signal
142 and the second audio signal 146 as a reference channel for a time period
corresponding to the third frame and the fourth frame. The reference channel designator
508 may determine the reference channel based on the second mismatch value 114. For
example, when the second mismatch value 114 is negative, the reference channel
designator 508 may identify the second audio signal 146 as the reference channel and
the first audio signal 142 as the target channel. When the second mismatch value 114 is
positive or zero, the reference channel designator 508 may identify the second audio
signal 146 as the target channel and the first audio signal 142 as the reference channel.
The reference channel designator 508 may generate the reference channel indicator 184
that has a value that indicates the reference channel. For example, the reference channel
indicator 184 may have a first value (e.g., a logical zero value) when the first audio
signal 142 is identified as the reference channel, and the reference channel indicator 184
may have a second value (e.g., a logical one value) when the second audio signal 146 is
identified as the reference channel. The reference channel designator 508 may provide
the reference channel indicator 184 to the inter-frame shift variation analyzer 506 and to
the gain parameter generator 513. Additionally, the reference channel indicator 184
(REF_CH_INDX) may be transmitted to other devices, as described with reference to
FIG. 1. In other implementations, a target channel designator (not shown) may generate

target channel indicator that has a value that indicates the target channel.

[0114] The inter-frame shift variation analyzer 506 may determine the difference 124
between the first mismatch value 112 and the second mismatch value 114. To illustrate,
the inter-frame shift variation analyzer 506 may receive the second mismatch value 114

from the shift estimator 121 after the second mismatch value 114 is determined (e.g.,
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generated), and the inter-frame shift variation analyzer 506 may access previous
mismatch values (e.g., in a buffer or other storage) to retrieve the previous mismatch
value (e.g., the first mismatch value 112). The inter-frame shift variation analyzer 506
may determine the difference 124 between the first mismatch value 112 and the second
mismatch value 114. In a particular implementation, the inter-frame shift variation

analyzer 506 includes the comparator 122 that determines the difference 124).

[0115] Additionally, the inter-frame shift variation analyzer 506 may identify an
adjusted target channel based on the reference channel indicator 184, the first mismatch
value 112 (Tprev), the second mismatch value 114 (T), and a previous target channel
536 (e.g., a previous adjusted target channel). To illustrate, as non-limiting examples,
the inter-frame shift variation analyzer 506 may determine the adjusted target channel

according to the following table:

Previous Shift | Current Previous Adjusted Target | Coded Target
(Tprev) Shift (T) | Coded Target Channel (of Channel (of
Channel Current Frame) Current
Frame)
NEG NEG CHAN_1 CHAN_1 CHAN_1
NEG ZERO CHAN_1 CHAN_1 CHAN_2
ZERO NEG CHAN_2 CHAN_1 CHAN_1
POS ZERO CHAN_2 CHAN_2 CHAN_2
POS POS CHAN_2 CHAN_2 CHAN_2
ZERO POS CHAN_2 CHAN_2 CHAN_2
Table 1

[0116] In Table 1, the previous shift (Tprev) corresponds to the first mismatch value

112, the current shift (T) corresponds to the second mismatch value 114, and the

previous coded target channel corresponds to the previous target channel 536. The
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coded target channel indicates an audio channel that is used for mid channel and side-
channel generation. The coded target channel may not be the same as the adjusted
target channel (e.g., the audio channel that is time shifted and adjusted to smooth out
inter-frame discontinuities). The adjusted target channel indicates the audio channel

that is to be adjusted by the sample adjuster 126.

[0117] As indicated by Table 1, the first audio signal 142 (“CHAN_17) is the adjusted
target channel and the coded target channel when the first mismatch value 112 (Tprev)
is negative, the second mismatch value 114 (T) is negative, and the previous coded
target channel is the first audio signal 142. The first audio signal 142 is also the
adjusted target channel and the coded target channel when the first mismatch value 112
is zero, the second mismatch value 114 is negative, and the previous coded target
channel is the second audio signal 146. The second audio signal 146 is the adjusted
target channel and the coded target channel when the first mismatch value 112 is
positive, the second mismatch value 114 is zero, and the previous coded target channel
is the second audio signal 146. The second audio signal 146 is also the adjusted target
channel and the coded target channel when the first mismatch value 112 is positive, the
second mismatch value 114 is positive, and the previous coded target channel is the
second audio signal 146. The second audio signal 146 is also the adjusted target
channel and the coded target channel when the first mismatch value 112 is zero, the
second mismatch value 114 is positive, and the previous coded target channel is the

second audio signal 146.

[0118] In some special cases, the adjusted target channel for the current frame and the
coded target channel for the current frame may be different. For example, when
mismatch value 112 114 is zero, the inter-frame shift variation analyzer 506 may treat
the mismatch value as if it is either positive shift (“positive zero”) or negative shift
(“negative zero”) depending on design preference. As a non-limiting example, Table 1
indicates the case where the inter-frame shift variation analyzer 506 is configured to
treat zero mismatch value as a positive zero. The first audio signal 142 is the adjusted
target channel and the second audio signal 146 is the coded target channel when the first
mismatch value 112 is negative, the second mismatch value 114 is zero, and the

previous coded target channel is the first audio signal 142. In this instance, the first
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audio signal 142 is to be adjusted by the sample adjuster 126 and the second audio

signal 146 is used to code mid channel and side-channels.

[0119] In some implementation, the shift estimator 121 or the inter-frame shift variation
analyzer 506 may allow a next mismatch value from having a different sign (e.g.,
positive or negative) than a current mismatch value. Then, the sample adjuster 126 may
need to adjust both the first audio signal 142 and the second audio signal 146 regardless
of which one of the two audio signals 142 146 was identified as the target channel. To
illustrate, Tprev may be negative and T may be positive. In this particular instance, the
previous coded target channel is the first audio signal 142 and the coded target channel
for the current frame is the second audio signal 146. However, the sample adjuster 126
may need to adjust both the first audio signal 142 and the second audio signal 146
because otherwise inter-frame discontinuities may occur at the frame boundaries
(between the previous frame and the current frame) of both the first audio signal 142

and the second audio signal 146.

[0120] Operation of the inter-frame shift variation analyzer 506 to determine the
adjusted target channel is illustrated by FIG. 6. FIG. 6 shows a diagram 600 of a
particular implementation of the inter-frame shift variation analyzer 506. The inter-
frame shift variation analyzer 506 may include an adjusted target channel determiner
602. The adjusted target channel determiner 602 may determine the adjusted target
channel in accordance with the state diagram 610. After determining the adjusted target
channel, the inter-frame shift variation analyzer 506 may set a value of a target channel

indicator 534 to identify (e.g., indicate) the adjusted target channel.

[0121] The state diagram 610 includes setting the target channel indicator 534 and the
reference channel indicator 184 to indicate the first audio signal 142, at state 612. The
state diagram 610 includes setting the target channel indicator 534 and the reference
channel indicator 184 to indicate the second audio signal 146, at state 614. If the first
mismatch value 112 has a value that is greater than or equal to zero and the second
mismatch value 114 has a value that is greater than or equal to zero, the inter-frame shift
variation analyzer 506 may remain in state 614. The inter-frame shift variation analyzer
506 may, in response to determining that the first mismatch value 112 is zero and that

the second mismatch value 114 has a negative value, transition from the state 614 to the
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state 612. For example, the inter-frame shift variation analyzer 506 may, in response to
determining that the first mismatch value 112 is zero and that the second mismatch
value 114 has a negative value, change the target channel indicator 534 from indicating
that the second audio signal 146 is the target channel to indicating that the first audio
signal 142 is the target audio signal. If the first mismatch value 112 is negative and the
second mismatch value 114 is less than or equal to zero, the inter-frame shift variation
analyzer 506 may remain in state 612. The inter-frame shift variation analyzer 506
may, in response to determining that the first mismatch value 112 has a negative value
and that the second mismatch value 114 is zero, transition from the state 612 to the state
614. For example, the inter-frame shift variation analyzer 506 may, in response to
determining that the first mismatch value 112 has a negative value and that the second
mismatch value 114 is zero, may change the target channel indicator 534 from
indicating that the first audio signal 142 is the target channel to indicating that the
second audio signal 146 is the target channel. Skilled in the art should be noted that
various transitions, depending on the value of the first mismatch value 112 and the
second mismatch value 114, between state 612 and state 614 in the state diagram 610
are presented only for an illustrative purpose and other transitions that are not included

in the state diagram 610 may still be permissible.

[0122] Returning to FIG. 5, after determining the adjusted target channel, the inter-
frame shift variation analyzer 506 generates the target channel indicator 534 that
indicates the adjusted target channel. For example, a first value (e.g., a logical zero
value) of the target channel indicator 534 may indicate that the first audio signal 142 is
the adjusted target channel, and a second value (e.g., a logical one value) of the target
channel indicator 534 may indicate that the second audio signal 146 is the adjusted
target channel. The inter-frame shift variation analyzer 506 may provide the target

channel indicator 534 and the difference 124 to the sample adjuster 126.

[0123] The sample adjuster 126 may adjust samples corresponding to the adjusted
target channel based on the difference 124 to generate the adjusted samples 128. The
sample adjuster 126 may identify whether the first samples 116 or the second samples
118 correspond to the adjusted target channel based on the target channel indicator 534.
Adjusting the target channel may include selecting a particular interpolation method

among a plurality of interpolation methods based on the difference 124. The plurality of
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interpolation methods may include a Sinc interpolation, a Lagrange interpolation, a
hybrid interpolation (e.g., a combination of Sinc interpolation and Lagrange
interpolation), an overlap and add interpolation, or another type of interpolation.
Adjusting the target channel may include performing an interpolation, based on the
selected interpolation method among the plurality of the interpolation methods, on a
subset of samples of the target channel to generate estimated samples, and replacing the
subset of samples with the estimated samples to generate the adjusted samples 128, as
described with reference to FIGS. 2-3 and as described below with reference to FIGS 6-
8. For example, the sample adjuster 126 may interpolate a subset of samples of the
target channel that correspond to frame boundaries that are repeated or skipped through
smoothing and slow-shifting to generate the adjusted samples 128. The smoothing and
slow-shifting may be performed based on Sinc interpolators, Lagrange interpolators,
hybrid interpolators, overlap and add interpolators, or a combination thereof. If the
difference 124 is zero, the adjusted samples 128 may be the same as the samples of the
target channel. The sample adjuster 126 may provide the adjusted samples 128 to the

gain parameter generator 513 and the midside generator 510.

[0124] The gain parameter generator 513 may generate a gain parameter 532 based on
the reference channel indicator 184 and the adjusted samples 128. The gain parameter
532 may normalize (e.g., equalize) a power level of the target channel relative to a
power level of the reference channel. Alternatively, the gain parameter generator 513
may receive the reference channel (or samples thereof) and determine the gain
parameter 532 that normalizes a power level of the reference channel relative to a power
level of the target channel. In some implementations, the gain parameter 532 may be
determined based on formulas 3a-3f. The gain parameter generator 513 may provide

the gain parameter 532 to the midside generator 510.

[0125] The midside generator 510 may generate the mid-channel 540, the side-channel
542, or both, based on the adjusted samples 128, the first samples 116, the second
samples 118, and the gain parameter 532. For example, the midside generator 510 may
generate the mid-channel 540 based on Equation 1a or Equation 1b, and the midside
generator 510 may generate the side-channel 542 based on Equation 2a or Equation 2b,

as described with reference to FIG. 1. The midside generator 510 may use the samples
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(of the first samples 116) that correspond to the reference channel in generating the mid-

channel 540 and the side-channel 542.

[0126] The midside generator 510 may provide the side-channel 542 to the BWE spatial
balancer 512, the LB channel regenerator 516, or both. The midside generator 510 may
provide the mid-channel 540 to the mid BWE coder 514, the LB channel regenerator
516, or both. The LB channel regenerator 516 may generate a LB mid channel 560
based on the mid-channel 540. For example, the LB channel regenerator 516 may
generate the LB mid channel 560 by filtering the mid-channel 540. The LB channel
regenerator 516 may provide the LB mid channel 560 to the LB mid core coder 520.
The LB mid core coder 520 may generate parameters (e.g., core parameters 571,
parameters 575, or both) based on the LB mid channel 560. The core parameters 571,
the parameters 575, or both, may include an excitation parameter, a voicing parameter,
etc. The LB mid core coder 520 may provide the core parameters 571 to the mid BWE
coder 514, the parameters 575 to the LB side core coder 518, or both. The core
parameters 571 may be the same as or distinct from the parameters 575. For example,
the core parameters 571 may include one or more of the parameters 575, may exclude
one or more of the parameters 575, may include one or more additional parameters, or a
combination thereof. The mid BWE coder 514 may generate a coded mid BWE channel
573 based on the mid-channel 540, the core parameters 571, or a combination thereof.
The mid BWE coder 514 may provide the coded mid BWE channel 573 to the BWE
spatial balancer 512.

[0127] The LB channel regenerator 516 may generate a LB side channel 562 based on
the side-channel 542. For example, the LB channel regenerator 516 may generate the
LB side channel 562 by filtering the side-channel 542. The LB channel regenerator 516
may provide the LB side channel 562 to the LB side core coder 518.

[0128] Thus, the system 500 of FIG. 5 generates encoded channels (e.g., the mid-
channel 540 and the side-channel 542) that are based on an adjusted target channel.
Adjusting the target channel based on a difference between mismatch values may
compensate for (or conceal) inter-frame discontinuities, which may reduce clicks or

other audio sounds during playback of the encoded channels.
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[0129] A third particular example of adjusting samples based on the difference 124 is
illustrated in FIG. 7. FIG. 7 includes a diagram 700 that illustrates the first samples 116,
the second samples 118, and the adjusted samples 128. The samples illustrated in FIG.
7 include the first samples 116 that correspond to the first audio signal 142 and the
second samples (before shifting) 118 and the second samples (after shifting) 118 that
correspond to the second audio signal 146. Each of the frames of the audio signals 142
and 146 may correspond to a particular number of samples, or to a particular duration of
time and a particular sample rate. In the particular example illustrated in FIG. 7, each
frame includes 640 samples that are sampled at a particular sampling rate (e.g., 32 kHz),
which corresponds to 20 milliseconds (ms). In other implementations, frames may

include fewer than 640 or more than 640 samples.

[0130] As described above, the first audio signal 142 may be the reference channel, and
the second audio signal 146 may be the target channel. The second audio signal 146
may be received at a delay relative to the first audio signal 142. In the particular
example illustrated in FIGS. 7-8, the first mismatch value 112 (Tprev) is 10 and the
second mismatch value 114 (T) is 120. In this particular example, the difference D, or
variation, between the first mismatch value 112 (Tprev = 10) and the second mismatch
value 114 (T = 120) is 110 (D = 110), which is substantially higher than the difference
(D =1) of the particular example illustrated in FIGS. 2-3.

[0131] In order to temporally align a first frame 702 of the first audio signal 142 with a
second frame 704 of the second audio signal 146, a group of the second samples 118
corresponding to the second frame 704 are shifted by ten samples. For example,
samples 10-649 of the second samples 118 are aligned with samples 0-639 of the first
samples 116 to generate a shifted second frame 703. In order to temporally align a third
frame 706 of the first audio signal 142 with a fourth frame 708 of the second audio
signal 146, a group of the second samples 118 corresponding to the fourth frame 708 are
shifted by 120 samples to generate a shifted fourth frame 707. For example, samples
760-1399 of the second samples 118 are aligned with samples 640-1279 of the first
samples 116 to generate the shifted fourth frame 707. After generating the shifted
second frame 703 and the shifted fourth frame 707, the sample adjuster 126 may adjust
samples of the shifted fourth frame 707 to generate an adjusted fourth frame 709 to
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compensate for (or conceal) a discontinuity between the shifted frame and the second

shifted frame.

[0132] When the first mismatch value 112 and the second mismatch value 114 are
different, a discontinuity may exist at the boundary between the second frame 704 and
the fourth frame 708. As shown in FIG. 7, samples 650-759 (120 samples) are skipped
due to the difference 124 (D = 110) between the second mismatch value (T) 114 and the
first mismatch value (Tprev) 112. Thus, if the encoder 120 skipped encoding audio
corresponding to samples 650-759, as in the case where no adjustment or smoothing
was performed, a click, a pop, a hiss, or another audio sound may be heard due to the
missing sample when the decoded the encoded channels 180 (with the discontinuity
between frames) are played back at the second device 160. In this particular example as
shown in FIG. 7, the clicks and other audio sounds may become even more noticeable

to a listener as the number of samples that are skipped (e.g., 110 samples) increases.

[0133] To compensate for (or to conceal) discontinuities between frames, the sample
adjuster 126 of the encoder 120 may adjust the second samples 118 based on the
difference (D = 110) 124. Adjusting the second samples 118 may include interpolating
a portion of the second samples 118 based on the difference 124 to generate the
estimated samples 710. For example, the sample adjuster 126 may interpolate a subset
of the second samples 118 that correspond to the fourth frame 708 and/or another subset
of the second samples 118 that correspond to the second frame 704. Alternatively, the
sample adjuster 126 may interpolate a subset of the second samples 118 that correspond
to a subset of samples that correspond to the fourth frame 708 and to another frame that

is immediately following the fourth frame 708 (e.g., samples 1280, 1281, ...).

[0134] The interpolation may be performed on a number of samples corresponding to a
spreading factor N_SPREAD. Interpolating the subset of samples to generate the
estimated samples 710 may spread out (e.g., smoothed out or slow-shifted) the
discontinuity over a number of samples corresponding to the spreading factor
N_SPREAD. In one preferred embodiment, the encoder 120 may be configured to
perform interpolation over a large number of samples (e.g., higher spreading factor
N_SPREAD) when the difference 124 between the second mismatch value (T) 114 and

the first mismatch value (Tprev) 112 is large. In another preferred embodiment, the
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encoder 120 may be configured to perform interpolation over a small number of

samples (e.g., smaller spreading factor N_SPREAD) when the difference 124 is small.

[0135] In FIG. 7, the difference 124 has quite a large value (D = 110), which introduces
about 120 samples of discontinuity (from a sample 650 to a sample 759) at a frame
boundary. Thus, it might be desirable to use a large spreading factor (e.g., N_SPREAD
is 640 samples), to increase the smoothness with which the discontinuity is spread out
over large number of samples. In this particular example, N_SPREAD is equal to 640,
which happens to be same a single frame size but N_SPREAD may be smaller or larger

than the frame size.

[0136] The large spreading factor (N_SPREAD = 640) of a particular example in FIG. 7
may be beneficial to reduce the clicks and other audio distortions caused by the large
discontinuity at the frame boundary. But it may increase the processing complexity
substantially including MIPS and memory usage required to perform the channel
adjustment. Due to the increased processing complexity, the encoder 120 may be
configured to select a particular interpolation based on the difference 124. As a
particular illustrative example, the encoder 120 may be configured to compare the
difference 124 (D = 110) with a first threshold, and the encoder 120 may be configured
to adjust a subset of the second samples 118 by using the overlap and add interpolation
in response to the determination that the difference 124 (D = 110) exceeds the first

threshold.

[0137] The first threshold that is to be compared with the difference D may be
determined based on a frame type of a subset of the first audio signal 142 or a subset of
the second audio signal 146. As a particular example, the encoder 120 may determine a
frame type of the second audio signal 146 (e.g., the target channel) and the encoder 120
may increase or decrease the first threshold based on the frame type. The frame type
may include speech, music, noise, or other audio types. To illustrate, speech may be
associated with a first threshold value of four (e.g., the encoder 120 may perform a first
interpolation if the difference 124 or the variation does not exceed four, and the encoder
120 may perform a second interpolation if the difference 124 or the variation exceeds
four), music may be associated with a threshold value of one, and noise may be

associated with a threshold value of twenty. Additionally, or alternatively, the first
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threshold value that is to be compared with the difference D may be determined based
on a periodicity of the audio channels 142 146, a temporal/spectral sparseness of the
audio channels 142 146, a smoothing factor indicating smoothness setting of cross-

correlation value, or a combination thereof.

[0138] Referring to FIG. 8, a particular illustrative example of an overlap and add
interpolation is shown and generally designated 800. FIG. 8 includes the second
samples 118 and the adjusted samples 128, and various intermediate samples such as
target [i14+10] vector 820, target [1+120] vector 830, Signal A 860, Signal B 8§70, and
Signal C 890. The diagram 800 shows, based on the same example values as in FIG. 7,

illustrative intermediate interpolation steps for the overlap and add interpolation.

[0139] To illustrate, the sample adjuster 126 may determine that a first mismatch value
112 (or a first shift value) of the first samples 116 (with respect to the second samples
118) is equal to 10 samples (Tprev = 10) and may store the first mismatch value 112 in
a first buffer. The sample adjuster 126 may determine that a second mismatch value
114 (or a second shift value) of the first samples 116 (with respect to the second
samples 118) is equal to 120 samples (T = 120) and may store the second shift value in
a second buffer. The sample adjuster 126 may also determine the difference D, or the
variation, between the first mismatch value 112 (Tprev = 10) and the second mismatch

value 114 (T = 120) is 110 (D = 110) as in FIG. 7.

[0140] In one preferred embodiment of the overlap and add interpolation, the final
samples of the interpolated target channel (e.g., the estimated samples 710 8§10) may be
based on a weighted combination of the shift values in the first and second buffers. For
example, the final samples of the interpolated target channel (e.g., the estimated samples

710 810) may be expressed as:

[0141] targetsing () = win(j) X target (i + 10) + (1 —win(j) X target (i +
120)), Equation 5

[0142] where i indicates a sample index in the buffer that may continue to increase over
a frame boundary 855 865 and j indicates another sample index within a frame
boundary 855 865, for example, in the range of [0, 639]. For ease of explanation, the

sample index i in Equation 5 is assumed to be in the range of [0, 639] for the second
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frame 804, and in the range of [640, 1279] for the fourth frame 808. In other
implementations, however, the sample index i may be in the range of [—640, —1] for
the second frame 804, and in the range of [0, 639] for the fourth frame 808. The length
of a first window function 840 and a second window function 850 may be preferably
same as the value of the spreading factor (e.g., N_SPREAD = 640). In this particular
example, the first window function 840 is win(j) and the second window function 850
is 1 — win(j). win(j) may be any window functions of which values are in the range
of 1 and 0. For example, the values of win(j) may start as 1 at the first index position
and end as O at any other index point other than the first index position (e.g., 0 at the last
index position). In some implementations, win(j) is a window function whose values
decrease from 1 to 0 smoothly or linearly. In other implementations, the window
function may be based on sinusoidal functions (e.g., a sine function or a cosine

function)) and its values between O and 1.0.

[0143] In accordance with Equation 5, the first window function 840 may be multiplied
with the target (i + 10) vector 820 to generate Signal A 840. The target (i + 10)
vector may have a length of 640 samples, starting with a first sample 650 (10 + 640) and
ending with a last sample 1289 (649 + 640). The second window function 850 may be
multiplied with the target (i + 120) vector 830 to generate Signal B 870. The

target (i + 120) vector have a length of 640 samples, starting with a first sample 760
(120 + 640) and ending with a last sample 1399 (759 + 640). Then, the Signal A 840
and Signal B 870 may be added to produce targetr;p,; vector (e.g., Signal C 890),
which will be used to generate the estimated samples 710 810. In some
implementations, the estimated samples 710 810 may be equal to the Signal C 8§90
(targetsing; vector in Equation 5), or alternatively the Signal C 890 may be scaled by a
scale factor or filtered by a filter to generate the estimated samples 710 810. In
summary, FIG. 8 illustrates a particular embodiment of the overlap and add
interpolation where the discontinuity over a frame boundary 855 (the frame boundary
between the second frame 804 and the fourth frame 808) is removed (The first sample
of the estimated samples 810 is a sample 650 and the last sample of the previous frame

is a sample 649) through smoothing or interpolation over the large spreading factor

(N_SPREAD = 640).
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[0144] Referring to FIG. 9, a flow chart of a particular illustrative implementation of a
method of encoding multiple audio channels using adjusted samples is shown and
generally designated 900. The method 900 may be performed by the first device 102 or
by the second device 160 of FIGS. 1 and 4, or by the system 500 of FIG. 5 as

illustrative, non-limiting examples.

[0145] The method 900 includes receiving, at a first device, a reference channel and a
target channel, at 902. The reference channel includes a set of reference samples, and
the target channel includes a set of target samples. For example, referring to FIG. 1, the
encoder 120 may receive the first audio signal 142 (e.g., a reference channel) from the
first microphone 140 and the second audio signal 146 (e.g., a target channel) from the
second microphone 144. The first audio signal 142 may include a set of reference
samples (e.g., the first samples 116), and the second audio signal 146 may include a set

of target samples (e.g., the second samples 118).

[0146] The method 900 includes determining, at a first device, a variation between a
first mismatch value and a second mismatch value, at 904. The first mismatch value
may be indicative of an amount of temporal mismatch between a first reference sample
of the set of reference samples and a first target sample of the set of target samples. The
second mismatch value may be indicative of an amount of temporal mismatch between
a second reference sample of the set of reference samples and a second target sample of
the set of target samples. For example, referring to FIG. 1, the comparator 122 may
determine the difference 124 (e.g., a variation) between the first mismatch value 112
and the second mismatch value 114. The first mismatch value 112 may be indicative of
an amount of temporal mismatch between a first reference sample (e.g., a first frame) of
the first samples 116 and a first target sample (e.g., a corresponding frame) of the
second samples 118. The second mismatch value 114 may be indicative of an amount
of temporal mismatch between a second reference sample (e.g., a second frame) of the
first samples 116 and a second target sample of the second samples 118. The second
reference sample may be subsequent to the first reference sample, and the second target

sample may be subsequent to the first target sample.

[0147] In a particular implementation, the first mismatch value 112 indicates a number

of samples that a frame of the second audio signal 146 is time-shifted relative to a



WO 2019/055347 PCT/US2018/050265

59

corresponding frame of the first audio signal 142, and the second mismatch value 114
indicates a number of samples that another frame of the second audio signal 146 is time-
shifted relative to a corresponding frame of the first audio signal 142. The first
mismatch value 112 may correspond to an amount of time delay between receipt of the
first frame via a first microphone 140 and receipt of the second frame via a second
microphone 144. For example, due to the sound source 150 being closer to the first
microphone 140 than to the second microphone 144, the second audio signal 146 may
be delayed relative to the first audio signal 142. In a particular implementation, the first
audio signal 142 includes one of a right channel signal or a left channel signal, and the
second audio signal 146 includes the other of the right channel signal or the left channel

signal. In other implementations, the audio signals 142 and 146 include other signals.

[0148] According to one implementation of the method 900, the variation may be a
value based at least on a reference channel indicator and a difference between the first
mismatch value and the second mismatch value. The variation may also be based on a

set of mismatch values over several sets of samples.

[0149] According to one implementation, the method 900 may include determining
whether to adjust the set of target samples based on the variation. Additionally, the
method 900 may include determining whether to adjust the set of target samples based
on a reference channel indicator. The method 900 may also include determining
whether to adjust the set of target samples based at least on energy of the reference
channel and an energy of the target channel. The method 900 may further include

determining whether to adjust the set of target samples based on a transient detector.

[0150] After determining to adjust the target samples based on one or more of the
techniques described above, the method 900 includes comparing, at the first device, the
variation with a first threshold, at 905. The step at 907 may determine whether the
variation exceeds the first threshold or not and may produce a comparison result. The
first threshold may be a preprogrammed value or may be selected or updated during
run-time execution based on a certain criterion. In one implementation, the first
threshold may be determined based on a target smoothness level of audio channels or a
target level of processing to be devoted to channel adjusting. Alternatively, the first

threshold may be determined based on a smoothing factor indicating smoothness setting
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of cross-correlation value. In other implementations, the first threshold may be
determined based on a frame type of the first audio channel or the second audio channel.
As a particular non-limiting example, the frame type may include speech, music, noise,
or other frame types that may indicate a characteristic of a particular frame of the first
audio channel or the second audio channel. Alternatively, frame type may correspond to
information indicating a suitable coding mode for any particular frame of the first audio

channel or the second audio channel.

[0151] The method 900 includes adjusting, at the first device, the set of target samples
based on the variation and based on the comparison to generate an adjusted set of target
samples, at 906. For example, referring to FIG. 1, the sample adjuster 126 may adjust
the second samples 118 based on the difference 124 to generate the adjusted samples
128 (e.g., adjusted target samples) in response to a comparison result from the step at
905. Adjusting the set of target samples at 906 may be performed by one or more of the
techniques described above. In some implementations, adjusting the set of target
samples at 906 may include performing a first interpolation on the set of target samples
based on the variation in response to the determination that the variation does not
exceed the first threshold. Additionally, adjusting the set of target samples at 906 may
include performing a second interpolation on the set of target samples based on the
variation in response to the determination that the variation exceeds the first threshold.
In one preferred embodiment, the first interpolation may be different from the second
interpolation. For example, the first interpolation may be one interpolation method
among a Sinc interpolation, a Lagrange interpolation, or a hybrid interpolation. The
second interpolation may be one among an overlap and add interpolation, or any other
interpolation techniques that are suitable for smoothing or interpolating over relatively a

large number of samples.

[0152] The method 900 includes generating, at the first device, at least one encoded
channel based on the set of reference samples and the adjusted set of target samples, at
908. For example, the signal generator 130 may generate the encoded channels 180
based on the first samples 116 and the adjusted samples 128. In a particular
implementation, the at least one encoded channel (e.g., the encoded channels 180)

includes a mid-channel, a side-channel, or both. For example, the channel generator
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130 (or the midside generator 510) may perform stereo encoding to generate the mid-

channel 540 and the side-channel 542.

[0153] The method 900 further includes transmitting the at least one encoded channel
from the first device to a second device, at 910. For example, the first device 102 may
transmit, via a network interface of the one or more interfaces 104, the encoded

channels 180 to the second device 160.

[0154] In a particular implementation, a first portion of the second samples 118 may be
time-shifted relative to a first portion of the first samples 116 by an amount that is based
on the first mismatch value 112, and a second portion of the second samples 118 may be
time-shifted relative to a second portion of the first samples 116 by an amount that is
based on the second mismatch value 114. For example, with reference to FIG. 2,
samples 2-641 of the second samples 118 may be time-shifted relative to samples 0-639
of the first samples 116, and samples 643-1282 of the second samples 118 may be time-
shifted relative to samples 640-1279 of the first samples 116. The number of samples
that are time shifted may be based on the first mismatch value 112 and the second

mismatch value 114.

[0155] In another particular implementation, determining the difference 124 may
include subtracting the first mismatch value 112 from the second mismatch value 114.
For example, the comparator 122 may be configured to subtract the first mismatch value
112 from the second mismatch value 114 to generate the difference 124. Additionally,
or alternatively, the method 900 includes generating the mid-channel 540 based on a
sum of the first samples 116 and the adjusted samples 128, and generating the side-
channel 542 based on a difference of the first samples 116 and the adjusted samples
128. For example, the channel generator 130 may generate the mid-channel 540 based
on a combination (e.g., a sum) of the first samples 116 and the adjusted samples 128,
and the channel generator 130 may generate the side-channel 542 based on a difference
between the first samples 116 and the adjusted samples 128. The encoded channels 180
may include the mid-channel 540 and the side-channel 542. Alternatively, the channel
generator 130 may generate the mid-channel 540 and one or more side channel

parameters.
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[0156] In another particular implementation, the method 900 may include down-
sampling the reference channel 142 to generate a first down-sampled channel, down-
sampling the target channel 146 to generate a second down-sampled channel, and
determining the first mismatch value 112 and the second mismatch value 114 based on
comparisons of the first down-sampled channel and the second down-sampled channel.
For example, the channel pre-processor 502 may down-sample the first audio signal 142
and the second audio signal 146 to generate the processed channels 530, and the shift
estimator 121 may compare the processed channels 530 to determine the first mismatch
value 112 and the second mismatch value 114. The shift estimator 121 may compare a
sample of the first down-sampled channel to multiple samples of the second down-
sampled channel to determine a particular sample of the second down-sampled channel.
For example, the shift estimator 121 may generate comparison values (e.g., difference
values, similarity values, coherence values, or cross-correlation values) based on
comparisons of the sample of the first down-sampled channel to the samples of the
second down-sampled channel, and the shift estimator 121 may identify a particular
sample of the second down-sampled channel corresponding to the lowest (or highest)
comparison value. A delay of the particular sample of the second down-sampled
channel relative to the sample of the first down-sampled channel may correspond to the
first value 112. The shift estimator 121 may similarly determine the second mismatch
value 114. Additionally, the method 900 may further include selecting the first
mismatch value 112 and the second mismatch value 114 such that the difference fails to
exceed a threshold. For example, the shift estimator 121 may select the mismatch
values 112 and 114 such that the mismatch values 112 and 114 do not exceed a
threshold. The threshold may be a number of samples that is less than the number of

samples that correspond to a frame.

[0157] Additionally, or alternatively, the interpolation may be performed on a number
of samples corresponding to a spreading factor. For example, the number of samples in
the subset of the second samples 118 may correspond to the spreading factor M, as
described with reference to FIGS. 2-3. A value of the spreading factor may be less than
or equal to a number of samples in a frame of the second audio signal 146. For
example, the number of samples in a frame (e.g., the second frame or the fourth frame)
of the second audio signal 146 may be 640, and a value of the spreading factor may be

less than 640. In a particular implementation, a value of the spreading factor may be
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same as the number of samples (e.g., 640) in a frame. In the examples illustrated in
FIGS. 2-3, the value of the spreading factor is four, and in FIGS. 7-8, the value of the
spreading factor is 640. Additionally, or alternatively, a value of the spreading factor
may be based on an audio smoothness setting. Additionally, or alternatively, the
method 900 may include determining a frame type of the second audio signal 146 and
selecting a value of the spreading factor based on the frame type. The frame type may
include speech, music, or noise. For example, the sample adjuster 126 may determine a
frame type of the second audio signal 146, and the sample adjuster 126 may select a
spreading factor that corresponds to the determined frame type. Each frame type (e.g.,
speech, music, noise, etc.) may correspond to a different spreading factor. Additionally,
or alternatively, the estimated samples 310 may correspond to a higher sampling rate
than the second samples 118. For example, the second samples 118 may be adjusted
using the estimated samples 310 to prevent repetition of one or more samples, and the
estimated samples 310 may correspond to a higher sampling rate than the second
samples 118, as described with reference to FIG. 3. In an alternate implementation, the
estimated samples 310 correspond to a lower sampling rate than the second samples
118. For example, the second samples 118 may be adjusted using the estimated samples
210 to prevent skipping of one or more samples, and the estimated samples 210 may
correspond to a lower sampling rate than the second samples 118, as described with

reference to FIG. 2.

[0158] In another particular implementation, the method 900 may include selecting one
of the first audio signal 142 or the second audio signal 146 as a reference channel, and
selecting the other of the first audio signal 142 or the second audio signal 146 as a target
channel for a first time period based on the first mismatch value 112. The method 900
may further include transmitting, to the second device 160, a reference channel indicator
184 having a first value during the first time period that indicates whether the first audio
signal 142 or the second audio signal 146 is selected as the reference channel. To
illustrate, the reference channel designator 508 may select one of the first audio signal
142 and the second audio signal 146 as the reference channel for the first time period
(corresponding to the first frame and the second frame) based on whether the first
mismatch value 112 is a negative value. The reference channel designator 508 may set
the value of the reference channel indicator 184 to identify the reference channel. For

example, when the reference channel indicator 184 has a first value (e.g., a logical zero
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value), the first audio signal 142 is identified as the reference channel, and when the
reference channel indicator 184 has a second value (e.g., a logical one value), the
second audio signal 146 is identified as the reference channel. The first device 102 may
transmit the reference channel indicator 184 (or a target channel indicator indicating the
target channel) to the second device 160 via the network 152. The method 900 may
further include selecting one of the first audio signal 142 or the second audio signal 146
as the reference channel for a second time period based on the second mismatch value
114, the reference channel indicator 184 having a second value during the second time
period that indicates whether the first audio signal 142 or the second audio signal 146 is
selected as the reference channel. For example, the reference channel designator 508
may, based on the second mismatch value 114, set the value of the reference channel
indicator 184 to indicate whether the first audio signal 142 or the second audio signal
146 is the reference channel for a time period corresponding to the third frame and the
fourth frame. Additionally, the second samples 118 may be adjusted when the second
audio signal 146 is selected as the target channel during the second time period. For
example, the sample adjuster 126 may adjust the second samples 118 when the second
audio signal 146 is identified as the target channel. Alternatively, the sample adjuster
126 may adjust the first samples 116 when the first audio signal 142 is identified as the

target channel.

[0159] The method 900 enables adjustment of an audio channel to compensate for (or to
conceal) discontinuities at frame boundaries 855 865. Adjusting the audio channel to
compensate for discontinuities at frame boundaries may reduce or eliminate clicks,

pops, or other audio sounds during playback of decoded audio channels.

[0160] Referring to FIG. 10, a block diagram of a particular illustrative implementation
of a device (e.g., a wireless communication device) is depicted and generally designated
1000. In various implementations, the device 1000 may have more or fewer
components than illustrated in FIG. 10. In an illustrative implementation, the device
1000 may correspond to one or more of the first device 102 or the second device 160 of

FIGS. 1 and 4, or the system 500 of FIG. 5.

[0161] In a particular implementation, the device 1000 includes a processor 1006 (e.g.,

a central processing unit (CPU)). The device 1000 may include one or more additional



WO 2019/055347 PCT/US2018/050265

65

processors 1010 (e.g., one or more digital signal processors (DSPs)). The processors
1010 may include a speech and music coder-decoder (CODEC) 1008. The speech and
music CODEC 1008 may include a vocoder encoder (e.g., the encoder 120 of FIG. 1 or
the encoder 120 of FIG. 4), a vocoder decoder (e.g., the decoder 162 of FIG. 1 or the
decoder 420 of FIG. 4), or both. In a particular implementation, the speech and music
CODEC 1008 may be an enhanced voice services (EVS) CODEC that communicates in
accordance with one or more standards or protocols, such as a 3rd Generation
Partnership Project (3GPP) EVS protocol. In a particular implementation, the encoder
120 includes the comparator 122, the sample adjuster 126, and the channel generator
130, and the decoder 420 includes the comparator 422, the sample adjuster 426, and the
output generator 430. In an alternate implementation, the speech and music CODEC

1008 may include the decoder 162 of FIG. 1, the encoder 402 of FIG. 4, or both.

[0162] The device 1000 may include a memory 1032 and a CODEC 1034. Although
not shown, the memory 1032 may include the first mismatch value 112, the second
mismatch value 114, the first samples 116, the second samples 118, the difference 124,
the adjusted samples 128, or a combination thereof. The device 1000 may include a

wireless interface 1040 coupled, via a transceiver 1050, to an antenna 1042.

[0163] The device 1000 may include a display 1028 coupled to a display controller
1026. A speaker 1046, a microphone 1048, or a combination thereof, may be coupled to
the CODEC 1034. The CODEC 1034 may include a DAC 1002 and an ADC 1004. In
a particular implementation, the CODEC 1034 may receive analog signals from the
microphone 1048, convert the analog signals to digital signals using the ADC 1004, and
provide the digital signals to the speech and music CODEC 1008. The speech and
music CODEC 1008 may process the digital signals. In a particular implementation, the
speech and music CODEC 1008 may provide digital signals to the CODEC 1034. The
CODEC 1034 may convert the digital signals to analog signals using the DAC 1002 and
may provide the analog signals to the speaker 1046.

[0164] In a particular implementation, the device 1000 may be included in a system-in-
package or system-on-chip device 1022. In a particular implementation, the memory
1032, the processor 1006, the processors 1010, the display controller 1026, the CODEC

1034, the wireless interface 1040, and the transceiver 1050 are included in a system-in-
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package or system-on-chip device 1022. In a particular implementation, an input device
1030 and a power supply 1044 are coupled to the system-on-chip device 1022.
Moreover, in a particular implementation, as illustrated in FIG. 10, the display 1028, the
input device 1030, the speaker 1046, the microphone 1048, the antenna 1042, and the
power supply 1044 are external to the system-on-chip device 1022. In a particular
implementation, each of the display 1028, the input device 1030, the speaker 1046, the
microphone 1048, the antenna 1042, and the power supply 1044 may be coupled to a

component of the system-on-chip device 1022, such as an interface or a controller.

[0165] The device 1000 may include a headset, a mobile communication device, a
smart phone, a cellular phone, a laptop computer, a computer, a tablet, a personal digital
assistant, a display device, a television, a gaming console, a music player, a radio, a
digital video player, a digital video disc (DVD) player, a tuner, a camera, a navigation

device, a vehicle, a component of a vehicle, or any combination thereof.

[0166] In an illustrative implementation, the memory 1032 includes or stores
instructions 1060 (e.g., executable instructions) such as computer-readable instructions
or processor-readable instructions. For example, the memory 1032 may include or
correspond to a non-transitory computer-readable medium storing instructions (e.g., the
instructions 1060). The instructions 1060 may include one or more instructions that are
executable by a computer, such as the processor 1006 or the processors 1010. The
instructions 1060 may cause the processor 1006 or the processors 1010 to perform the

method 900 of FIG. 9.

[0167] In a particular implementation, the encoder 120 may be configured to determine
the difference 124 between the first mismatch value 112 and the second mismatch value
114. The first mismatch value 112 may be indicative of a shift of a first frame of the
first audio signal 142 relative to a second frame of the second audio signal 146, and the
second mismatch value 114 may be indicative of a shift of a third frame of the first
audio signal 142 relative to a fourth frame of the second audio signal 146. The first
audio signal 142 may be associated with the first samples 116, and the second audio
signal 146 may be associated with the second samples 118. The encoder 120 may be
configured to adjust the second samples 118 based on the difference 124 to generate the

adjusted samples 128. The encoder 120 may be further configured to generate at least



WO 2019/055347 PCT/US2018/050265

67

one encoded channel (e.g., the encoded channels 180 of FIG. 1) based on the first
samples 116 and the adjusted samples 128. The wireless interface 1040 may be
configured to transmit the at least one encoded channel (e.g., the encoded channels 180
of FIG. 1). Alternatively, the instructions 1060 stored in the memory 1032 may cause a
processor (e.g., the processor 1006 or the processors 1010) to initiate the operations

described above.

[0168] In conjunction with the described aspects, a first apparatus includes means for
receiving a reference channel. The reference channel may include a set of reference
samples. For example, the means for receiving the reference channel may include the
first microphone 140 of FIG. 1, the second microphone of FIG. 1, the encoder 120 of
FIG. 1, the processor 1006, the processors 1010 of FIG. 10, one or more other structures

or circuits, or any combination thereof.

[0169] The first apparatus may also include means for receiving a target channel. The
target channel may include a set of target samples. For example, the means for
receiving the target channel may include the first microphone 140 of FIG. 1, the second
microphone of FIG. 1, the encoder 120 of FIG. 1, the processor 1006, the processors

1010 of FIG. 10, one or more other structures or circuits, or any combination thereof.

[0170] The first apparatus may also include means for determining a difference between
a first mismatch value and a second mismatch value. The first mismatch value may be
indicative of an amount of temporal mismatch between a first reference sample of the
set of reference samples and a first target sample of the set of target samples. The
second mismatch value may be indicative of an amount of temporal mismatch between
a second reference sample of the set of reference samples and a second target sample of
the set of target samples. For example, the means for determining may include or
correspond to the encoder 120 of FIG. 1, the comparator 122 of FIG. 1, the decoder 420,
the comparator 422 of FIG. 4, the inter-frame shift variation analyzer 506 of FIG. 5, the
encoder 120, the comparator 122, the decoder 420, the comparator 422, the processor
1006, the processors 1010 of FIG. 10, one or more other structures or circuits
configured to determine a difference between the first mismatch value and the second

mismatch value, or any combination thereof.
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[0171] The first apparatus may also include means for adjusting the set of target
samples based on the difference to generate an adjusted set of target samples. For
example, the means for adjusting may include the sample adjuster 126 of FIGS. 1, 5,
and 10, the processor 1006, the processors 1010 of FIG. 10, one or more other structures

or circuits, or any combination thereof.

[0172] The first apparatus may also include means for generating at least one encoded
channel based on the set of reference samples and the adjusted set of target samples.
For example, the means for generating may include the encoder 120 of FIG. 1, the
processor 1006, the processors 1010 of FIG. 10, one or more other structures or circuits,

or any combination thereof.

[0173] The first apparatus further includes means for transmitting the at least one
encoded channel to a device. The means for transmitting may include or correspond to
the one or more interfaces 104, the first device 102 of FIG. 1, the wireless interface
1040, the transceiver 1050 of FIG. 10, one or more other structures or circuits

configured to transmit the at least one encoded signal, or any combination thereof.

[0174] One or more of the disclosed aspects may be implemented in a system or an
apparatus, such as the device 1000, that may include a communications device, a fixed
location data unit, a mobile location data unit, a mobile phone, a cellular phone, a
satellite phone, a computer, a tablet, a portable computer, a display device, a media
player, or a desktop computer. Alternatively or additionally, the device 1000 may
include a set top box, an entertainment unit, a navigation device, a personal digital
assistant (PDA), a monitor, a computer monitor, a television, a tuner, a radio, a satellite
radio, a music player, a digital music player, a portable music player, a video player, a
digital video player, a digital video disc (DVD) player, a portable digital video player, a
satellite, a vehicle, any other device that includes a processor or that stores or retrieves
data or computer instructions, or a combination thereof. As another illustrative, non-
limiting example, the system or the apparatus may include remote units, such as hand-
held personal communication systems (PCS) units, portable data units such as global
positioning system (GPS) enabled devices, meter reading equipment, or any other
device that includes a processor or that stores or retrieves data or computer instructions,

or any combination thereof.
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[0175] Although one or more of FIGS. 1-10 may illustrate systems, apparatuses, and/or
methods according to the teachings of the disclosure, the disclosure is not limited to
these illustrated systems, apparatuses, and/or methods. One or more functions or
components of any of FIGS. 1-10 as illustrated or described herein may be combined
with one or more other portions of another of FIGS. 1-10. Accordingly, no single
implementation described herein should be construed as limiting and implementations
of the disclosure may be suitably combined without departing form the teachings of the
disclosure. As an example, the method 900 of FIG. 9 may be performed by processors
of the first device 102 of FIGS. 1, or 4, by processors of the second device 160 of FIGS.
1 and 4, or by the processors 1006 or 1010 of FIG. 10. To illustrate, a portion of the
method 900 of FIG. 9 may be combined with other operations described herein.
Additionally, one or more operations described with reference to the method 900 of
FIG. 9 may be optional, may be performed at least partially concurrently, and/or may be

performed in a different order than shown or described.

[0176] Referring to FIG. 11, a block diagram of a particular illustrative example of a
base station 1100 is depicted. In various implementations, the base station 1100 may
have more components or fewer components than illustrated in FIG. 11. In an
illustrative example, the base station 1100 may include the first device 104, the second
device 106 of FIG. 1, or a combination thereof. In an illustrative example, the base
station 1100 may operate according to one or more of the methods or systems described

with reference to FIGS. 1-10.

[0177] The base station 1100 may be part of a wireless communication system. The
wireless communication system may include multiple base stations and multiple
wireless devices. The wireless communication system may be a Long Term Evolution
(LTE) system, a Code Division Multiple Access (CDMA) system, a Global System for
Mobile Communications (GSM) system, a wireless local area network (WLAN) system,
or some other wireless system. A CDMA system may implement Wideband CDMA
(WCDMA), CDMA 1X, Evolution-Data Optimized (EVDO), Time Division
Synchronous CDMA (TD-SCDMA), or some other version of CDMA.

[0178] The wireless devices may also be referred to as user equipment (UE), a mobile

station, a terminal, an access terminal, a subscriber unit, a station, etc. The wireless
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devices may include a cellular phone, a smartphone, a tablet, a wireless modem, a
personal digital assistant (PDA), a handheld device, a laptop computer, a smartbook, a
netbook, a tablet, a cordless phone, a wireless local loop (WLL) station, a Bluetooth
device, etc. The wireless devices may include or correspond to the device 1000 of

FIG. 10.

[0179] Various functions may be performed by one or more components of the base
station 1100 (and/or in other components not shown), such as sending and receiving
messages and data (e.g., audio data). In a particular example, the base station 1100
includes a processor 1106 (e.g., a CPU). The base station 1100 may include a
transcoder 1110. The transcoder 1110 may include an audio CODEC 1108. For
example, the transcoder 1110 may include one or more components (e.g., circuitry)
configured to perform operations of the audio CODEC 1108. As another example, the
transcoder 1110 may be configured to execute one or more computer-readable
instructions to perform the operations of the audio CODEC 1108. Although the audio
CODEC 1108 is illustrated as a component of the transcoder 1110, in other examples
one or more components of the audio CODEC 1108 may be included in the processor
1106, another processing component, or a combination thereof. For example, a decoder
1138 (e.g., a vocoder decoder) may be included in a receiver data processor 1164. As
another example, an encoder 1136 (e.g., a vocoder encoder) may be included in a

transmission data processor 1182.

[0180] The transcoder 1110 may function to transcode messages and data between two
or more networks. The transcoder 1110 may be configured to convert message and
audio data from a first format (e.g., a digital format) to a second format. To illustrate,
the decoder 1138 may decode encoded signals having a first format and the encoder
1136 may encode the decoded signals into encoded signals having a second format.
Additionally, or alternatively, the transcoder 1110 may be configured to perform data
rate adaptation. For example, the transcoder 1110 may down-convert a data rate or up-
convert the data rate without changing a format the audio data. To illustrate, the

transcoder 1110 may down-convert 64 kbit/s signals into 16 kbit/s signals.
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[0181] The audio CODEC 1108 may include the encoder 1136 and the decoder 1138.
The encoder 1136 may include the encoder 120 of FIG. 1. The decoder 1138 may
include the decoder 162 of FIG. 1.

[0182] The base station 1100 may include a memory 1132. The memory 1132, such as
a computer-readable storage device, may include instructions. The instructions may
include one or more instructions that are executable by the processor 1106, the
transcoder 1110, or a combination thereof, to perform one or more operations described
with reference to the methods and systems of FIGS. 1-10. The base station 1100 may
include multiple transmitters and receivers (e.g., transceivers), such as a first transceiver
1152 and a second transceiver 1154, coupled to an array of antennas. The array of
antennas may include a first antenna 1142 and a second antenna 1144. The array of
antennas may be configured to wirelessly communicate with one or more wireless
devices, such as the device 1000 of FIG. 10. For example, the second antenna 1144
may receive a data stream 1114 (e.g., a bit stream) from a wireless device. The data
stream 1114 may include messages, data (e.g., encoded speech data), or a combination

thereof.

[0183] The base station 1100 may include a network connection 1160, such as backhaul
connection. The network connection 1160 may be configured to communicate with a
core network or one or more base stations of the wireless communication network. For
example, the base station 1100 may receive a second data stream (e.g., messages or
audio data) from a core network via the network connection 1160. The base station
1100 may process the second data stream to generate messages or audio data and
provide the messages or the audio data to one or more wireless device via one or more
antennas of the array of antennas or to another base station via the network connection
1160. In a particular implementation, the network connection 1160 may be a wide area
network (WAN) connection, as an illustrative, non-limiting example. In some
implementations, the core network may include or correspond to a Public Switched

Telephone Network (PSTN), a packet backbone network, or both.

[0184] The base station 1100 may include a media gateway 1170 that is coupled to the
network connection 1160 and the processor 1106. The media gateway 1170 may be

configured to convert between media streams of different telecommunications



WO 2019/055347 PCT/US2018/050265

72

technologies. For example, the media gateway 1170 may convert between different
transmission protocols, different coding schemes, or both. To illustrate, the media
gateway 1170 may convert from PCM signals to Real-Time Transport Protocol (RTP)
signals, as an illustrative, non-limiting example. The media gateway 1170 may convert
data between packet switched networks (e.g., a Voice Over Internet Protocol (VoIP)
network, an IP Multimedia Subsystem (IMS), a fourth generation (4G) wireless
network, such as LTE, WiMax, and UMB, etc.), circuit switched networks (e.g., a
PSTN), and hybrid networks (e.g., a second generation (2G) wireless network, such as
GSM, GPRS, and EDGE, a third generation (3G) wireless network, such as WCDMA,
EV-DO, and HSPA, etc.).

[0185] Additionally, the media gateway 1170 may include a transcode and may be
configured to transcode data when codecs are incompatible. For example, the media
gateway 1170 may transcode between an Adaptive Multi-Rate (AMR) codec and a
G.711 codec, as an illustrative, non-limiting example. The media gateway 1170 may
include a router and a plurality of physical interfaces. In some implementations, the
media gateway 1170 may also include a controller (not shown). In a particular
implementation, the media gateway controller may be external to the media gateway
1170, external to the base station 1100, or both. The media gateway controller may
control and coordinate operations of multiple media gateways. The media gateway
1170 may receive control signals from the media gateway controller and may function
to bridge between different transmission technologies and may add service to end-user

capabilities and connections.

[0186] The base station 1100 may include a demodulator 1162 that is coupled to the
transceivers 1152, 1154, the receiver data processor 1164, and the processor 1106, and
the receiver data processor 1164 may be coupled to the processor 1106. The
demodulator 1162 may be configured to demodulate modulated signals received from
the transceivers 1152, 1154 and to provide demodulated data to the receiver data
processor 1164. The receiver data processor 1164 may be configured to extract a
message or audio data from the demodulated data and send the message or the audio

data to the processor 1106.
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[0187] The base station 1100 may include a transmission data processor 1182 and a
transmission multiple input-multiple output (MIMO) processor 1184. The transmission
data processor 1182 may be coupled to the processor 1106 and the transmission MIMO
processor 1184. The transmission MIMO processor 1184 may be coupled to the
transceivers 1152, 1154 and the processor 1106. In some implementations, the
transmission MIMO processor 1184 may be coupled to the media gateway 1170. The
transmission data processor 1182 may be configured to receive the messages or the
audio data from the processor 1106 and to code the messages or the audio data based on
a coding scheme, such as CDMA or orthogonal frequency-division multiplexing
(OFDM), as illustrative, non-limiting examples. The transmission data processor 1182

may provide the coded data to the transmission MIMO processor 1184.

[0188] The coded data may be multiplexed with other data, such as pilot data, using
CDMA or OFDM techniques to generate multiplexed data. The multiplexed data may
then be modulated (i.e., symbol mapped) by the transmission data processor 1182 based
on a particular modulation scheme (e.g., Binary phase-shift keying (“BPSK”),
Quadrature phase-shift keying (“QSPK”), M-ary phase-shift keying (“M-PSK”), M-ary
Quadrature amplitude modulation (“M-QAM?”), etc.) to generate modulation symbols.
In a particular implementation, the coded data and other data may be modulated using
different modulation schemes. The data rate, coding, and modulation for each data

stream may be determined by instructions executed by processor 1106.

[0189] The transmission MIMO processor 1184 may be configured to receive the
modulation symbols from the transmission data processor 1182 and may further process
the modulation symbols and may perform beamforming on the data. For example, the
transmission MIMO processor 1184 may apply beamforming weights to the modulation
symbols. The beamforming weights may correspond to one or more antennas of the

array of antennas from which the modulation symbols are transmitted.

[0190] During operation, the second antenna 1144 of the base station 1100 may receive
a data stream 1114. The second transceiver 1154 may receive the data stream 1114
from the second antenna 1144 and may provide the data stream 1114 to the demodulator
1162. The demodulator 1162 may demodulate modulated signals of the data stream

1114 and provide demodulated data to the receiver data processor 1164. The receiver
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data processor 1164 may extract audio data from the demodulated data and provide the

extracted audio data to the processor 1106.

[0191] The processor 1106 may provide the audio data to the transcoder 1110 for
transcoding. The decoder 1138 of the transcoder 1110 may decode the audio data from
a first format into decoded audio data and the encoder 1136 may encode the decoded
audio data into a second format. In some implementations, the encoder 1136 may
encode the audio data using a higher data rate (e.g., up-convert) or a lower data rate
(e.g., down-convert) than received from the wireless device. In other implementations,
the audio data may not be transcoded. Although transcoding (e.g., decoding and
encoding) is illustrated as being performed by a transcoder 1110, the transcoding
operations (e.g., decoding and encoding) may be performed by multiple components of
the base station 1100. For example, decoding may be performed by the receiver data
processor 1164 and encoding may be performed by the transmission data processor
1182. In other implementations, the processor 1106 may provide the audio data to the
media gateway 1170 for conversion to another transmission protocol, coding scheme, or
both. The media gateway 1170 may provide the converted data to another base station

or core network via the network connection 1160.

[0192] The encoder 1136 may receive a reference channel and a target channel. The
encoder 1136 may also determine a difference between a first mismatch value and a
second mismatch value. The encoder 1136 may also adjust a set of target samples based
on the different to generate an adjusted set of target samples. The encoder 1136 may
also generate at least one encoded channel based on a set of reference samples and the
adjusted set of target samples. The encoder 1136 may also transmit the at least one
encoded channel. The decoder 118 may generate the first output signal 126 and the
second output signal 128 by decoding encoded signals based on the reference channel
indicator 164, the non-causal mismatch value 162, the gain parameter 160, or a
combination thereof. Encoded audio data generated at the encoder 1136, such as
transcoded data, may be provided to the transmission data processor 1182 or the

network connection 1160 via the processor 1106.

[0193] The transcoded audio data from the transcoder 1110 may be provided to the

transmission data processor 1182 for coding according to a modulation scheme, such as
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OFDM, to generate the modulation symbols. The transmission data processor 1182
may provide the modulation symbols to the transmission MIMO processor 1184 for
further processing and beamforming. The transmission MIMO processor 1184 may
apply beamforming weights and may provide the modulation symbols to one or more
antennas of the array of antennas, such as the first antenna 1142 via the first transceiver
1152. Thus, the base station 1100 may provide a transcoded data stream 1116, that
corresponds to the data stream 1114 received from the wireless device, to another
wireless device. The transcoded data stream 1116 may have a different encoding
format, data rate, or both, than the data stream 1114. In other implementations, the
transcoded data stream 1116 may be provided to the network connection 1160 for

transmission to another base station or a core network.

[0194] The base station 1100 may therefore include a computer-readable storage device
(e.g., the memory 1132) storing instructions that, when executed by a processor (e.g.,
the processor 1106 or the transcoder 1110), cause the processor to perform operations
including receiving a reference channel and a target channel. The operations also
include determining a difference between a first mismatch value and a second mismatch
value. The operations also include adjusting a set of target samples based on the
different to generate an adjusted set of target samples. The operations also include
generating at least one encoded channel based on a set of reference samples and the
adjusted set of target samples. The operations also include transmitting the at least one

encoded channel.

[0195] Those of skill would further appreciate that the various illustrative logical
blocks, configurations, modules, circuits, and algorithm steps described in connection
with the implementations disclosed herein may be implemented as electronic hardware,
computer software executed by a processor, or combinations of both. Various
illustrative components, blocks, configurations, modules, circuits, and steps have been
described above generally in terms of their functionality. Whether such functionality is
implemented as hardware or processor executable instructions depends upon the
particular application and design constraints imposed on the overall system. Skilled
artisans may implement the described functionality in varying ways for each particular
application, but such implementation decisions should not be interpreted as causing a

departure from the scope of the present disclosure.
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[0196] The steps of a method or algorithm described in connection with the disclosure
herein may be implemented directly in hardware, in a software module executed by a
processor, or in a combination of the two. A software module may reside in random
access memory (RAM), 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, a compact disc read-only memory (CD-ROM), or any other form of
non-transient storage medium known in the art. An exemplary storage medium is
coupled to the processor such that the processor can read information from, and write
information to, the storage medium. In the alternative, the storage medium may be
integral to the processor. The processor and the storage medium may reside in an
application-specific integrated circuit (ASIC). The ASIC may reside in a computing
device or a user terminal. In the alternative, the processor and the storage medium may

reside as discrete components in a computing device or user terminal.

[0197] The previous description is provided to enable a person skilled in the art to make
or use the disclosed implementations. Various modifications to these implementations
will be readily apparent to those skilled in the art, and the principles defined herein may
be applied to other implementations without departing from the scope of the disclosure.
Thus, the present disclosure is not intended to be limited to the implementations shown
herein but is 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 for coding of multi-channel audio signals, the method comprising:

receiving, at a first device, a reference channel and a target channel, the reference channel
including a set of reference samples, and the target channel including a set of target samples;
determining, at the first device, a variation between a first mismatch value and a second
mismatch value, the first mismatch value indicative of an amount of temporal mismatch between
a first reference sample of the set of reference samples and a first target sample of the set of
target samples, the second mismatch value indicative of an amount of temporal mismatch
between a second reference sample of the set of reference samples and a second target sample of
the set of target samples;

selecting, at the first device, a particular adjustment technique from a plurality of adjustment
techniques based on a comparison of the variation with a first threshold,;

using the variation subsequent to the comparison, at the first device, to perform the particular
adjustment technique to adjust the set of target samples to generate an adjusted set of target
samples;

generating, at the first device, at least one encoded channel based on the set of reference samples
and the adjusted set of target samples; and

transmitting the at least one encoded channel from the first device to a second device.

2. The method of claim 1, further comprising selecting one of a first interpolation or a second
interpolation as the particular adjustment technique in response to determining whether the
variation exceeds the first threshold, wherein the first interpolation is different from the second
interpolation.

3. The method of claim 2, wherein performing the first interpolation comprises performing at
least one among a Sinc interpolation and a Lagrange interpolation.

4. The method of claim 2, wherein performing the first interpolation comprises performing a
hybrid interpolation, the hybrid interpolation includes using both a Sinc interpolation and a
Lagrange interpolation.

5. The method of claim 2, wherein performing the second interpolation comprises performing an
overlap and add interpolation.

6. The method of claim 5, wherein performing the overlap and add interpolation is based on the
first mismatch value and the second mismatch value.

7. The method of claim 6, wherein performing the overlap and add interpolation is based on a
first window function and a second window function, wherein the second window function is
dependent on the first window function.
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8. The method of claim 2, wherein the first interpolation is performed on a number of samples
corresponding to a spreading factor.

9. The method of claim 8, wherein a value of the spreading factor is less than or equal to a
number of samples in a frame of the target channel.

10. The method of claim 1, further comprising determining the first threshold based on frame
type of the set of target samples.

11. The method of claim 10, wherein the frame type indicates the set of target samples
corresponds to at least one among speech, music, and noise.

12. The method of claim 11, wherein determining the first threshold based on information
indicating frame type of the set of target samples comprises decreasing the first threshold in
response to the determination that the frame type corresponds to music.

13. The method of claim 1, further comprising determining the first threshold based on a
smoothing factor, the smoothing factor indicates smoothness setting of cross-correlation value.

14. The method of claim 1, further comprising:

down-sampling the reference channel to generate a reference down-sampled channel,
down-sampling the target channel to generate a target down-sampled channel; and
determining the first mismatch value and the second mismatch value based on comparisons of
the reference down-sampled channel and the target down-sampled channel.

15. The method of claim 1, further comprising determining whether to adjust the set of target
samples based on one among the variation, a reference channel indicator, an energy of the
reference channel and an energy of the target channel, and a transient detector.

16. The method of claim 1, wherein a first portion of the set of target samples are time-shifted
relative to a first portion of the set of reference samples by an amount that is based on the first
mismatch value, and wherein a second portion of the set of target samples are time-shifted
relative to a second portion of the set of reference samples by an amount that is based on the
second mismatch value.

17. The method of claim 1, wherein the first mismatch value corresponds to an amount of time
delay between receipt of a frame of a first audio signal via a first microphone and receipt of a
corresponding frame of a second audio signal via a second microphone, wherein the first audio
signal corresponds to one of the reference channel or the target channel, and wherein the second
audio signal corresponds to the other of the reference channel or the target channel.

18. The method of claim 1, wherein the at least one encoded channel includes a mid channel, a
side channel, or both.
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19. The method of claim 1, wherein a first audio signal includes one of a right channel or a left
channel, and wherein a second audio signal includes the other of the right channel or the left
channel, wherein the first audio signal corresponds to one of the reference channel or the target
channel, and wherein the second audio signal corresponds to the other of the reference channel or
the target channel.

20. The method of claim 1, wherein the first device is integrated into a mobile device or a base
station.

21. A multi-channel audio coding device comprising

an encoder configured to:

receive a reference channel and a target channel, the reference channel including a set of
reference samples, and the target channel including a set of target samples;

determine a variation between a first mismatch value and a second mismatch value, the first
mismatch value indicative of an amount of temporal mismatch between a first reference sample
of the set of reference samples and a first target sample of the set of target samples, the second
mismatch value indicative of an amount of temporal mismatch between a second reference
sample of the set of reference samples and a second target sample of the set of target samples;
select a particular adjustment technique from a plurality of adjustment techniques based on a
comparison of the variation with a first threshold;

use the variation subsequent to the comparison to perform the particular adjustment technique to
adjust the set of target samples to generate an adjusted set of target samples; and

generate at least one encoded channel based on the set of reference samples and the adjusted set
of target samples; and

a network interface configured to transmit the at least one encoded channel.

22. The multi-channel audio coding device of claim 21, wherein the encoder includes a sample
adjuster configured to select one of a first interpolation or a second interpolation as the particular
adjustment technique based on whether the variation exceeds the first threshold, and wherein the
first interpolation is different from the second interpolation.

23. The multi-channel audio coding device of claim 22, wherein the first interpolation comprises
at least one among a Sinc interpolation and a Lagrange interpolation.

24. The multi-channel audio coding device of claim 22, wherein the first interpolation comprises
a hybrid interpolation, the hybrid interpolation includes both a Sinc interpolation and a Lagrange
interpolation.

25. The multi-channel audio coding device of claim 22, wherein the second interpolation
comprises an overlap and add interpolation.

26. The multi-channel audio coding device of claim 25, wherein the overlap and add
interpolation is based on the first mismatch value and the second mismatch value.
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27. The multi-channel audio coding device of claim 25, wherein the overlap and add
interpolation is based on a first window function and a second window function, wherein the
second window function is dependent on the first window function.

28. The multi-channel audio coding device of claim 21, further comprising a shift estimator
configured to determine the first mismatch value and the second mismatch value, wherein the
first mismatch value and the second mismatch value are determined based on comparisons of a
reference down-sampled channel to a target down-sampled channel, wherein the reference down-
sampled channel is based on the reference channel, and wherein the target down-sampled
channel is based on the target channel.

29. The multi-channel audio coding device of claim 21, further comprising:

a first input interface configured to receive a first audio signal from a first microphone; and

a second input interface configured to receive a second audio signal from a second microphone,
wherein the first audio signal corresponds to one of the reference channel or the target channel,
and wherein the second audio signal corresponds to the other of the reference channel or the
target channel.

30. The multi-channel audio coding device of claim 21, wherein the encoder and the network
interface are integrated into a mobile device or a base station.

31. A multi-channel audio coding apparatus comprising:

means for receiving a reference channel, the reference channel including a set of reference
samples;

means for receiving a target channel, the target channel including a set of target samples;

means for determining a variation between a first mismatch value and a second mismatch value,
the first mismatch value indicative of an amount of temporal mismatch between a first reference
sample of the set of reference samples and a first target sample of the set of target samples, the
second mismatch value indicative of an amount of temporal mismatch between a second
reference sample of the set of reference samples and a second target sample of the set of target
samples;

means for selecting a particular adjustment technique from a plurality of adjustment techniques
based on a comparison of the variation with a first threshold,

means for using the variation subsequent to the comparison to perform the particular adjustment
technique to adjust the set of target samples to generate an adjusted set of target samples;

means for generating at least one encoded channel based on the set of reference samples and the
adjusted set of target samples; and

means for transmitting the at least one encoded channel.

32. The multi-channel audio coding apparatus of claim 31, wherein means for the particular
adjustment technique comprises means for selecting one of a first interpolation or a second
interpolation in response to determining whether the variation exceeds the first threshold, and
wherein the first interpolation is different from the second interpolation.
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33. The multi-channel audio coding apparatus of claim 32, wherein means for performing the
first interpolation comprises means for performing at least one among a Sinc interpolation and a
Lagrange interpolation.

34. The multi-channel audio coding apparatus of claim 32, wherein means for performing the
second interpolation comprises means for performing an overlap and add interpolation.

35. The multi-channel audio coding apparatus of claim 31, further comprising means for
determining whether to adjust the set of target samples based on one among the variation, a
reference channel indicator, an energy of the reference channel and an energy of the target
channel, and a transient detector.

36. The multi-channel audio coding apparatus of claim 31, wherein a first audio signal includes
one of a right channel or a left channel, and wherein a second audio signal includes the other of
the right channel or the left channel, wherein the first audio signal corresponds to one of the
reference channel or the target channel, and wherein the second audio signal corresponds to the
other of the reference channel or the target channel.

37. A non-transitory computer-readable medium storing instructions that, when executed by a
processor, cause the processor to perform operations comprising:

receiving, at a first device, a reference channel and a target channel, the reference channel
including a set of reference samples, and the target channel including a set of target samples;
determining, at the first device, a variation between a first mismatch value and a second
mismatch value, the first mismatch value indicative of an amount of temporal mismatch between
a first reference sample of the set of reference samples and a first target sample of the set of
target samples, the second mismatch value indicative of an amount of temporal mismatch
between a second reference sample of the set of reference samples and a second target sample of
the set of target samples;

selecting, at the first device, a particular adjustment technique from a plurality of adjustment
techniques based on a comparison of the variation with a first threshold,;

using the variation subsequent to the comparison, at the first device, to perform the particular
adjustment technique to adjust the set of target samples to generate an adjusted set of target
samples;

generating, at the first device, at least one encoded channel based on the set of reference samples
and the adjusted set of target samples; and

transmitting the at least one encoded channel from the first device to a second device.

38. The non-transitory computer-readable medium of claim 37, wherein the operations comprise
selecting one of a first interpolation or a second interpolation as the particular adjustment
technique in response to determining whether the variation exceeds the first threshold, wherein
the first interpolation is different from the second interpolation.
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39. The non-transitory computer-readable medium of claim 38, wherein the first interpolation
comprises at least one among a Sinc interpolation and a Lagrange interpolation.

40. The non-transitory computer-readable medium of claim 38, wherein the first interpolation
comprises a hybrid interpolation, the hybrid interpolation includes both a Sinc interpolation and a
Lagrange interpolation.

41. The non-transitory computer-readable medium of claim 38, wherein the second interpolation
comprises an overlap and add interpolation.



