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SYSTEMS AND METHODS FOR AUDIO 
SIGNAL PROCESSING 

RELATED APPLICATIONS 

0001. This application is related to and claims priority 
from U.S. Provisional Patent Application Ser. No. 61/637,175 
filed Apr. 23, 2012, for “DEVICES FORAPPROXIMATELY 
MATCHING OUTPUT LEVEL TO INPUT LEVELAFTER 
NOISE SUPPRESSION, from U.S. Provisional Patent 
Application Ser. No. 61/658,843 filed Jun. 12, 2012, for 
“DEVICES FOR PRESERVING AN AUDIO ENVELOPE 
from U.S. Provisional Patent Application Ser. No. 61/726,458 
filed Nov. 14, 2012, for “SYSTEMS AND METHODS FOR 
SIGNAL LEVEL MATCHING” and from U.S. Provisional 
Patent Application Ser. No. 61/738,976 filed Dec. 18, 2012, 
for DEVICES FOR SIGNAL LEVEL MATCHING 

TECHNICAL FIELD 

0002 The present disclosure relates generally to commu 
nication systems. More specifically, the present disclosure 
relates to systems and methods for audio signal processing. 

BACKGROUND 

0003 Communication systems are widely deployed to 
provide various types of communication content such as data, 
Voice, video and so on. These systems may be multiple-access 
systems capable of Supporting simultaneous communication 
of multiple communication devices (e.g., wireless communi 
cation devices, access terminals, etc.) with one or more other 
communication devices (e.g., base stations, access points, 
etc.). Some communication devices (e.g., access terminals, 
laptop computers, Smart phones, media players, gaming 
devices, etc.) may wirelessly communicate with other com 
munication devices. 
0004. Many activities that were previously performed in 
quiet office or home environments may now be performed in 
acoustically variable situations like a car, a street or a café. For 
example, a person may communicate with another person 
using a voice communication channel. The channel may be 
provided, for example, by a mobile wireless handset or head 
set, a walkie-talkie, a two-way radio, a car-kit or another 
communication device. Consequently, a Substantial amount 
of Voice communication is taking place using portable audio 
sensing devices (e.g., Smartphones, handsets and/or headsets) 
in environments where users are Surrounded by other people, 
with the kind of noise content that is typically encountered 
where people tend to gather. 
0005 Such noise tends to distract or annoy a user at the far 
end of a telephone conversation. Moreover, many standard 
automated business transactions (e.g., account balance or 
stock quote checks) employ voice-recognition-based data 
inquiry, and the accuracy of these systems may be signifi 
cantly impeded by interfering noise. Accordingly, devices 
that may help to reduce these inefficiencies may be beneficial. 

SUMMARY 

0006. A method for restoring a processed speech signal by 
an electronic device is described. The method includes 
obtaining at least one audio signal. The method also includes 
performing bin-wise Voice activity detection based on the at 
least one audio signal. The method further includes restoring 
the processed speech signal based on the bin-wise Voice activ 
ity detection. 
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0007. The method may include performing frame-wise 
Voice activity detection based on the at least one audio signal. 
The method may include determining a harmonicity based on 
the at least one audio signal. Performing the frame-wise activ 
ity detection may be based on the harmonicity. 
0008. The method may include determining whether to 
restore a processed speech signal. Determining whether to 
restore the processed speech signal may be based on at least 
one of a restoration ratio and a continuity metric. 
0009. The method may include tracking one or more peaks 
based on the at least one audio signal. The method may also 
include determining a signal-to-noise ratio (SNR) based on 
the at least one audio signal. Performing the bin-wise Voice 
activity detection may be based on the tracking and the SNR. 
0010. The method may include determining a restoration 
ratio. The method may include determining a continuity met 
ric. The continuity metric may be determined by adding a first 
positive value if a current frame and a previous frame are 
restored, a second positive value if the current frame is 
restored but the previous frame is not restored, and a negative 
value if the previous frame is restored but the current frame is 
not restored. 
0011. The method may include determining whether an 
abnormal peak is detected. The method may include deter 
mining whether a stationary low signal-to-noise ratio (SNR) 
meets at least one threshold. 
0012. The method may include determining whether a 
restoration ratio meets a first threshold. The method may also 
include determining whether a continuity metric meets a sec 
ond threshold. The method may further include determining 
whether an abnormal peak is detected. The method may addi 
tionally include determining whether a stationary low signal 
to-noise ratio (SNR) meets at least one threshold. 
0013 The method may include restoring the processed 
speech signal if the restoration ratio meets the first threshold 
and an abnormal peak is not detected. The method may also 
include restoring the processed speech signal if the continuity 
metric meets the second threshold. The method may further 
include restoring the processed speech signal if the stationary 
low SNR meets the at least one threshold. The method may 
additionally include avoiding restoring the processed speech 
signal otherwise. 
0014. An electronic device is also described. The elec 
tronic device includes circuitry for obtaining at least one 
audio signal. The electronic device also includes circuitry for 
performing bin-wise Voice activity detection based on the at 
least one audio signal. The electronic device further includes 
circuitry for restoring a processed speech signal based on the 
bin-wise voice activity detection. 
0015. An apparatus is also described. The apparatus 
includes means for obtaining at least one audio signal. The 
apparatus further includes means for performing bin-wise 
Voice activity detection based on the at least one audio signal. 
The apparatus additionally includes means for restoring a 
processed speech signal based on the bin-wise Voice activity 
detection. 
0016. A computer-program product is also described. The 
computer-program product includes a non-transitory tangible 
computer-readable medium with instructions. The instruc 
tions include code for causing an electronic device to obtain at 
least one audio signal. The instructions also include code for 
causing the electronic device to perform bin-wise Voice activ 
ity detection based on the at least one audio signal. The 
instructions further include code for causing the electronic 
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device to restore a processed speech signal based on the 
bin-wise voice activity detection. 
0017. A method for audio signal processing by an elec 
tronic device is also described. The method includes refining 
a speech signal based on a harmonicity metric to produce a 
replacement signal. The method also includes replacing a 
noise-Suppressed speech frame based on the replacement sig 
nal. The replacement signal may be based on a bin-wise Voice 
activity detection (VAD) signal. The bin-wise VAD signal 
may be based on energy in a frequency bin. 
0.018. An electronic device is also described. The elec 
tronic device includes circuitry for refining a speech signal 
based on a harmonicity metric to produce a replacement 
signal. The electronic device also includes circuitry for 
replacing a noise-suppressed speech frame based on the 
replacement signal. 
0019. An apparatus is also described. The apparatus 
includes means for refining a speech signal based on a har 
monicity metric to produce a replacement signal. The appa 
ratus also includes means for replacing a noise-suppressed 
speech frame based on the replacement signal. 
0020. A computer-program product is also described. The 
computer-program product includes a non-transitory tangible 
computer-readable medium with instructions. The instruc 
tions include code for causing an electronic device to refine a 
speech signal based on a harmonicity metric to produce a 
replacement signal. The instructions also include code for 
causing the electronic device to replace a noise-suppressed 
speech frame based on the replacement signal. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0021 FIG. 1 is a block diagram illustrating one configu 
ration of an electronic device in which systems and methods 
for signal level matching may be implemented; 
0022 FIG. 2 is a flow diagram illustrating one configura 
tion of a method for signal level matching; 
0023 FIG. 3 is a flow diagram illustrating one configura 
tion of a method for speech envelope preservation and/or 
restoration; 
0024 FIG. 4 is a block diagram illustrating another con 
figuration of an electronic device in which systems and meth 
ods for signal level matching may be implemented; 
0025 FIG. 5 is a flow diagram illustrating another con 
figuration of a method for signal level matching; 
0026 FIG. 6 is a flow diagram illustrating one configura 
tion of a method for noise Suppression; 
0027 FIG. 7 is a block diagram illustrating another con 
figuration of an electronic device in which systems and meth 
ods for signal level matching may be implemented; 
0028 FIG. 8 is a flow diagram illustrating another con 
figuration of a method for signal level matching; 
0029 FIG. 9 is a block diagram illustrating another con 
figuration of an electronic device in which systems and meth 
ods for signal level matching may be implemented; 
0030 FIG. 10 is a block diagram illustrating one configu 
ration of an electronic device in which systems and methods 
for detecting Voice activity may be implemented; 
0031 FIG. 11 is a flow diagram illustrating one configu 
ration of a method for detecting Voice activity; 
0032 FIG. 12 is a block diagram illustrating one configu 
ration of a wireless communication device in which systems 
and methods for detecting voice activity may be imple 
mented; 
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0033 FIG. 13 is a flow diagram illustrating another con 
figuration of a method for detecting Voice activity; 
0034 FIG. 13A is a flow diagram illustrating one configu 
ration of a method for microphone Switching; 
0035 FIG. 14 is a flow diagram illustrating another con 
figuration of a method for detecting Voice activity; 
0036 FIG. 15 is a graph illustrating recorded spectra of 
Voiced speech in pink noise; 
0037 FIGS. 16A-B include various graphs illustrating a 
harmonic product spectrum statistic in music noise; 
0038 FIG. 17A is a block diagram illustrating a portion of 
one configuration of a dual-microphone noise Suppression 
system; 
0039 FIG. 17B is a block diagram illustrating another 
portion of one configuration of a dual-microphone noise Sup 
pression system; 
0040 FIG. 18 is a graph illustrating a stereo speech 
recording in car noise; 
0041 FIG. 19 is another graph illustrating a stereo speech 
recording in car noise; 
0042 FIG. 20 is a block diagram illustrating one configu 
ration of elements that may be implemented in accordance 
with the systems and methods disclosed herein; 
0043 FIG. 21 is a flow diagram illustrating one configu 
ration of a method for restoring a processed speech signal by 
an electronic device; 
0044 FIG. 22 is a block diagram illustrating a more spe 
cific example of post-processing: 
0045 FIG. 23 is a block diagram illustrating a more spe 
cific configuration of an electronic device in which systems 
and methods for restoring a processed speech signal may be 
implemented; 
0046 FIG. 24 is a block diagram illustrating one configu 
ration of a refiner; 
0047 FIG. 25 illustrates examples of normalized harmo 
nicity in accordance with the systems and methods disclosed 
herein; 
0048 FIG. 26 illustrates examples of frequency-depen 
dent thresholding in accordance with the systems and meth 
ods disclosed herein; 
0049 FIG. 27 illustrates examples of peak maps in accor 
dance with the systems and methods disclosed herein; 
0050 FIG. 28A illustrates an example of post-processing 
in accordance with the systems and methods disclosed herein; 
0051 FIG. 28B illustrates another example of post-pro 
cessing in accordance with the systems and methods dis 
closed herein; 
0.052 FIG. 28C illustrates another example of post-pro 
cessing in accordance with the systems and methods dis 
closed herein; 
0053 FIG. 29 is a block diagram illustrating one configu 
ration of several components in an electronic device in which 
systems and methods for signal level matching and detecting 
Voice activity may be implemented; 
0054 FIG. 30 illustrates various components that may be 
utilized in an electronic device; and 
0055 FIG. 31 illustrates certain components that may be 
included within a wireless communication device. 

DETAILED DESCRIPTION 

0056. The 3rd Generation Partnership Project (3GPP) is a 
collaboration between groups of telecommunications asso 
ciations that aims to define a globally applicable 3rd genera 
tion (3G) mobile phone specification. 3GPP Long Term Evo 
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lution (LTE) is a 3GPP project aimed at improving the 
Universal Mobile Telecommunications System (UMTS) 
mobile phone standard. The 3GPP may define specifications 
for the next generation of mobile networks, mobile systems 
and mobile devices. 

0057. Some communication devices (e.g., access termi 
nals, client devices, client stations, etc.) may wirelessly com 
municate with other communication devices. Some commu 
nication devices (e.g., wireless communication devices) may 
be referred to as mobile devices, mobile stations, subscriber 
stations, clients, client stations, user equipment (UES), 
remote stations, access terminals, mobile terminals, termi 
nals, user terminals, Subscriber units, etc. Examples of com 
munication devices include cellular telephone base stations 
or nodes, access points, wireless gateways, wireless routers, 
laptop or desktop computers, cellular phones, Smartphones, 
wireless modems, e-readers, tablet devices, gaming systems, 
etc. Some of these communication devices may operate in 
accordance with one or more industry standards as described 
above. Thus, the general term “communication device' may 
include communication devices described with varying 
nomenclatures according to industry standards (e.g., access 
terminal, user equipment, remote terminal, access point, base 
station, Node B, evolved Node B, etc.). 
0058 Any incorporation by reference of a portion of a 
document shall also be understood to incorporate definitions 
of terms or variables that are referenced within the portion, 
where such definitions appear elsewhere in the document, as 
well as any figures referenced in the incorporated portion. 
Unless initially introduced by a definite article, an ordinal 
term (e.g., “first.” “second,” “third,' etc.) used to modify a 
claim element does not by itself indicate any priority or order 
of the claim element with respect to another, but rather merely 
distinguishes the claim element from another claim element 
having a same name (but for use of the ordinal term). Unless 
expressly limited by its context, each of the terms “plurality” 
and “set is used herein to indicate an integer quantity that is 
greater than one. 
0059 For applications in which communication occurs in 
noisy environments, it may be desirable to separate a desired 
speech signal from background noise. Noise may be defined 
as the combination of all signals interfering with or otherwise 
degrading the desired signal. Background noise may include 
numerous noise signals generated within the acoustic envi 
ronment, such as background conversations of other people, 
as well as reflections and reverberation generated from the 
desired signal and/or any of the other signals. Unless the 
desired speech signal is separated from the background noise, 
it may be difficult to make reliable and efficient use of it. In 
one particular example, a speech signal is generated in a noisy 
environment, and speech processing methods are used to 
separate the speech signal from the environmental noise. 
0060 Noise encountered in a mobile environment may 
include a variety of different components, such as competing 
talkers, music, babble, Street noise and/or airport noise. As the 
signature of Such noise is typically non-stationary and close 
to the user's own frequency signature, the noise may be hard 
to model using traditional single-microphone or fixed beam 
forming type methods. Single-microphone noise reduction 
techniques typically require significant parameter tuning to 
achieve optimal performance. For example, a suitable noise 
reference may not be directly available in Such cases, and it 
may be necessary to derive a noise reference indirectly. 
Therefore, multiple-microphone based advanced signal pro 
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cessing may be desirable to Support the use of mobile devices 
for Voice communications in noisy environments. 
0061 The techniques disclosed herein may be used to 
improve voice activity detection (VAD) in order to enhance 
speech processing, Such as Voice coding. The disclosed Voice 
activity detection techniques may be used to improve the 
accuracy and reliability of Voice detection, and thus, to 
improve functions that depend on Voice activity detection, 
Such as noise reduction, echo cancellation, rate coding and 
the like. Such improvement may beachieved, for example, by 
using Voice activity detection information that may be pro 
vided from one or more separate devices. The voice activity 
detection information may be generated using multiple 
microphones or other sensor modalities to provide a more 
accurate Voice activity detector. 
0062. Use of a voice activity detector as described herein 
may be expected to reduce speech processing errors that are 
often experienced in traditional voice activity detection, par 
ticularly in low signal-to-noise-ratio (SNR) scenarios, in non 
stationary noise and competing Voices cases, and other cases 
where voice may be present. In addition, a target voice may be 
identified, and Such a voice activity detector may be used to 
provide a reliable estimation of target voice activity. It may be 
desirable to use voice activity detection information to con 
trol Vocoderfunctions, such as noise estimation updates, echo 
cancellation (EC), rate-control and the like. A more reliable 
and accurate Voice activity detector may be used to improve 
speech processing functions such as the following: noise 
reduction (NR) (i.e., with more reliable voice activity detec 
tion, higher noise reduction may be performed in non-voice 
segments), Voice and non-voiced segment estimation, echo 
cancellation, improved double detection schemes and rate 
coding improvements, which allow more aggressive rate cod 
ing schemes (for example, a lower rate for non-voice seg 
ments). 
0063 A method as described herein may be configured to 
process the captured signal as a series of segments. Typical 
segment lengths range from about five or ten milliseconds to 
about forty or fifty milliseconds, and the segments may be 
overlapping (e.g., with adjacent segments overlapping by 
25% or 50%) or non-overlapping. In one particular example, 
the signal is divided into a series of non-overlapping segments 
or “frames, each having a length of ten milliseconds. A 
segment as processed by Such a method may also be a seg 
ment (i.e., a “subframe’) of a larger segment as processed by 
a different operation, or vice versa. 
0064 Noise suppression in adverse environments may 
require accurate estimation of noise and Voice parameters. 
The labeling of which parts of the recorded signals corre 
spond to speech or noise may be accomplished through single 
or multi-channel Voice activity detectors that exploit proper 
ties of these signals. Signal-to-noise ratio conditions may be 
evaluated to determine which of the voice activity detectors 
are reliable. Corresponding checks and bounds may be set on 
the labeling scheme. Despite such precautions and Sophisti 
cated labeling, Some damage may occur to the processed 
speech, especially in signals with low signal-to-noise ratio 
conditions or in dynamic scenarios where decision errors may 
lead to temporary voice attenuation. This is noticeable in 
bumps and dips of the speech envelope, outright attenuation 
or significant distortion of the speech output signal. There 
fore, a restoration stage may be utilized to maintain a certain 
perceptual output level consistency. It makes the noise Sup 
pression scheme a closed loop system where the final output 
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gain may be determined by checking the noise Suppression 
output against the recorded speech input spectrum and levels. 
0065. The speech envelope may be encoded in its voiced 
part, more specifically in the spectral gain at multiples of the 
fundamental pitch frequency. Determining these gains may 
include tracking of peaks in the recorded spectrum and/or 
pitch estimation outright. Signal-to-noise ratio measurements 
may determine which parts of the spectrum can be used to 
determine these gains. In a handset configuration, one way to 
ensure there is a signal with a good signal-to-noise ratio may 
be to estimate peak locations or pitch at the output of the 
inter-microphone Subtraction stage, which subtracts two (or 
more) signals with the same content, but with different 
recorded signal-to-noise ratios due to the distance of the 
microphones from the mouth of a user. Once the peak loca 
tions are known, they may be retrieved from the original input 
spectrum. Labeling which parts of the input spectrum is 
Voiced speech for analysis may be accomplished through the 
use of single and multi-channel Voice activity detectors. 
Given the speech envelope, the noise Suppression output or 
gain may be scaled back at Voiced speech peak locations to a 
pre-defined level or a level relating to the recorded input. For 
example, if the Suppressed output is scaled back, some pre 
cision loss may occur in a fixed-point implementation. To 
prevent this, the gain may be worked on instead, with a final 
gain being applied after all the functions. This may lead to a 
sensation of consistent loudness and speech color. In other 
scenarios, such as speakerphone or distributed microphone 
arrays, the signal-to-noise ratio may be so bad in parts of the 
spectrum that a complete reconstruction of the speech enve 
lope may be required, as noise Suppression would cause too 
much damage. This requires synthesis of both voiced and 
unvoiced speech (e.g., gain synthesis and phase synthesis) 
where the missing parameters are either based on some code 
book or extrapolated from less noisy parts of the spectrum. 
0066. In some implementations, to preserve a speech 
envelope, an electronic device may include a Voiced speech 
voice activity detector. The electronic device may also 
include a Switch mechanism (e.g., for Switching from a dual 
microphone to a single microphone, etc.). According to one 
approach, the Switching mechanism may be based on phase 
and dual microphone gain differences. In another approach, 
the Switching mechanism may be based on phase, dual-mi 
crophone gain differences and a single-microphone Voice 
activity detector. This Switching mechanism may not be suf 
ficient in the presence of public noise and/or music noise with 
a 0-5 dB signal-to-noise ratio. Accordingly, a more reliable 
Voice activity detector based on speech harmonicity may be 
utilized in accordance with the systems and methods dis 
closed herein. One example of a near end Voice speech detec 
tor is a harmonic product spectrum (HPS) voice activity 
detector. 

0067. In some implementations, the electronic device may 
compute a statistic that is sensitive to harmonic content by 
evaluating the pitch of an enhanced signal. In some imple 
mentations, the enhanced signal may be characterized as 
Mic1-a Mic2. Accordingly, the signal of a second micro 
phone (e.g., Mic2) may be subtracted from the signal of a first 
microphone (e.g., Mic1). Additionally, the signal of the sec 
ond microphone (e.g., Mic2) may be scaled (e.g., by a factor 
a). In some examples, the pitch estimation may be performed 
based on autocorrelation, cepstrum, harmonic product spec 
trum and/or linear predictive coding (LPC) techniques. For 
instance, a harmonic product spectrum may use a frequency 
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domain approach for computing pitch. The electronic device 
may also compute a speech pitch histogram in optimal hold 
ing pattern intervals. The speech pitch histogram may be used 
to gate harmonic statistics. For example, the histogram may 
gate the harmonic statistic by being only sensitive to speech 
pitch range. In some implementations, the histogram may be 
able to be updated with a fixed buffer length, so that it can be 
adjusted over time. The final harmonic statistic (e.g., the 
gated harmonic statistic) may be used to compute a near end 
Voiced speech detector. In some implementations, the term 
“near end” refers to a signal wherein the pitch estimation may 
be based on the difference between two microphones (e.g., 
Mic1-Mic2). This may emphasize signals closer to Mic1 
(hence the near end phone user). A Voiced speech detector 
may look for harmonicity in a certain pitch range. The pitch 
range or contour may be learned by a speech histogram. In 
Some implementations, the pitch range may be used to weight 
the harmonicity statistic. For example, a weight close to one 
may be used when the pitch in a current frame is located close 
to the maximum of the histogram. Or, a weight close to Zero 
may be used when the pitch range is located along the tail 
ends of the histogram. In some implementations, the histo 
gram may be updated only when a microphone gain differ 
ence is large and/or a measured harmonicity is large. The near 
end voiced speech detector may be integrated with other 
single channel Voice activity detections to detect near end 
speech. If attenuated near end speech is detected during some 
intervals (e.g., 1.5 second intervals), the Switching mecha 
nism may switch to a single microphone. It should be noted 
that in some cases, the terms “harmonic' and “harmonicity' 
may be used interchangeably herein. For example, a "har 
monic statistic' may be alternatively referred to as a “harmo 
nicity statistic.” 
0068 Voice activity detection may be used to indicate the 
presence or absence of human speech in segments of an audio 
signal, which may also contain music, noise, or other Sounds. 
Such discrimination of speech-active frames from speech 
inactive frames is an important part of speech enhancement 
and speech coding, and Voice activity detection is an impor 
tant enabling technology for a variety of speech-based appli 
cations. For example, Voice activity detection may be used to 
Support applications such as Voice coding and speech recog 
nition. Voice activity detection may also be used to deactivate 
Some processes during non-speech segments. Such deactiva 
tion may be used to avoid unnecessary coding and/or trans 
mission of silent frames of the audio signal, saving on com 
putation and network bandwidth. A method of voice activity 
detection (e.g., as described herein) is typically configured to 
iterate over each of a series of segments of an audio signal to 
indicate whether speech is present in the segment. 
0069. It may be desirable for a voice activity detection 
operation within a voice communications system to be able to 
detect voice activity in the presence of very diverse types of 
acoustic background noise. One difficulty in the detection of 
Voice in noisy environments is the very low signal-to-noise 
ratios that are sometimes encountered. In these situations, it is 
often difficult to distinguish between Voice and noise, music 
or other Sounds. 

0070 Various configurations are now described with ref 
erence to the Figures, where like reference numbers may 
indicate functionally similar elements. The systems and 
methods as generally described and illustrated in the Figures 
herein could be arranged and designed in a wide variety of 
different configurations. Thus, the following more detailed 
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description of several configurations, as represented in the 
Figures, is not intended to limit scope, as claimed, but is 
merely representative of the systems and methods. Features 
and/or elements depicted in a Figure may be combined with 
or replaced with one or more features and/or elements 
depicted in one or more other Figures in some configurations. 
For example, one or more of the electronic devices described 
herein may include circuitry for performing one or more of 
the functions described in connection with one or more of the 
methods described herein. Furthermore, one or more of the 
functions and/or blocks/modules in Some configurations may 
be replaced with or combined with one or more of the func 
tions and/or blocks/modules in other configurations. 
0071 FIG. 1 is a block diagram illustrating one configu 
ration of an electronic device 102 in which systems and 
methods for signal level matching may be implemented. 
Examples of the electronic device 102 include wireless com 
munication devices, digital audio recorders, video cameras, 
desktop computers, etc. For instance, examples of wireless 
communication devices include Smartphones, cellular 
phones, personal digital assistants (PDAs), wireless modems, 
handheld devices, laptop computers, Session Initiation Pro 
tocol (SIP) phones, wireless local loop (WLL) stations, other 
wireless devices, etc. 
0072 The electronic device 102 may include one or more 
of a plurality of microphones 104, an inter-microphone sub 
traction block/module 106, an envelope determination block/ 
module 110, an adjusted noise Suppression gain application 
block/module 118 and a noise suppression block/module 
114. As used herein, the phrase “block/module' indicates that 
a particular component may be implemented in hardware, 
software or a combination of both. For example, the inter 
microphone subtraction block/module 106 may be imple 
mented with hardware components such as circuitry and/or 
Software components such as instructions or code, etc. 
0073. The plurality of microphones 104 may receive (e.g., 
capture) a plurality of audio signals 182. In some implemen 
tations, an audio signal 182 may have one or more compo 
nents. For example, a microphone 104 may receive an audio 
signal 182 with a speech component and a noise component. 
In one example, a speech component may include the Voice of 
a user talking on an electronic device 102. As described 
above, a noise component of an audio signal 182 may be any 
component that interferes with a desired speech component. 
Examples of noise components include competing talkers, 
environmental noise, reverberation of the speech signal, etc. 
0074. In some configurations, the plurality of micro 
phones 104 may be spaced apart on the electronic device 102. 
For example, a first microphone 104 may be placed at a first 
location on the electronic device 102. A second microphone 
104 may be placed at a second location on the electronic 
device 102 that is distinct from the first location. In this 
example, the first microphone 104 and the second micro 
phone 104 may receive different audio signals 182. For 
example, a first microphone 104 may be located closer to the 
source of the audio signal 182. A second microphone 104 may 
be located farther away from the source of the audio signal 
182. In this example, the first microphone 104 may receive an 
audio signal 182 that is different from the audio signal 182 
that is received by the second microphone 104. For example, 
the speech component of an audio signal 182 received by the 
first microphone 104 may be stronger than the speech com 
ponent of an audio signal 182 received by the second micro 
phone 104. 
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(0075. It should be noted that the electronic device 102 may 
segment an input spectrum into one or more bands (where the 
input spectrum is based on the audio signals 182, for 
example). For instance, the electronic device 102 may include 
a segmentation block/module (not shown in FIG. 1) that 
segments the input spectrum of the audio signals 182 and 
provides the band(s) to one or more of the blocks/modules 
illustrated in FIG. 1. Accordingly, the segmentation block/ 
module may be coupled to one or more of the other blocks/ 
modules illustrated in FIG. 1. Additionally or alternatively, 
one or more of the blocks/modules (e.g., noise Suppression 
block/module 114, inter-microphone subtraction block/mod 
ule 106, envelope determination block/module 110, adjusted 
noise Suppression gain application block/module 118, etc.) 
illustrated in FIG.1 may segment the input spectrum into one 
or more bands. 

0076. A noise suppression block/module 114 may be 
coupled to the plurality of microphones 104. The noise Sup 
pression block/module 114 may receive the plurality of audio 
signals 182 from the plurality of microphones 104. Based on 
the plurality of audio signals 182, the noise Suppression 
block/module 114 may generate a noise Suppression gain 
116. In some implementations, the noise Suppression gain 
116 may reflect a version of a filter gain for an audio signal 
182 with Suppressed noise. For example, the noise Suppres 
sion block/module 114 may receive a plurality of audio sig 
nals 182 from the plurality of microphones 104. The noise 
Suppression block/module 114 may then reduce a noise audio 
signal 182 using a variety of noise suppression techniques 
(e.g., a clipping technique). 
0077. The inter-microphone subtraction block/module 
106 may be coupled to the plurality of microphones 104. The 
inter-microphone subtraction block/module 106 may receive 
the plurality of audio signals 182 from the plurality of micro 
phones 104. In some configurations, the inter-microphone 
subtraction block/module 106 may determine a difference 
signal 108 based on the plurality of audio signals 182. For 
example, the inter-microphone subtraction block/module 106 
may subtract an audio signal 182 received by a second micro 
phone 104 from an audio signal 182 received by a first micro 
phone 104 to produce a difference signal 108. 
0078. During use of an electronic device 102, the elec 
tronic device 102 may be held in various orientations. A 
speech audio signal 182 may be expected to differ from a first 
microphone 104 (e.g., a microphone 104 closer to the source 
of the audio signal 182) to a second microphone 104 (e.g., a 
microphone 104 farther from the source of the audio signal 
182) for most handset holding angles. However, a noise audio 
signal 182 may be expected to remain approximately equal 
from the first microphone 104 to the second microphone 104. 
Consequently, inter-microphone subtraction may be 
expected to improve the signal-to-noise ratio in the first 
microphone 104 (e.g., the microphone 104 closer to the 
source of the audio signal 182). 
0079. In some configurations, the difference signal 108 
may indicate the difference between one or more audio sig 
nals 182 from the plurality of microphones 104. For example, 
the difference signal 108 may indicate a difference between 
the audio signal 182 received by a first microphone 104 and 
the audio signal 182 received by a second microphone 104. In 
Some examples, the difference signal 108 may indicate one or 
more characteristics of the received audio signals 182. For 
example, the difference signal 108 may indicate a phase dif 
ference in the received audio signals 182. Additionally or 
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alternatively, the difference signal 108 may indicate a level 
difference in the received audio signals 182. The difference 
signal 108 may also accentuate the different components of 
an audio signal 182. For example, as described above, a first 
microphone 104 may have a different speech audio signal 182 
than a second microphone 104. In this example, the first 
microphone 104 and the second microphone 104 may have 
similar noise audio signals 182. In this example, the differ 
ence signal 108 may indicate the differences in the speech 
audio signals 182, thus highlighting the speech audio signal 
182. 
0080. The difference signal 108 may comprise multiple 
harmonics. In some configurations, a harmonic may be an 
integer multiple of a fundamental frequency. For example, a 
fundamental frequency may represent the resonant frequency 
of a Voice. In other words, a harmonic may be caused by 
vibration of the vocal chords. Thus, the difference signal 108 
may comprise multiple integer variations of a fundamental 
frequency. In this example, the difference signal 108 may 
include a plurality of harmonics that are based on the funda 
mental frequency. 
0081. In some configurations, a harmonicity may be com 
puted based on the difference signal 108. For example, a 
harmonicity may be computed using a harmonic product 
spectrum (HPS) approach (e.g., a degree of periodicity). A 
harmonicity threshold may be applied to the level of harmo 
nicity. If the harmonicity of the difference signal 108 exceeds 
a certain harmonicity threshold, then this frame can be 
labeled a voiced speech frame or at least is a likely candidate 
for having voiced speech. The envelope determination block/ 
module 110 may compute the harmonicity in Some configu 
rations. Alternatively, another component or block/module 
may compute the harmonicity. 
0082 In some implementations, the harmonicity thresh 
old for voiced/unvoiced speech classifications in Enhanced 
Variable Rate Codec (EVRC) may be based off of the energy 
of a waveform. The harmonicity threshold may be related to 
some of the initial terms in the Levinson-Durbin algorithm 
relating to the autocorrelation. In some implementations, the 
harmonicity threshold may be empirically determined and/or 
tunable. Some examples of harmonicity thresholds may be 
based on the number of Zero-crossings or a percentage range 
of energy. 
0083. In some implementations, a threshold may be 
applied to the difference signal 108 as well. This difference 
signal 108 threshold may be an implicit threshold. This 
implicit threshold may be zero. For example, after a bin-wise 
Subtraction, negative differences may be clipped to Zero. 
Additionally, the difference signal 108 threshold can be 
adjusted from Zero to an arbitrary fixed value or it can be set 
according to statistics such as harmonicity or a signal-to 
noise ratio. For example, if harmonicity was high recently, the 
difference signal 108 threshold can be adjusted (e.g., 
increased) so that the Small differences are neglected, as some 
of the strong harmonic component will more likely Survive in 
this condition regardless. In another example, in a low signal 
to-noise ratio case, the difference signal 108 threshold can be 
raised to discard noise in the difference signal 108. In another 
approach, the difference signal 108 threshold may be lowered 
below zero and a bias may be added to make the difference at 
threshold Zero so that the noisy desired signal can be used for 
harmonicity computation. 
0084. In some approaches, the difference signal 108 may 
be determined or obtained after multiplying one or more of 
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the audio signals 182 by one or more gains. For example, the 
difference signal 108 may be expressed as Mic1-a Mic2. 
where “Mic1 is a first microphone 104 signal, “Mic2 is a 
second microphone signal 104 and 'a' is again. It should be 
noted that one or more of the gains may be 0. For instance, the 
difference signal 108 may be expressed as Mic1-0*Mic2. 
Accordingly, the difference signal 108 may be one of the 
audio signals 182 in Some configurations. It should be noted 
that the inter-microphone subtraction block/module 106 may 
be optional and may not be included in the electronic device 
102 in Some configurations. In these configurations, one or 
more of the audio signals 182 may be provided to the enve 
lope determination block/module 110. 
I0085. The envelope determination block/module 110 may 
be coupled to the inter-microphone subtraction block/module 
106. The envelope determination block/module 110 may 
determine an envelope 112. In other words, the envelope 
determination block/module 110 may determine the shape of 
the envelope 112. The envelope determination block/module 
110 may generate and/or assemble multiple frequency band 
contours to produce an envelope 112. In some implementa 
tions, the envelope determination block/module 110 may 
determine the envelope 112 based on the plurality of audio 
signals 182. More specifically, the envelope determination 
block/module 110 may determine the envelope 112 based on 
the audio signal 182. For example, the envelope determina 
tion block/module 110 may determine the envelope 112 
based on the speech component of the audio signal 182 as 
indicated in the difference signal 108. 
I0086. In some configurations, the envelope determination 
block/module 110 may base the envelope 112 on one or more 
harmonics of the audio signal 182. As described above, the 
audio signal 182 may include one or more harmonics of the 
fundamental frequency (corresponding to speech). In this 
example, the envelope determination block/module 110 may 
preserve the harmonics of the audio signals 182 in determin 
ing the envelope 112. 
I0087. In some implementations, once a frame has been 
labeled as Voiced speech (e.g., voiced speech encodes the 
speech envelope), a pitch can be determined based on the 
detected harmonicity and speech peaks of the original micro 
phone input signal based on the pitch. The peaks may also be 
determined by performing a minimum/maximum search in 
each frame with detected voiced speech. These peak ampli 
tudes may have been damaged by noise Suppression, so they 
may need to be scaled back or restored to the original input 
levels. 
I0088. The adjusted noise suppression gain application 
block/module 118 may be coupled to the envelope determi 
nation block/module 110, the noise suppression block/mod 
ule 114 and/or the one or more microphones 104. The 
adjusted noise Suppression gain application block/module 
118 may produce an output 101 (e.g., a noise-Suppressed 
output signal) based on one or more of the noise Suppression 
gain 116, the envelope 112 and the reference audio signal 103. 
For example, the adjusted noise Suppression gain application 
block/module 118 may apply the envelope 112 to a noise 
Suppressed signal. As described earlier, the noise Suppression 
gain 116 may reflect a filter gain for an audio signal 182 with 
Suppressed noise, where the noise has been Suppressed using 
any number of noise-Suppression techniques. In some con 
figurations, the adjusted noise Suppression gain application 
block/module 118 may receive a noise suppression gain 116 
from the noise suppression block/module 114. The adjusted 
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noise Suppression gain application block/module 118 may 
also receive the envelope 112 from the envelope determina 
tion block/module 110. Additionally, the adjusted noise Sup 
pression gain application block/module 118 may receive a 
reference audio signal 103 from the one or more microphones 
104. In some configurations, the reference audio signal 103 
may be one of the audio signals 182. For example, the refer 
ence audio signal 103 may be one of the microphone 104 
signals from which an actual gain of target speech may be 
measured. 
0089. In one example, the adjusted noise suppression gain 
application block/module 118 may apply one or more of the 
envelope 112 and the noise Suppression gain to a noise-Sup 
pressed signal. In some implementations, the adjusted noise 
Suppression gain application block/module 118 may apply 
the envelope 112 and the noise Suppression gain 116 Such that 
the output 101 level approximately matches the audio signal 
182 level. For example, the adjusted noise Suppression gain 
application block/module 118 may clip one or more peaks 
and Valleys of a noise-suppressed signal. Additionally or 
alternatively, the adjusted noise Suppression gain application 
block/module 118 may scale a portion of a noise-suppressed 
signal Such that it approximately matches the envelope 112. 
For example, the adjusted noise Suppression gain application 
block/module 118 may multiply one or more bands of a 
noise-Suppressed signal Such that it approximately matches 
the envelope 112. In some configurations, the adjusted noise 
Suppression gain application block/module 118 may apply 
the envelope 112 and the noise suppression gain 116 such that 
the output 101 level approximately matches the plurality of 
audio signals 182 level. 
0090. In some configurations, the electronic device 102 
may utilize the difference signal 108 and/or the reference 
audio signal 103 in order to determine spectrum peaks. The 
spectrum peaks may be utilized to restore and/or adjust a final 
noise Suppression gain based on the spectrum peaks. It should 
be noted that the restoration or envelope adjustment may be 
applied before applying the gain function on the noise-Sup 
pressed signal. For example, if the restoration or envelope 
adjustment is applied after the gain function, some precision 
loss in fixed-point coding may occur. More detail regarding 
these configurations is given below in connection with FIGS. 
20-28. 

0091 FIG. 2 is a flow diagram illustrating one configura 
tion of a method 200 for signal level matching. The method 
200 may be performed by the electronic device 102. For 
example, the method 200 may be performed by a wireless 
communication device. The electronic device 102 may cap 
ture 202 a plurality of audio signals 182 from a plurality of 
microphones 104. For example, the plurality of microphones 
104 may convert a plurality of acoustic audio signals to a 
plurality of electronic audio signals. In some configurations, 
the electronic device 102 may segment an input spectrum into 
one or more bands (where the input spectrum is based on the 
audio signals 182, for example). 
0092. The electronic device 102 may determine 204 a 
difference signal 108 based on an inter-microphone subtrac 
tion. More specifically, the electronic device 102 may deter 
mine 204 a difference signal 108 based on an inter-micro 
phone subtraction of the plurality of audio signals 182. For 
example, the electronic device 102 may determine 204 a 
difference signal 108 based on an audio signal 182 received 
by a first microphone 104 and an audio signal 182 received by 
a second microphone 104. In some implementations, the elec 
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tronic device 102 may determine 204 a difference signal 
based on an inter-microphone subtraction, where the differ 
ence signal comprises multiple harmonics. For example, the 
difference signal 108 may comprise multiple harmonics of a 
fundamental frequency. In some implementations, determin 
ing 204 a difference signal 108 based on an inter-microphone 
Subtraction may include determining portions of the input 
spectrum that correspond to a speech signal. 
(0093. The electronic device 102 may determine 206 
whether a harmonicity of the difference signal 108 exceeds a 
harmonicity threshold. For example, a harmonicity may be 
computed based on the difference signal 108. In some imple 
mentations, this may be done as described above. If the har 
monicity of the difference signal 108 exceeds a certain har 
monicity threshold, then this frame can be labeled a voiced 
speech frame or at least is a likely candidate for having Voiced 
speech. 
(0094. The electronic device 102 may preserve 208 the 
harmonics to determine an envelope 112. For instance, the 
electronic device 102 may determine an envelope 112 by 
generating and/or assembling multiple frequency band con 
tours to produce an envelope 112. In some implementations, 
the envelope determination block/module 110 may determine 
the envelope 112 based on the plurality of audio signals 182. 
More specifically, the envelope determination block/module 
110 may determine the envelope 112 based on the speech 
audio signal 182. For example, the envelope determination 
block/module 110 may determine the envelope 112 based on 
the speech audio signal 182 as indicated in the difference 
signal 108. 
0095. In some configurations, the envelope determination 
block/module 110 may base the envelope 112 on one or more 
harmonics of an audio signal 182. In this example, the enve 
lope determination block/module 110 may preserve 208 the 
harmonics of the audio signal 182. The harmonics may then 
be used to determine the envelope 112. As described above, 
the difference signal 108 may indicate one or more harmonics 
of the audio signal 182. In some implementations, the enve 
lope determination block/module 110 may preserve 208 the 
harmonics of the audio signal 182 as indicated in the differ 
ence signal 108. In some configurations, preserving 208 the 
harmonics to develop an envelope 112 may result in envelope 
112 levels that are approximately equal to the levels of the 
plurality of the audio signals 182 received by the micro 
phones 104. 
(0096. The electronic device 102 may apply 210 one or 
more of an envelope 112 and an adjusted noise Suppression 
gain to obtain a noise-Suppressed signal. For example, the 
electronic device 102 may apply 210 the envelope 112 such 
that the output signal (e.g., normalized signal) level(s) match 
one or more levels of the input audio signal 182 (e.g., voice 
signal levels). As described above, the noise-Suppressed sig 
nal may be based on the plurality of audio signals 182. For 
example, the noise-Suppressed signal may reflect a version of 
the plurality of audio signals 182 wherein the noise has been 
Suppressed. 
0097. In some implementations, applying 210 the enve 
lope 112 may include adjusting the noise-suppressed signal to 
approximately match the envelope 112. For example, the 
adjusted noise Suppression gain application block/module 
118 may clip one or more peaks and Valleys of a noise 
Suppressed signal Such that the noise-suppressed signal 
approximately matches the envelope 112. Additionally or 
alternatively, the adjusted noise Suppression gain application 
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block/module 118 may scale a portion of the noise-sup 
pressed signal to approximately match the envelope 112. For 
example, the adjusted noise Suppression gain application 
block/module 118 may multiply one or more bands of the 
noise-Suppressed signal Such that it approximately matches 
the envelope 112. In some configurations, the adjusted noise 
Suppression gain application block/module 118 may apply 
the envelope 112 to a signal Such that the noise-suppressed 
signal levels approximately match the plurality of audio sig 
nals 182 levels. 

0098 FIG. 3 is a flow diagram illustrating one configura 
tion of a method 300 for speech envelope preservation and/or 
restoration. The method 300 may be performed by the elec 
tronic device 102. In some configurations, the electronic 
device 102 may determine 302 if the inter-microphone gain 
differences are small on average. If the electronic device 102 
determines 302 that the inter-microphone gain differences are 
small on average, the electronic device 102 may switch 304 to 
a single microphone. For example, if the signal meets one or 
more criteria, the electronic device 102 may be held away 
from the mouth and switched 304 to a single microphone 104. 
An example of Switching 304 to a single microphone is given 
as follows. The electronic device 102 may determine if the 
audio signal 182 meets one or more criteria. In some 
examples, the audio signal 182 may be a dual microphone 104 
signal defined by the relationship Mic1-bMic2, where b is a 
Scalar. Examples of criteria include a harmonicity of the audio 
signal 182 exceeding a certain threshold a few number of 
times in a defined period of time, a single channel Voice 
activity detector is active and dual microphone 104 noise 
Suppressed output is attenuated with respect to the input. In 
Some configurations, in addition to evaluating whether the 
difference signal exceeds a certain harmonicity threshold in 
each frame, this condition may have to be fulfilled for at least 
a certain number of frames within a period (e.g., 2 seconds) 
for there to be sufficient evidence to switch the noise suppres 
sion scheme from multiple (e.g., dual) microphones to a 
single microphone. If the electronic device 102 determines 
that the audio signal 182 meets one or more criteria, the 
electronic device 102 may switch 304 to a single microphone 
104. In some examples, Switching 304 to a single microphone 
104 may be based on received input. For example, a user may 
hold the phone away from the mouth. 
0099. If the electronic device 102 determines 302 that 
inter-microphone gains are not small on average, the elec 
tronic device 102 may measure 306 the inter-microphone 
differences for every frequency bin. In some implementa 
tions, the electronic device 102 may label 308 the frequency 
bins as speech spectrum bins based on one or more criteria. 
For example, the electronic device 102 may label 308 the 
frequency bins as speech spectrum bins when the differences 
(e.g., inter-microphone gain differences) exceed a certain 
threshold and the near end Voiced speech detector indicates 
Voice activity (e.g., when a harmonic product spectrum Voice 
activity detector is equal to 1). The electronic device 102 may 
predict 310 additional speech spectrum peaks using a 
detected pitch. The electronic device 102 may measure 312 
the labeled speech spectrum gains in the first microphone 104 
(e.g., Mic1) signal. The electronic device 102 may restore 314 
the output speech spectrum peak bins to the first microphone 
104 (e.g., Mic1) level and/or attenuate speech spectrum val 
ley bins. 
0100 FIG. 4 is a block diagram illustrating another con 
figuration of an electronic device 402 in which systems and 
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methods for signal level matching may be implemented. The 
electronic device 402 may be an example of the electronic 
device 102 described in connection with FIG. 1. The elec 
tronic device 402 may include an inter-microphone subtrac 
tion block/module 406, which may be an example of the 
inter-microphone subtraction block/module 106 described in 
connection with FIG. 1. Specifically, the inter-microphone 
subtraction block/module 406 may subtract one or more 
audio signals 482a-b provided by the plurality of micro 
phones 104. In some configurations, the audio signals 482a-b 
may be examples of the audio signals 182 described in con 
nection with FIG. 1. In some implementations, the inter 
microphone Subtraction block/module 406 may segment an 
input spectrum into one or more bands. The inter-microphone 
subtraction block/module 406 may lower noise levels in the 
audio signals 482a-b, possibly enhancing the peaks of the 
difference signal 408 generated by the inter-microphone sub 
traction block/module 406. In some configurations, the dif 
ference signal 408 may be an example of the difference signal 
108 described in connection with FIG. 1. 

0101 The electronic device 402 may also include one or 
more of a peak tracker 424, a pitch tracker 422, an echo 
cancellation/noise Suppression block/module 420, a noise 
peak learner 438, a residual noise suppression block/module 
436, a peak localizer 426, a refinement block/module 428, a 
speech template spectrum determination block/module 440, a 
speech reference spectrum determination block/module 442, 
an assemble spectrum block/module 444 and again adjuster 
block/module 446. 

0102 The difference signal 408 may be provided to one or 
more of the peak tracker 424 and the pitch tracker 422. Addi 
tionally or alternatively, the plurality of microphones 104 
may provide audio signals 482a-b to the peak tracker 424 
and/or the pitch tracker 422. The peak tracker 424 may track 
peaks in the difference signal 408 and/or two or more audio 
signals 482a-b. The pitch tracker 422 may track the pitch 
(e.g., the fundamental frequency and/or harmonics of a Voice 
signal) of the difference signal 408 and/or two or more audio 
signals 482a-b. The peak tracker 424 and/or the pitch tracker 
422 may provide tracking information to a peak localizer 426. 
In some implementations, the peak localizer 426 may deter 
mine the location of peaks in the audio signals 482a-b. For 
example, the peak localizer 426 may analyze the peaks of the 
difference signal 408 and the audio signals 482a-b received 
from the microphones 104 to determine which peaks are 
caused by noise and which peaks are caused by speech. 
0103) The peak localizer 426 may provide peak informa 
tion to a refinement block/module 428. The refinement block/ 
module 428 may determine the sufficiency of peak informa 
tion for determining an envelope 112. As described above, the 
envelope 112 may be based on the peaks of the plurality of 
audio signals 482a-b. If the peaks are not sufficient, then the 
envelope 112 may not be reliable. In one configuration, the 
refinement block/module 428 may determine if the peaks are 
Sufficient by determining the signal-to-noise ratio of the audio 
signals 482a-b and determining whether the signal-to-noise 
ratio is too low. For example, the refinement block/module 
428 may determine if the signal-to-noise ratios are less than a 
first threshold. If a signal-to-noise ratio of a peak is too low 
(e.g., lower than the first threshold), then that peak may not 
provide sufficient information to determine the shape of the 
envelope 112. In this case, the electronic device 402 may 
utilize a speech template spectrum 484 located in a speech 
template spectrum determination block/module 440 in order 
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to select a replacement band spectrum for the portion of the 
audio signals 482a-b with a low signal-to-noise ratio. In some 
configurations, the speech template spectrum 484 may be 
based on a codebook. In other configurations, the speech 
template spectrum 484 may be based on an interpolation of 
the bands of the input spectrum (e.g., the difference signal 408 
and the audio signals 482a-b) where the signal-to-noise ratio 
was sufficient. 
0104. By comparison, if a peak is sufficient (e.g., the sig 
nal-to-noise ratio is not too low), then the electronic device 
402 may utilize a speech reference spectrum 486 in order to 
select the band spectrum for that portion of the audio signals 
482a-b. As described above, the plurality of microphones 104 
may be coupled to a speech reference spectrum determination 
block/module 442. In some cases, the speech reference spec 
trum determination block/module 442 may include a speech 
reference spectrum 486 that is based on the plurality of audio 
signals 482a-b. In this case, the speech reference spectrum 
486 contained in the speech reference spectrum determina 
tion block/module 442 may include the portions of the input 
spectrum (e.g., the audio signals 482a-b from the plurality of 
microphones 104) where the signal-to-noise ratio was not too 
low. 

0105. One or more signal bands from the speech reference 
spectrum 486 and/or from the speech template spectrum 484 
may be provided to an assemble spectrum block/module 444. 
For example, the speech reference spectrum determination 
block/module 442 may send one or more bands of the speech 
reference spectrum 486 (e.g., corresponding to bands of the 
audio signal 482a-b where the peak information was suffi 
cient) to the assemble spectrum block/module 444. Similarly, 
the speech template spectrum determination block/module 
440 may send one or more bands of the speech template 
spectrum 484 (e.g., corresponding to bands of the audio sig 
nal 482a-b where the peak information was not sufficient) to 
the assemble spectrum block/module 444. The assemble 
spectrum block/module 444 may assemble a target spectrum 
488 based on the received bands. In some configurations, the 
envelope 112 described in connection with FIG.1 may be an 
example of the target spectrum 488. In some implementa 
tions, the target spectrum 488 may be based on again differ 
ence and a pitch estimate. The target spectrum 488 may then 
be provided to the gain adjuster block/module 446. As will be 
described in greater detail below, the gain adjuster block/ 
module 446 may adjust the gain of a noised-suppressed signal 
based on the target spectrum 488 and/or the noise Suppression 
gain 416. 
0106 The echo cancellation/noise suppression block/ 
module 420 may perform echo cancellation and/or noise Sup 
pression on the input audio signals 482a-b received from the 
one or more microphones 104. In some implementations, the 
echo cancellation/noise Suppression block/module 420 may 
implement one or more of the functions performed by the 
noise Suppression block/module 114 described in connection 
with FIG.1. The echo cancellation/noise suppression block/ 
module 420 may provide a voice and noise signal 434 (V+N) 
as well as a noise signal 432 (N) to a residual noise Suppres 
sion block/module 436. 

0107 Noise peak information 430 from the peak localizer 
426 may be provided to the residual noise suppression block/ 
module 436. Additionally or alternatively, a noise peak 
learner 438 may provide information to the residual noise 
suppression block/module 436. The noise peak learner 438 
may determine (e.g., learn) peaks in the non-stationary noise 
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spectrum. In some configurations, this may be accomplished 
based on the same techniques utilized in pitch tracking and/or 
peak tracking. However, this may be performed on a noise 
reference signal or may be determined (e.g., learned) as a side 
product of the speech peak tracking. The learned noise peaks 
may be utilized to identify a tonal residual of interfering 
speakers or music. The tonal residual(s) may then be effec 
tively removed in a noise Suppression post-processing stage 
(e.g., the residual noise Suppression block/module 436), for 
example. The residual noise suppression block/module 436 
may perform additional noise Suppression in an attempt to 
remove residual noise from the Voice and noise signal 434. 
For example, the residual noise Suppression block/module 
436 may determine the harmonics of a first microphone 104 
signal. Based on those harmonics, the residual noise Suppres 
sion block/module 436 may further suppress noise. In another 
example, the residual noise suppression block/module 436 
may determine the harmonics of a difference signal (e.g., a 
first microphone 104 minus a second microphone 104 signal). 
Based on those harmonics, the residual noise Suppression 
block/module 436 may further suppress noise. For example, 
the residual noise Suppression block/module 436 may Sup 
press residual noise based on the plurality of audio signals. In 
Some implementations, the residual noise Suppression block/ 
module 436 may implement one or more of the functions 
performed by the noise suppression block/module 114 
described in connection with FIG. 1. 

0108. The residual noise suppression block/module 436 
may provide a noise-suppression gain 416 to the gain adjuster 
block/module 446. The gain adjuster block/module 446 may 
amplify and/or attenuate portions (e.g., frequency bands) of a 
noise-suppressed signal based on the target spectrum 488 
and/or the noise Suppression gain 416. Additionally or alter 
natively, the gain adjuster block/module 446 may scale a 
portion of a noise-suppressed signal Such that it approxi 
mately matches the target spectrum 488. For example, the 
gain adjuster block/module 446 may multiply one or more 
bands of a noise-Suppressed signal Such that it approximately 
matches the target spectrum 488. In some configurations, the 
gain adjuster block/module 446 may apply the target spec 
trum 488 to a noise-Suppressed signal Such that the noise 
Suppressed signal approximately matches the level of the 
plurality of the audio signals 482a-b of the plurality of micro 
phones 104. In some configurations, the gain adjuster block/ 
module 446 may clip one or more peaks and Valleys of the 
noise-suppressed signal Such that the noise-suppressed signal 
approximately matches the level(s) of the target spectrum 488 
and/or level(s) of the plurality of audio signals 482a-b. The 
gain adjuster block/module 446 may provide an output spec 
trum 448. In some configurations, the output spectrum 448 
may reflect the noise-Suppressed signal with the target spec 
trum 488 applied. The level(s) of the output spectrum 448 
signal may approximately match those of the input audio 
signal 482a-b (e.g., input Voice signal). 
0109. The SNR tracker 447 may be implemented similar 
to the SNR determination block/module 2085 described in 
connection with FIG. 20 in some configurations. Addition 
ally, the peak tracker 424 may be implemented similar to the 
peak map block/module 2083 described in connection with 
FIG. 20. Furthermore, the pitch tracker 422 may include the 
frame-wise processing block/module 2073 described in con 
nection with FIG. 20 to compute harmonicity information. 
The refinement block/module 428 may include the post-pro 
cessing block/module 2093 described in connection FIG. 20. 
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0110. In some configurations, the pitch tracker 422 may 
provide harmonicity information in order to perform micro 
phone Switching (e.g., dual to single microphone Switching 
and single to dual microphone Switching stat change) in (and/ 
or before) the echo cancellation/noise suppression block/ 
module 420. 

0111 FIG. 5 is a flow diagram illustrating another con 
figuration of a method 500 for signal level matching. The 
method 500 may be performed by an electronic device 102. 
The electronic device 102 may segment 502 an input spec 
trum into multiple frequency bands. In some configurations, 
an input spectrum may include a plurality of audio signals 
182. In this example, the electronic device 102 may segment 
502 the input spectrum (e.g., the plurality of audio signals 
182) into multiple frequency ranges. The electronic device 
102 may measure 504 the signal-to-noise ratio at each fre 
quency band. In this example, one or more signal-to-noise 
ratios may correspond to the input spectrum. The electronic 
device 102 may determine 506 if the signal-to-noise ratios are 
less than a first threshold. 

0112. The electronic device 102 may assemble 508 a tar 
get spectrum 488. For example, the electronic device 102 may 
assemble 508 multiple frequency bands in order to produce a 
target spectrum 488. In some implementations, if the elec 
tronic device 102 determines 506 that a signal-to-noise ratio 
of a frequency band was lower than the first threshold, assem 
bling 508 a target spectrum 488 may include replacing a 
portion of a speech reference spectrum 486 with a portion of 
a speech template spectrum 484. The target spectrum 488 
may include one or more of a portion of a speech reference 
spectrum 486 and a portion of a speech template spectrum 
484. In some configurations, the electronic device 102 may 
replace portions of the speech reference spectrum 486 with 
the speech template spectrum 484. The portion of the speech 
reference spectrum 486 that is replaced may include one or 
more bands where the signal-to-noise ratio is less than the first 
threshold. For example, if the signal-to-noise ratio for one or 
more bands is less than the first threshold, the electronic 
device 102 may search a codebook (e.g., a speech template 
spectrum 484) for a nearest matching contour. The electronic 
device 102 may then replace a portion of the speech reference 
spectrum 486 with that portion of the speech template spec 
trum 484. In this way, the electronic device 102 may option 
ally utilize a speech template spectrum 484 for cases where 
the signal-to-noise ratio is too low to reliably determine an 
input voice (e.g., speech) contour. In some configurations, 
assembling 508 the target spectrum 488 may include har 
monic synthesis generation. 
0113. If the electronic device 102 determines 506 that a 
signal-to-noise ratio of a frequency band was not lower than 
the first threshold, assembling 508 a target spectrum 488 may 
include assembling a portion of the speech reference spec 
trum 486. In some examples, the speech reference spectrum 
486 may be based on the input spectrum. In some configura 
tions, the portion of the speech reference spectrum 486 that is 
included may correspond to the frequency bands that exhib 
ited signal-to-noise ratios greater than the first threshold. In 
some implementations, the method 500 may further include 
Suppressing residual noise based on the plurality of audio 
signals. 
0114. The electronic device 102 may adjust 510 again of 
one or more bands in a noise-suppressed signal based on the 
target spectrum 488. For example, if the electronic device 102 
determines 506 that the signal-to-noise ratios are not less than 
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a first threshold or upon assembling 508 a target spectrum 
488, the electronic device 102 may adjust 510 the gain of the 
noise-suppressed signal for each band in order to approxi 
mately match one or more output spectrum 448 levels with 
one or more input signal levels. For example, the electronic 
device 102 may scale a portion of the noise-suppressed signal 
Such that it approximately matches the target spectrum 488. 
For example, the electronic device 102 may multiply one or 
more bands of the noise-Suppressed signal Such that it 
approximately matches the target spectrum 488. In some 
configurations, the electronic device 102 may adjust 510 the 
noise-suppressed signal Such that the noise-suppressed signal 
approximately matches the level(s) of the plurality of audio 
signals 182. 
0115 FIG. 6 is a flow diagram illustrating one configura 
tion of a method 600 for noise suppression. In some imple 
mentations, the electronic device 102 may include circuitry 
for performing one or more of the functions described herein. 
In some configurations, the electronic device 102 may obtain 
602 a dual microphone 104 noise suppression output. The 
electronic device 102 may compute 604 the pitch and harmo 
nicity statistic on the second microphone 104 audio signal 
182 or a Mic2-bMic1 audio signal 182 for each time frame. 
The electronic device 102 may go 606 to multiples of a noise 
pitch frequency in the dual microphone 104 noise Suppres 
sion output. In some configurations, the electronic device 102 
may utilize multiples of the noise pitch frequency based on a 
primary microphone signal (e.g., one of the audio signals 
182) to predict harmonic noise peaks and provide selective 
noise reduction at those noise peak locations only. In some 
implementations, the electronic device 102 may determine 
608 if the inter-microphone gain is small or negative. If the 
electronic device 102 determines 608 that the inter-micro 
phone gain is Small or negative, the electronic device 102 may 
clip 612 the identified peaks mildly. In some configurations, if 
the electronic device 102 determines 608 that the inter-mi 
crophone gain difference is Small or negative, the electronic 
device 102 may not clip the identified peaks at all. Addition 
ally or alternatively, if the inter-microphone gain difference is 
Small (or negative) on average, the electronic device 102 may 
label one or more frequencybins as speech spectrum bins. If 
the electronic device 102 determines 608 that the inter-mi 
crophone gain differences are not small or negative, the elec 
tronic device 102 may clip 610 the identified peaks aggres 
sively. 
0116 FIG. 7 is a block diagram illustrating another con 
figuration of an electronic device 702 in which systems and 
methods for signal level matching may be implemented. In 
some configurations, the electronic device 702 may be an 
example of the electronic device 102 described in connection 
with FIG. 1. The electronic device 702 may include one or 
more of a first filter 754a, a first summer 782a, a first trans 
former 756a, a pitch analysis block/module 762, a sinusoidal 
parameter estimation block/module 766, a sinusoidal synthe 
sis block/module 768, a scale block/module 774, a second 
filter 754b, a third filter 754C, a second summer 782b and a 
second transformer 756b. 

0117 The electronic device 702 may receive one or more 
noise signals 750. Examples of noise signals 750 include, but 
are not limited to babble noise, environmental noise or any 
other competing speech. The noise signal 750 may be pro 
vided to (e.g., received by) a first filter 754a to produce a 
filtered noise signal 758. In some implementations, the first 
filter 754a may be a low-pass filter (for example, a 600 HZ 
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low-pass filter). The first filter 754a may be coupled to the 
first summer 782a. The filtered noise signal 758 may be 
provided to the first summer 782a. The first summer 782a 
may sum or combine the filtered noise signal 758 with a 
speech signal 752 to produce a first summed signal 790a. In 
some configurations, the speech signal 752 may be a “clean' 
wideband (WB) speech signal 752. In some configurations, 
the noise signal 750 (e.g., the babble noise or competing 
speech signal) and the speech signal 752 (e.g., the “clean' 
WB speech signal) may be provided to an echo cancellation/ 
noise suppression block/module 420. In this example, the 
speech signal 752 (e.g., the “clean' WB speech signal) may 
be a noise-suppressed signal. 
0118. The first transformer 756a may be coupled to the 

first summer 782a. In this example, the first summed signal 
790a may be provided to the first transformer 756a. The first 
transformer 756a may transform the first summed signal 
790a into a transformed signal 760. In some implementa 
tions, the transformed signal 760 may be similar to the first 
summed signal 790a in the frequency domain. The first trans 
former 756a may be a fast Fourier transform (FFT) block/ 
module. 
0119) The first transformer 756a may be coupled to a third 

filter 754c. The third filter 754c may receive the transformed 
signal 760 and multiply it to produce a second filtered signal 
780 that will be described in greater detail below. 
0120. The first transformer 756a may also be coupled to a 
pitch analysis block/module 762. In this example, the pitch 
analysis block/module 762 may receive the transformed sig 
nal 760. The pitch analysis block/module 762 may perform 
pitch analysis in order to extract a frequency (e.g., fundamen 
tal frequency 764) from the transformed signal 760. The pitch 
analysis block/module 762 may also provide a confidence 
measure or voicing parameter 770 to a scale block/module 
774 that is coupled to the pitch analysis block/module 762. 
0121 The fundamental frequency 764 may be provided to 
a sinusoidal parameter estimation block/module 766 that is 
coupled to the pitch analysis block/module 762. As will be 
described in greater detail below, the sinusoidal parameter 
estimation block/module 766 may perform one or more 
operations to estimate one or more sinusoidal parameters. 
0122) The sinusoidal parameters may be provided to a 
sinusoidal synthesis block/module 768 that is coupled to the 
sinusoidal parameter estimation block/module 766 to pro 
duce a sinusoidal signal 772. In some implementations, the 
sinusoidal signal 772 may be transformed into the frequency 
domain, for example via a fast Fourier transform (FFT). The 
resulting frequency domain sinusoidal signal 772 may be 
provided to a scale block/module 774 that is coupled to the 
sinusoidal synthesis block/module 768. The scale block/ 
module 774 may multiply the frequency domain sinusoidal 
signal 772 with the confidence measure or voicing parameter 
770 to produce a scaled sinusoidal signal 776. 
(0123. The second filter 754b that may be coupled to the 
scale block/module 774 may receive the scaled sinusoidal 
signal 776 to produce a first filtered signal 778. A second 
summer 782b that may be coupled to the second filter 754b 
and the third filter 754c may receive the first filtered signal 
778 and the second filtered signal 780. The second summer 
782b may sum the first filtered signal 778 and the second 
filtered signal 780 to produce a second summed signal 790b. 
A second transformer 756b that may be coupled to the second 
summer 782b may receive the second summed signal 790b. 
The second transformer 756b may transform the second 
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summed signal 790b into the time domain to produce a time 
domain Summed signal 784. For example, the second trans 
former 756b may be an inverse fast Fourier transform that 
transforms the second summed signal 790b into the time 
domain to produce a time domain Summed signal 784. 
0.124 FIG. 8 is a flow diagram illustrating another con 
figuration of a method 800 for signal level matching. The 
method 800 may be performed by an electronic device 102. 
The electronic device 102 may receive 802 a noise signal 750. 
The noise signal 750 may include babble noise, environmen 
tal noise and any other signal that competes with a speech 
signal 752. In some configurations, the speech signal 752 may 
be denoted as x(n). The first filter 754a may filter 804 the 
noise signal 750 to produce a filtered noise signal 758. In 
some implementations, the first filter 754a may be a low-pass 
filter. A first summer 782a coupled to the first filter 754a may 
generate 806 a first summed signal 790a based on the filtered 
noise signal 758 and the speech signal 752. In some configu 
rations, the first summed signal 790a may be denoted as x(n). 
The first transformer 756a may generate 808 a transformed 
signal based on the filtered summed signal 790a. The trans 
formed signal 760 may be denoted as X, (k). In some configu 
rations, the transformed signal 760 may be based on the first 
summed signal 790a. For example, the transformed signal 
760 may be similar to the first summed signal 790a in the 
frequency domain. The first transformer 756a may use a fast 
Fourier transform (FFT) to generate 808 the transformed 
signal 760. 
0.125. A pitch analysis block/module 762 of the electronic 
device 102 may generate 810 a fundamental frequency 764 of 
the transformed signal 760. For example, the pitch analysis 
block/module 762 may receive the transformed signal 760 
and perform pitch analysis to extracta fundamental frequency 
764. The fundamental frequency 764 may be denoted as (). 
The pitch analysis block/module 762 may also generate 812 a 
confidence measure or voicing parameter 770. In some imple 
mentations, the confidence measure or voicing parameter 770 
may be based on the transformed signal 760. 
0.126 The sinusoidal parameter estimation block/module 
766 may estimate 814 one or more sinusoidal parameters 
based on the fundamental frequency 764. For example, the 
sinusoidal parameter estimation block/module 766 may esti 
mate 814 one or more sinusoidal parameters based on one or 
more of the following equations. 

doi = lcoo 

Ai = X(o;) 

an -1) + focrat and 
L. 

S(n) = X. Acos(on -- 8.). 
i=1 

I0127. In the above described equations, co, may refer to the 
fundamental frequency 764 or pitch, A, may refer to ampli 
tudes of the speech peaks at multiples of a pitch frequency, 
(," may refer to the phase components in each frequencybin 
i and frame mand S(n) may refer to the one or more sinusoidal 
parameters. 
I0128. The sinusoidal synthesis block/module 768 may 
generate 816 a sinusoidal signal 772 based on the one or more 
sinusoidal parameters. For example, the sinusoidal synthesis 
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block/module 768 may perform a fast Fourier Transform of 
one or more sinusoidal parameters to generate a sinusoidal 
signal 772. In some implementations, the sinusoidal signal 
772 may be denoted as S(k). In these implementations, the 
relationship between the sinusoidal parameters S(n) and the 
sinusoidal signal S(k) 772 may be illustrated as S(k)=FFTs 
(n)}. 
0129. A scale block/module 774 of the electronic device 
102 may generate 818 a scaled sinusoidal signal 776 based on 
the sinusoidal signal 772 and the confidence measure or voic 
ing parameter 770. For example, the scale block/module 774 
may multiply the frequency domain sinusoidal signal 772 
with the confidence measure or voicing parameter 770 to 
generate 818 a scaled sinusoidal signal 776. 
0130. The second filter 754b may filter 820 the scaled 
sinusoidal signal 776 to produce a first filtered signal 778. For 
example, the scaled sinusoidal signal 776 may be multiplied 
by W(k)(e.g., a low-pass filter transfer function) or filtered to 
produce a first filtered signal 778. Similarly, the third filter 
754c may filter 822 the transformed signal 760 to produce a 
second filtered signal 780. For example, the transformed sig 
nal 760 may be multiplied by W(k) (e.g., a high-pass filter 
transfer function) or filtered to produce a second filtered 
signal 780. 
0131 The second summer 782b may sum 824 the first 
filtered signal 778 and the second filtered signal 780 to pro 
duce a second summed signal 790b. For example, the second 
summer 782b may receive the first filtered signal 778 and the 
second filtered signal 780 and combine them to produce a 
second summed signal 790b. 
(0132) The second transformer 756b may transform 826 
the second summed signal 790b into the time domain. For 
example, the second transformer 756b may use an inverse fast 
Fourier Transform to transform 826 the second summed sig 
nal 790b into the time domain to produce a time domain 
summed signal 784. 
0.133 FIG. 9 is a block diagram illustrating another con 
figuration of an electronic device 902 in which systems and 
methods for signal level matching may be implemented. The 
electronic device 902 may be an example of the electronic 
device 102 described in connection with FIG. 1. The elec 
tronic device 902 may include a pitch tracker 922, an echo 
cancellation/noise suppression block/module 920, a speech 
template spectrum determination block/module 940 and an 
assemble spectrum block/module 944 similar to correspond 
ing elements described earlier. The electronic device 902 may 
also include one or more of a signal-to-noise generator/spec 
trum evaluator 990, a time domain block/module 992 and a 
harmonic synthesis generator 994. 
0134. In some examples, the plurality of microphones 104 
(not shown) may be coupled to the pitch tracker 922 and/or to 
an echo cancellation/noise suppression block/module 920. 
The input audio signals 982a-b from the plurality of micro 
phones 104 may be provided to the pitch tracker 922. The 
pitch tracker 922 may track the pitch of the audio signals 
982a-b (e.g., the fundamental frequency and/or harmonics of 
a Voice signal). The pitch tracker 922 may provide tracking 
information 984 (e.g., a frequency, ()) to a harmonic synthesis 
generator 994. 
0135 The echo cancellation/noise suppression block/ 
module 920 may perform echo cancellation and/or noise Sup 
pression on the input audio signals 982a-b received from the 
one or more microphones 104. In some implementations, the 
echo cancellation/noise suppression block/module 920 may 
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implement one or more of the functions performed by the 
noise Suppression block/module 114 described in connection 
with FIG.1. The echo cancellation/noise suppression block/ 
module 920 may provide a voice and noise signal 934 (V+N) 
as well as a noise signal 932 (N) to a signal-to-noise ratio 
generator/spectrum evaluator 990. 
0.136 The signal-to-noise generator/spectrum evaluator 
990 may determine a target band spectrum 986. In some 
implementations, the target band spectrum 986 may be an 
example of the target spectrum 488 described in connection 
with FIG. 4. The electronic device 902 may optionally deter 
mine replacement spectrum gain988 (e.g. A.). In some imple 
mentations, the replacement spectrum gain 988 may be based 
on one or more of the speech reference spectrum 486 and the 
speech template spectrum 484 as described in connection 
with FIG. 4. In some implementations, the replacement spec 
trum gain 988 may be obtained from a speech template spec 
trum determination block/module 940 (e.g., codebook) based 
on the target band spectrum 986. The replacement spectrum 
gain 988 may be provided to the harmonic synthesis generator 
994. 

0.137 The signal-to-noise ratio generator/spectrum evalu 
ator 990 may also provide a frequency domain signal to a time 
domain block/module 992. The time domain block/module 
992 may convert the frequency domain signal into the time 
domain. The time domain block/module 992 may also pro 
vide the time domain signal to the harmonic synthesis gen 
erator 994. The harmonic synthesis generator 994 may gen 
erate a replacement band spectrum 996 based on the 
replacement spectrum gain 988, the tracking information 984 
and a time-domain signal. The replacement band spectrum 
996 may be provided to an assemble spectrum block/module 
944. The assemble spectrum block/module 944 may 
assemble a spectrum and produce an output spectrum 948 
based on an output from the signal-to-noise generator/spec 
trum evaluator 990 and/or the replacement band spectrum 
996. 

0.138 FIG. 10 is a block diagram illustrating one configu 
ration of an electronic device 1002 in which systems and 
methods for detecting Voice activity may be implemented. In 
some configurations, the electronic device 1002 may be an 
example of the electronic device 102 described in connection 
with FIG. 1. The electronic device 1002 may include one or 
more of a speech pitch histogram determination block/mod 
ule 1098, a harmonic statistic determination block/module 
1003, a near end voiced speech detector 1007, at least one 
single channel voice activity detector 1009 and a near end 
speech detector 1011. 
0.139. In some configurations, the speech pitch histogram 
determination block/module 1098 may determine a speech 
pitch histogram 1001 that may be used to detect voiced 
speech audio signals 182. For example, the speech pitch 
histogram determination block/module 1098 may determine 
the speech pitch histogram 1001 that corresponds to a voiced 
speech audio signal 182. In some configurations, a Voiced 
speech audio signal 182 may be detected based on pitch. In 
this configuration, the speech pitch histogram 1001 may dis 
tinguish an audio signal 182 that corresponds to voiced 
speech from other types of audio signals 182. For example, a 
Voiced speech audio signal 182 may correspond to a distinct 
pitch range. Other types of audio signals 182 may correspond 
to other pitch ranges. In some implementations, the speech 
pitch histogram 1001 may identify the pitch range that cor 
responds to Voiced speech audio signals 182. 
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0140. The harmonic statistic determination block/module 
1003 may be coupled to the speech pitch histogram determi 
nation block/module 1098. A voiced speech audio signal 182 
may also be detected based on harmonics. As described 
above, harmonics are multiples of the fundamental frequency 
of an audio signal 182 (e.g., the resonant frequency of a 
voice). As used herein, the term “harmonicity” may refer to 
the nature of the harmonics. For example, the harmonicity 
may refer to the number and quality of the harmonics of an 
audio signal 182. For example, an audio signal 182 with good 
harmonicity may have many well-defined multiples of the 
fundamental frequency. 
0141. In some configurations, the harmonic statistic deter 
mination block/module 1003 may determine a harmonic sta 
tistic 1005. A statistic, as used herein, may refer to a metric 
that identifies voiced speech. For example, voiced speech 
may be detected based on audio signal 182 energy level. In 
this example, the audio signal 182 energy level may be a 
statistic. Other examples of statistics may include the number 
of Zero crossings perframe (e.g., the number of times the sign 
of the value of the input audio signal 182 changes from one 
sample to the next), pitch estimation and detection algorithm 
results, formant determination results, cepstral coefficient 
determination results, metrics based on signal-to-noise ratios, 
metrics based on a likelihood ratio, speech onset and/or off 
set, dual-microphone signal difference (e.g., magnitude dif 
ference, gain difference, level difference, proximity differ 
ence and/or phase difference). In some configurations, a 
statistic may include any suitable combination of two or more 
metrics. In these examples, a voiced speech audio signal 182 
may be detected by applying a threshold value to the statistic 
value (also called a score). Such a score may be compared to 
a threshold value to determine voice activity. For example, a 
Voiced speechaudio signal 182 may be indicated by an energy 
level that is above a threshold, or a number of Zero crossings 
that is above a threshold. 

0142. Thus, a harmonic statistic 1005 may refer to a metric 
that identifies voiced speech based on the harmonicity of an 
audio signal 182. For example, a harmonic statistic 1005 may 
identify an audio signal 182 as voiced speech if the audio 
signal 182 has good harmonicity (e.g., many well-defined 
multiples of the fundamental frequency). In this example, a 
Voiced speech audio signal 182 may be detected by applying 
a threshold value to the harmonic statistic 1005 value (e.g., 
the score). Such a score may be compared to a threshold value 
to determine Voice activity. For example, voice activity may 
be indicated by a harmonic statistic 1005 that is above a 
threshold. 

0143. In some implementations, the harmonic statistic 
1005 may be based on the speech pitch histogram 1001. For 
example, the harmonic statistic determination block/module 
1003 may receive the speech pitch histogram 1001 from the 
speech pitch histogram determination block/module 1098. 
The harmonic statistic determination block/module 1003 
may then determine a harmonic statistic 1005. In some con 
figurations, a harmonic statistic 1005 based on the speech 
pitch histogram 1001 may identify an audio signal 182 having 
good harmonicity and that falls within the pitch range defined 
by the speech pitch histogram 1001. An example of a har 
monic statistic 1005 that may be based on the speech pitch 
histogram 1001 is given as follows. As described above, a 
Voiced speech audio signal 182 may include one or more 
harmonics. Similarly, Some non-voiced audio signals 182 
may also include one or more harmonics, for example, music. 
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However, the non-voiced audio signals 182 may correspond 
to a different pitch range. In this example, a harmonic statistic 
1005 based on the speech pitch histogram 1001 may distin 
guish the Voiced speech audio signal 182 (e.g., an audio signal 
182 with good harmonicity and falling within the pitch range) 
from a non-voiced audio signal 182 (e.g., an audio signal 182 
having good harmonicity and falling outside the pitch range). 
0144. The near end voiced speech detector 1007 may 
detect near end Voiced speech. For example, a user talking on 
an electronic device 102 (e.g., a wireless communication 
device) with a plurality of microphones 104 may generate 
near end Voiced speech. The near end Voiced speech detector 
1007 may be coupled to the harmonic statistic determination 
block/module 1003. In this example, the near end voiced 
speech detector 1007 may receive the harmonic statistic 1005 
from the harmonic statistic determination block/module 
1003. Based on the harmonic statistic 1005, the near end 
voiced speech detector 1007 may detect near end voiced 
speech. For example, the near end Voiced speech detector 
1007 may detect near end voiced speech when an audio signal 
182 satisfies the harmonic statistic 1005 (e.g., the harmonicity 
of the audio signal 182 is greater than a threshold as defined 
by the harmonic statistic 1005). As described above, in some 
configurations, the harmonic statistic 1005 may be based on 
the speech pitch histogram 1001. 
0145 The near end voiced speech detector 1007 may also 
detect near end Voiced speech based on the speech pitch 
histogram 1001. For example, the near end voiced speech 
detector 1007 may detect near end voiced speech when an 
audio signal 182 falls within a pitch range defined by the 
speech pitch histogram 1001. 
0146 In some configurations, the near end Voiced speech 
detector 1007 may detect near end voiced speech based on a 
combination of the harmonic statistic 1005 and the speech 
pitch histogram 1001. For example, the near end voiced 
speech detector 1007 may detect near end voiced speech if the 
pitch of the audio signal 182 falls within the pitch range 
defined by the speech pitch histogram 1001 and when the 
audio signal 182 satisfies the harmonic statistic 1005 (e.g., the 
harmonicity of the audio signal 182 is greater thana threshold 
as defined by the harmonic statistic 1005). In some imple 
mentations, the near end voiced speech detector 1007 may 
detect near end speech based on different weightings of the 
harmonic statistic 1005 and the speech pitch histogram 1001. 
For example, the near end voiced speech detector 1007 may 
detect near end Voiced speech when the harmonicity is high, 
notwithstanding a pitch that may not fall entirely within the 
pitch range as defined by the speech pitch histogram 1001. 
Similarly, the near end voiced speech detector 1007 may 
detect near end Voiced speech when the pitch range falls 
entirely within the pitch range as defined by the speech pitch 
histogram 1001, notwithstanding a lower harmonicity. 
0147 Additionally or alternatively, the near end voiced 
speech detector 1007 may be associated with a gain statistic. 
In this example, the gain statistic may identify voiced speech 
based on a gain difference between the plurality of audio 
signals 182. In some implementations, the near end Voiced 
speech detector 1007 may detect near end speech based on 
different weightings of the harmonic statistic 1005, the gain 
statistic and the speech pitch histogram 1001. For example, 
the near end voiced speech detector 1007 may detect near end 
Voiced speech when the harmonicity is high, notwithstanding 
again difference that may be small. Similarly, the near end 
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voiced speech detector 1007 may detect near end voiced 
speech when the gain difference is large, notwithstanding a 
lower harmonicity. 
0148. The at least one single channel voice activity detec 
tor 1009 may detect a speech audio signal 182. In some 
configurations, the at least one single channel Voice activity 
detector 1009 may detect a speech audio signal 182 based on 
energy levels. For example, the at least one single channel 
voice activity detector 1009 may detect certain degrees of 
energy level increase to detect speech. In some configura 
tions, the single channel voice activity detector 1009 may 
include one or more statistics as described above to detect a 
speech audio signal 182. In some configurations, the near end 
voiced speech detector 1007 and the at least one single chan 
nel voice activity detector 1009 may be integrated. For 
example, the near end voiced speech detector 1007 and the at 
least one single channel voice activity detector 1009 may be 
combined into a single block/module (not shown). 
014.9 The near end speech detector 1011 may be coupled 

to the near end voiced speech detector 1007 and/or the at least 
one single channel voice activity detector 1009 to detect near 
end speech. For example, the near end speech detector 1011 
may receive the results from the near end voiced speech 
detector 1007 (e.g., whether the near end voiced speech 
detector 1007 detected near end voiced speech) and the 
results from the single channel voice activity detector 1009 
(e.g., whether the single channel voice activity detector 1009 
detected a speech audio signal 182). The near end speech 
detector 1011 may then detect near end speech. The near end 
speech detector 1011 may then provide a near end speech 
detection indicator 1013 that identifies whether near end 
speech was detected. As will be described in greater detail 
below, the near end speech detection indicator 1013 may 
initiate one or more functions of the electronic device 102 
(e.g., Switching from a dual microphone 104 System to a 
single microphone 104 system). 
0150 FIG. 11 is a flow diagram illustrating one configu 
ration of a method 1100 for detecting voice activity. The 
method 1100 may be performed by an electronic device 102. 
The electronic device 102 may obtain 1102 a harmonic sta 
tistic 1005. As described above, a harmonic statistic 1005 
may refer to a metric that identifies voiced speech based on 
the harmonics of an audio signal 182. For example, a har 
monic statistic 1005 may identify voiced speech if an audio 
signal 182 has many well-defined multiples of the fundamen 
tal frequency. In some implementations, the electronic device 
102 may obtain 1102 a harmonic statistic 1005 that is based 
on the speech pitch histogram 1001. For example, the har 
monic statistic 1005 may identify an audio signal 182 that 
falls within a pitch range as identified by the speech pitch 
histogram 1001 and that satisfies the harmonic statistic 1005. 
0151. The electronic device 102 may obtain 1104 a speech 
pitch histogram 1001. As described above, the speech pitch 
histogram 1001 may identify a pitch range that corresponds to 
voiced speech. For example, the speech pitch histogram 1001 
may identify a certain pitch range that corresponds to the 
pitches associated with Voiced speech. 
0152 The near end speech detector 1011 of the electronic 
device 102 may detect 1106 near end speech based on a near 
end voiced speech detector 1007 and at least one single chan 
nel voice activity detector 1009. In some implementations, 
the near end voiced speech detector 1007 may detect near end 
Voiced speech based on one or more of the harmonic statistic 
1005 and the speech pitch histogram 1001. For example, the 
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near end voiced speech detector 1007 may be associated with 
a harmonic statistic 1005 based on a speech pitch histogram 
1001 as described above. Additionally or alternatively, the 
near end voiced speech detector 1007 may detect near end 
Voiced speech based on again statistic. 
0153. The near end voiced speech detector 1007 may 
detect near end speech based on different weightings of the 
harmonic statistic 1005, the speech pitch histogram 1001 and 
a gain statistic. For example, the near end Voiced speech 
detector 1007 may detect near end voiced speech when the 
harmonicity is high, notwithstanding a pitch that may not fall 
entirely within the pitch range as defined by the speech pitch 
histogram 1001. Similarly, the near end voiced speech detec 
tor 1007 may detect near end voiced speech when the pitch 
range falls entirely within the pitch range as defined by the 
speech pitch histogram 1001, notwithstanding a lower har 
monicity. In another example, the near end Voiced speech 
detector 1007 may detect near end voiced speech when the 
harmonicity is high, notwithstanding a gain difference that 
may be small. Similarly, the near end voiced speech detector 
1007 may detect near end voiced speech when the gain dif 
ference is large, notwithstanding a lower harmonicity. 
0154 The at least one single channel voice activity detec 
tor 1009 of the electronic device 102 may detect a speech 
audio signal 182. The near end speech detector 1011 may use 
the information from the near end voiced speech detector 
1007 and the at least one single channel voice activity detector 
1009 to detect 1106 near end speech. 
0.155. In some configurations, the near end voiced speech 
detector 1007 may detect near end voiced speech based on a 
combination of the harmonic statistic 1005 and the speech 
pitch histogram 1001. For example, the near end voiced 
speech detector 1007 may detect near end voiced speech if the 
pitch of the audio signal 182 falls within the pitch range 
defined by the speech pitch histogram 1001 and the audio 
signal 182 satisfies the harmonic statistic 1005 (e.g., the har 
monicity of the audio signal 182 is greater than a threshold as 
defined by the harmonic statistic 1005). In some implemen 
tations, the near end voiced speech detector 1007 may detect 
near end speech based on different weightings of the har 
monic statistic 1005 and the speech pitch histogram 1001. For 
example, the near end voiced speech detector 1007 may 
detect near end Voiced speech when the harmonicity is high, 
notwithstanding a pitch that may not fall entirely within the 
pitch range as defined by the speech pitch histogram 1001. 
Similarly, the near end voiced speech detector 1007 may 
detect near end Voiced speech when the pitch range falls 
entirely within the pitch range as defined by the speech pitch 
histogram 1001, notwithstanding a lower harmonicity. 
0156 FIG. 12 is a block diagram illustrating one configu 
ration of a wireless communication device 1202 in which 
systems and methods for detecting Voice activity may be 
implemented. The wireless communication device 1202 may 
be an example of the electronic device 102 described in con 
nection with FIG. 1. The wireless communication device 
1202 may include one or more of a speech pitch histogram 
determination block/module 1298, a harmonic statistic deter 
mination block/module 1203, a near end voiced speech detec 
tor 1207, at least one single channel voice activity detector 
1209 and a near end speech detector 1211 that may be 
examples of corresponding elements described earlier. In 
Some configurations, the speech pitch histogram determina 
tion block/module 1298 may provide a speech pitch histo 
gram 1201 that may be an example of the speech pitch histo 
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gram 1001 described in connection with FIG. 10. The 
harmonic statistic determination block/module 1203 may 
provide a harmonic statistic 1205 that may be an example of 
the harmonic statistic 1005 described in connection with FIG. 
10. The near end speech detector 1211 may provide a near end 
speech detection indicator 1213 that may be an example of the 
near end speech detection indicator 1013 described in con 
nection with FIG. 10. 
0157. In some configurations, the wireless communica 
tion device 1202 may include a plurality of microphones 1204 
similar to the plurality of microphones 104 described in con 
nection with FIG. 1. For example, the plurality of micro 
phones 1204 may capture a plurality of audio signals 182. 
0158. The wireless communication device 1202 may also 
include a switch 1217 that may be coupled to the plurality of 
microphones 1204. The switch 1217 may switch to a single 
microphone 1204. For example, the switch 1217 may switch 
from a dual microphone 1204 system to a single microphone 
1204 system. In some configurations, the switch 1217 may 
Switch to a single microphone 1204 based on one or more 
criteria. For example, the switch 1217 may switch to a single 
microphone 1204 when a signal-to-noise ratio exceeds a 
threshold. For example, in some cases, a dual microphone 
1204 system may not generate a reliable audio signal 182 
(e.g., when a signal-to-noise ratio is in the 0-5 decibel (dB) 
range). In this case, the switch 1217 may switch from a dual 
microphone 1204 system to a single microphone 1204 sys 
tem. The switch 1217 may also switch to a single microphone 
1204 when an envelope 112 is not maintained. The Switch 
1217 may switch to a single microphone 1204 when near end 
speech is attenuated. For example, the near end speech detec 
tor 1211 may detect attenuated near end speech. Based on this 
information, the switch 1217 may switch to a single micro 
phone 1204. In some configurations, the switch 1217 may 
Switch to a single microphone 1204 based on attenuated near 
end speech, when the near end speech is attenuated during a 
certain time interval, for example 1.5 seconds. 
0159 FIG. 13 is a flow diagram illustrating another con 
figuration of a method 1300 for detecting voice activity. The 
method 1300 may be performed by the electronic device 102. 
The electronic device 102 may obtain 1302 a speech pitch 
histogram 1001. In some implementations, this may be done 
as described in connection with FIG. 11. 

(0160. The electronic device 102 may compute 1304 a 
statistic that is sensitive to harmonic content. In some con 
figurations, the harmonic statistic determination block mod 
ule 1003 may compute 1304 the statistic that is sensitive to 
harmonic content. As described above, a statistic may refer to 
a metric that identifies Voiced speech. In this example, the 
electronic device 102 may compute 1304 a statistic that iden 
tifies Voiced speech based on the harmonics of an audio signal 
182. For example, a harmonic statistic 1005 may identify an 
audio signal 182 as voiced speech if the audio signal 182 has 
good harmonicity (e.g., many well-defined multiples of the 
fundamental frequency). In some implementations, comput 
ing 1304 a statistic that is sensitive to harmonic content may 
include evaluating pitch on an enhanced signal (e.g., a first 
microphone minus a scaled second microphone). Evaluating 
the pitch may include one or more of auto correlation, cep 
strum coding, harmonic product spectrum coding and linear 
predictive coding. In some implementations, the enhanced 
signal may be an example of the difference signal 108 
described in connection with FIG.1. The harmonic statistic 
determination block/module 1003 may create 1306 a har 
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monic statistic 1005 based on the speech pitch histogram 
1001. As described earlier, a harmonic statistic 1005 may be 
based on the speech pitch histogram 1001. In some configu 
rations, a harmonic statistic 1005 based on the speech pitch 
histogram 1001 may identify an audio signal 182 having good 
harmonicity and that falls within the pitch range defined by 
the speech pitch histogram 1001. In other words, the har 
monic statistic 1005 may identify voice speech (e.g., based on 
its harmonicity) falling within a pitch range as defined by the 
speech pitch histogram 1001. The electronic device 102 may 
detect 1308 near end voiced speech. 
(0161 The electronic device 102 may determine 1310 if the 
signal-to-noise ratio is greater than a threshold. In some 
implementations, the threshold may be obtained by another 
electronic device 102. The threshold may reflect a signal-to 
noise ratio above which a reliable speech audio signal 182 
may not be obtained. If the signal-to-noise ratio is greater than 
the threshold, the switch 1217 may switch 1312 from one or 
more microphones 104 to a single microphone 104. For 
example, the switch 1217 may switch from a dual micro 
phone 104 system to a single microphone 104 system. As will 
be described in greater detail, the near end speech detector 
1011 may then detect 1318 near end speech based on the near 
end voiced speech detector 1007 and at least one single chan 
nel voice activity detector 1009. 
(0162. If the electronic device 102 determines 1310 that the 
signal-to-noise ratio is not greater than a threshold, the elec 
tronic device 102 may determine 1314 whether an envelope 
112 can be maintained. If the electronic device 102 deter 
mines 1314 that an envelope 112 cannot be (e.g., is not) 
maintained, the switch 1217 may switch 1312 from one or 
more microphones 104 to a single microphone 104. 
(0163. If the electronic device 102 determines 1314 that an 
envelope 112 can be maintained, the electronic device 102 
may determine 1316 if near end speech is attenuated. If the 
electronic device 102 determines 1314 that near end speech is 
attenuated (e.g., detects attenuated near end speech), the 
switch 1217 may switch 1312 from one or more microphones 
104 to a single microphone 104. 
(0164. If the electronic device 102 determines 1316 that 
near end speech is not attenuated, the electronic device 102 
may detect 1318 near end speech based on a near end voiced 
speech detector 1007 and at least one single channel voice 
activity detector 1009. In some implementations, this may be 
done as described in connection with FIG. 11. 
0.165 FIG. 13A is a flow diagram illustrating one configu 
ration of a method 1300a for microphone switching. In par 
ticular, FIG. 13A illustrates one example of a voting scheme 
based intelligent switch (IS). An electronic device may deter 
mine 1302a if harmonicity exceeds a certain threshold, if the 
near end Voice detector detects Voiced speech (e.g., 1420) and 
ifa single-channel Voice activity detector (e.g., single channel 
VAD 1209) is on (e.g., indicates voice activity). If any of these 
criteria are not met, the electronic device may utilize decision 
logic as follows. It should be noted that the acronym “VAD” 
may be used herein to abbreviate “voice activity detection 
and/or “voice activity detector.” 
0166 The electronic device may determine 1312a 
whether to Switch to another microphone state or maintain a 
microphone state. More specifically, the electronic device 
may determine 1312a whether to switch to or maintain a 
single-mic state or a dual-mic state within a number of frames 
based on a count of speech non-active frames and a compari 
Son of votes for each state with a Switching margin. In par 
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ticular, the electronic device may collect Voting for each state 
during a certain amount of time. If there are not enough 
speech-active frames, the electronic device may not Switch 
states (between single-mic state and multi-mic (e.g., dual 
mic) state). If dual-state beats single-state with some margin, 
then the electronic device may utilize (e.g., Switch to or main 
tain) a dual-mic state. If single-mic state beats dual-mic state 
with some margin, then the electronic device may utilize 
(e.g., Switch to or maintain) a single-mic state. The margin for 
each state can be different. Updating State may or may not be 
done every frame. For example, it could be done up to every 
“number of frames for the Voting.” In some configurations, 
determining 1312a whether to switch to (or maintain) a 
single-mic state or a dual-mic state may also be based on a 
previous state (e.g., whether the previous state was a single 
mic state or a dual-mic state). 
0167 For clarity, additional description is given regarding 
how the entire processing blocks contribute the speech resto 
ration (speech level matching). If dual-mic processing is 
always performed (with a dual-mic state, for example), then 
improved or the best performance may be achieved for a 
user's normal phone holding case. However, for a sub-opti 
mal holding position Such as holding down or outward, dual 
mic processing may suppress not only unwanted noise, but 
also the target speech that is beneficially preserved. 
0168 To avoid the target speech suppression, Switching to 
single-mic processing with single-mic state (using the intel 
ligent Switching scheme) may be needed. However, at the 
same time, unnecessary Switching may be beneficially pre 
vented, since dual-mic noise Suppression performance may 
be much better. 
0169. To have robust switching scheme, an electronic 
device may collect information for a certain amount time to 
make a decision, especially for the dual to single state Switch 
ing. However, before making the decision from dual to single, 
if the user moves the phone to a Sub-optimal holding position 
abruptly, then until the Switching actually happens, the target 
speech Suppression may be unavoidable. 
0170 If a user holds the phone in some extreme manner, 
such that the harmonicity based VAD is not working, then the 
intelligent Switching would not work. In this case, the speech 
restoration scheme described in connection with FIGS. 20-24 
may play a significant role, since it plays a gate keeper role. 
This means that, regardless of state, it restores target speech if 
it has been Suppressed mistakenly. 
0171 If the harmonicity exceeds a certain threshold, if the 
near end Voice detector detects voiced speech and if a single 
channel VAD is on, the electronic device may determine 
1304a whether near end speech is attenuated below a thresh 
old. If the near end speech is attenuated below a threshold, 
then the electronic device may increment 1310a a single-mic 
state count. The electronic device may determine 1312a 
whether to Switch to a single-mic state or a dual mic state 
within a number of frames as described above. 

0172. If the near end speech is not attenuated below a 
threshold, the electronic device may determine 1306a 
whether a direction of arrival is for a target direction. For 
example, the electronic device may determine whether a 
direction of arrival corresponds to a target direction (within 
Some angle range, for instance). If the direction of arrival is 
not for the target direction, then the electronic device may 
increment 1310a a single-mic state count and determine 
1312a whether to switch to a single-mic state or a dual mic 
state within a number of frames as described above. If the 
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direction of arrival is for the target direction, then the elec 
tronic device may determine 1312a whether to switch to a 
single-mic state or a dual mic state within a number of frames 
as described above. 
0173. In some configurations, the electronic device may 
additionally determine whether near end speech is not attenu 
ated above some threshold when the direction of arrival is for 
the target direction. If the near end speech is attenuated above 
Some threshold, then the electronic device may increment a 
dual-mic state count and determine 1312a whether to switch 
as described above. In some configurations, the electronic 
device may base the determination 1312a of whether to 
Switch on the case where the near end speech is not attenuated 
above some threshold. For example, the electronic device 
may switch to a dual-mic state if the near end speech is not 
attenuated above some threshold. 
0.174 FIG. 14 is a flow diagram illustrating another con 
figuration of a method 1400 for detecting voice activity. In 
one implementation, the electronic device 102 may determine 
1402 if clean speech is detected. In some implementations, 
clean speech may be detected if the audio signal 182 contains 
a high signal-to-noise ratio (that meets or exceeds a particular 
threshold, for example). If the electronic device 102 deter 
mines 1402 that clean speech is detected, the electronic 
device 102 may use 1404 the audio signal 182 of a first 
microphone 104 (e.g., Mic1 signal). If the electronic device 
102 determines 1402 that clean speech is not detected, the 
electronic device 102 may compute 1406 a pre-enhanced 
audio signal 182 (e.g., Mic1-a Mic2). 
0.175. In either case, the electronic device 102 may com 
pute 1408 the pitch and harmonicity statistic for each time 
frame. In some implementations, the electronic device 102 
may update 1410 the speech pitch histogram 1001 if one or 
more criteria are met. Examples of criteria include, if the 
harmonicity meets a high threshold and if the inter micro 
phone gain difference is high (e.g., meets or exceeds a thresh 
old value). In some implementations, the updates may be 
added to an existing speech pitch histogram 1001. Addition 
ally, in Some implementations, the electronic device 102 may 
compute 1412 the noise harmonics on the second microphone 
104 (e.g., Mic2) signal. Additionally, or alternatively, the 
electronic device 102 may compute 1412 the noise harmonics 
on a Mic2-bMic1 audio signal 182. In some implementa 
tions, the speech pitch histogram 1001 may be refined based 
on the noise harmonics of the second microphone 104 (e.g., 
Mic2) audio signal 182 or an enhanced signal (e.g., Mic2 
b*Mic1). In this implementation, the audio signal 182 of the 
first microphone 104 may be subtracted from the audio signal 
182 of the second microphone 104 and may be scaled (e.g., by 
a factor “b'). 
0176 The electronic device 102 may also compute 1414 a 
minimum of the harmonicity statistic over time. For example, 
the electronic device 102 may calculate the minimum value of 
a harmonicity statistic over a time t. The electronic device 102 
may normalize 1416 the harmonicity statistic by the mini 
mum of the harmonicity statistic (e.g., the tracked minimum) 
and a fixed maximum. The maximum value may be set to 
enable soft speech frames (possibly noise contaminated), but 
not to enable noise-only frames. 
0177. If the normalized harmonicity of a frame exceeds a 
certain threshold, then this frame may be labeled a voiced 
speech frame, or at least is highly likely that the frame con 
tains voiced speech. For a normalized harmonicity threshold, 
a technique that tracks the minimum and/or maximum of the 
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statistics may be used (for a dual-mic configuration, for 
example). As used herein, the term “harmonicity” may be 
used to refer to harmonicity and/or to normalized harmonic 
ity, unless raw harmonicity is explicitly indicated. 
0.178 With the speech pitch histogram updated 1001, the 
electronic device 102 may then weight 1418 the harmonicity 
statistic with the score of a detected pitch in the speech pitch 
histogram. If the harmonicity exceeds a certain threshold, the 
near end voiced speech detector may detect 1420 voiced 
speech. For example, the near end Voiced speech detector 
may generate a “1” to indicate Voice activity. 
0179 FIG. 15 is a graph illustrating recorded spectra 
1519a–b of voiced speech in pink noise. In some implemen 
tations, one or more microphones 104 may record Voiced 
speech. The one or more microphones 104 may be included in 
the electronic device 102. The graph illustrates a first spectra 
1519a that may be recorded by a first microphone 104. The 
graph 1500 also illustrates a second spectra 1519b that may be 
recorded by a second microphone 104. In some implementa 
tions, the electronic device 102 may identify speech harmon 
ics in a noise signal to maintain an envelope 112 at an output 
spectrum 448. In some cases, the output spectrum 448 may 
include a noise-Suppressed signal. The identification of 
speech harmonics in noise may also reduce noise in spectral 
nulls. In some implementations, if the envelope 112 cannot be 
maintained, the electronic device 102 may reduce the noise 
suppression. Additionally or alternatively, if the envelope 112 
cannot be maintained, the electronic device 102 may switch 
from a plurality of microphones 104 to a single microphone 
104 (e.g., may reduce the number of active microphones to a 
single microphone 104). For conceptual clarity, one example 
of an envelope 1512 is also depicted as a dashed line in FIG. 
15. An envelope 1512 may be extracted from a wave form or 
signal. In this example, the envelope 1512 depicted is related 
to the first spectra 1519a. An envelope 1512 of a signal or 
waveform may be bounded by peaks and/or valleys of the 
signal or waveform. Some configurations of the systems and 
methods disclosed herein may preserve harmonics in order to 
determine an envelope 1512, which may be applied to a 
noise-Suppressed signal. It should be noted that the envelope 
1512 depicted in FIG. 15 may or may not be an example of the 
envelope 112 described in connection with FIG.1, depending 
on implementation. 
0180 FIGS. 16A-B include various graphs 1621a-fillus 
trating a harmonic statistic 1005 in music noise. The first 
graph 1621a of FIG. 16A is a spectrogram of a near end 
Voiced speech (e.g., harmonic product spectrum) statistic in 
music noise. In this example, the X-axis may represent the 
frame of the audio signal 182 and the y-axis may represent the 
frequency bins of the audio signal 182. The second graph 
1621b of FIG. 16A illustrates a pitch tracking of the near end 
Voiced speech (e.g., harmonic product spectrum) statistic. In 
this example, the X-axis may represent the frame of the audio 
signal 182 and the y-axis may represent the frequencybins of 
the audio signal 182. The third graph 1621c of FIG. 16A 
illustrates the harmonicity 1623a of the near end voiced 
speech (e.g., harmonic product spectrum) statistic. In this 
example, the X-axis may represent the frame of the audio 
signal 182 and the y-axis may represent the harmonicity (in 
dB) of the audio signal 182. The fourth graph 1621d of FIG. 
16A illustrates the minimum statistic 1625 of the near end 
Voiced speech (e.g., harmonic product spectrum) statistic. In 
this example, the X-axis may represent the frame of the audio 
signal 182 and the y-axis may represent the minimum harmo 
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nicity statistic (in dB) of the audio signal 182. The first graph 
1621e of FIG. 16B depicts near end speech differentiated 
from music noise. The first graph 1621e of FIG. 16B may 
depict a normalized harmonicity 1623b. In this example, the 
X-axis may represent the frame of the audio signal 182 and the 
y-axis may represent the normalized harmonicity (in dB) of 
the audio signal 182. The second graph 1621f of FIG. 16B 
depicts near end speech differentiated from music noise. The 
second graph 1621f of FIG. 16B may depict a histogram 
Suppressed harmonicity 1623c. The histogram Suppressed 
harmonicity 1623c may indicate the near end speech differ 
entiated from the music noise. In this example, the X-axis may 
represent the frame of the audio signal 182 and the y-axis may 
represent the normalized histogram Suppressed harmonicity 
(in dB) of the audio signal 182. 
0181 FIG. 17A is a block diagram illustrating a portion of 
one configuration of a dual-microphone noise Suppression 
system 1774. In some implementations, the dual-microphone 
noise Suppression system 1774 may be implemented in accor 
dance with one or more of the functions and/or structures 
described herein. For example, the dual-microphone noise 
suppression system 1774 may be included on one or more of 
the electronic devices 102,402 702, 902, 1002 and the wire 
less communication device 1202. More specifically, the dual 
microphone noise Suppression system 1774 may be an 
example of the noise suppression block/module 116 as 
described in connection with FIG. 1. In one example, the 
dual-microphone noise Suppression system 1774 may receive 
one or more input microphone channels 1778 (e.g., the plu 
rality of audio signals 182). The dual-microphone noise Sup 
pression system 1774 may include one or more block/mod 
ules that may process the input microphone channels 1778 to 
output one or more intermediate signals 1776a-f. 
0182 For example, the dual-microphone noise suppres 
sion system 1774 may include a fast Fourier transform block/ 
module 1729 that may split the input microphone channels 
1778 into one or more bands. A switching block/module 1731 
may switch between a dual-microphone mode and a single 
microphone mode. In some configurations, this may be based 
on a direction of arrival (DOA) estimation. A voice activity 
detection block/module 1733 may include one or more voice 
activity detectors that detect voiced speech in the input micro 
phone channels 1778. Examples of voice activity detectors 
include a single-channel Voice activity detector, a proximity 
Voice activity detector, a phase voice activity detector and an 
onset/offset voice activity detector. 
0183 The dual-microphone noise suppression system 
1774 may also include one or more of an adaptive beam 
former 1735, a low-frequency inter-microphone subtraction 
block/module 1737, a masking block/module 1739 and a 
time-frequency voice activity detection block/module 1741 
to process the input microphone channels 1778 to output one 
or more intermediate signals 1776a-f. 
0.184 FIG. 17B is a block diagram illustrating another 
portion of one configuration of a dual-microphone noise Sup 
pression system 1774. In this example, the dual-microphone 
noise suppression system 1774 may further include a noise 
references block/module 1743. The noise references block/ 
module 1743 may include one or more noise references. 
Examples of noise references include non-stationary noise 
references, minimum statistics noise references, long-term 
noise references, ideal ratio mask noise references, TF mask 
noise references and noise deviation noise references. The 
dual-microphone noise Suppression system 1774 may also 
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include one or more of again application block/module 1753, 
a post-processing gain computation block/module 1745, a 
noise statistic (e.g., spectral flatness measure) estimation 
block/module 1747, TF phase voice activity detection/gain 
difference based suppression block/module 1749, voice 
activity detection-based residual noise Suppression block/ 
module 1751, comb filtering block/module 1755 and an 
inverse fast Fourier transform block module 1757 that process 
one or more intermediate signals 1776a-finto an output sig 
nal 1780. It is expressly noted that any one or more of the 
block/modules shown in FIGS. 17A-B may be implemented 
independently of the rest of the system (e.g., as part of another 
audio signal processing system). 
0185 FIGS. 18 and 19 are graphs 1859, 1961 illustrating a 
Stereo speech recording in car noise. More specifically, FIG. 
18 shows a graph 1859 of the time-domain signal and FIG. 19 
shows a graph 1961 of the frequency spectrum. In each case, 
the upper traces 1859a, 1961 a correspond to an audio signal 
182 from a first microphone 104 (e.g., a microphone 104 that 
is oriented toward the user's mouth or otherwise receives the 
user's voice most directly) and the lower traces 1859b, 1961b 
correspond to an audio signal 182 from a second microphone 
104. The frequency spectrum graph 1961 shows that the 
signal-to-noise ratio is better for the first microphone 104 
audio signal 182. For example, it may be seen that voiced 
speech (e.g., the peaks) is stronger in the first microphone 104 
audio signal 182, while background noise (e.g., the Valleys) is 
about equally loud between the channels. In some configura 
tions, inter-microphone channel subtraction may typically be 
expected to result in 8-12 dB noise reduction in the 0-500 
Hz band with very little voice distortion, which is similar to 
the noise reduction results that may be obtained by spatial 
processing using large microphone arrays with many ele 
mentS. 

0186 Low-frequency noise Suppression may include 
inter-microphone subtraction and/or spatial processing. One 
example of a method of reducing noise in a plurality of audio 
signals includes using an inter-microphone difference for 
frequencies less than 500 Hz, mCe.g., a phase difference and/or 
a level difference), and using a spatially selective filtering 
operation (e.g., a directionally selective operation, such as a 
beam former) for frequencies greater than 500 Hz. 
0187. It may be desirable to use an adaptive gain calibra 
tion filter to avoid again mismatch between two microphones 
104. Such a filter may be calculated according to a low 
frequency gain difference between the signals from a first 
microphone 104 and one or more secondary microphones 
104. For example, again calibration filter M may be obtained 
over a speech-inactive interval according to an expression 
Such as 

M(co) = 

where () denotes a frequency,Y, denotes the first microphone 
104 channel, Y denotes the secondary microphone 104 chan 
nel, and denotes a vector norm operation (e.g., an L2-norm). 
0188 In most applications the secondary microphone 104 
channel may be expected to contain some Voice energy, Such 
that the overall voice channel may be attenuated by a simple 
Subtraction process. Consequently, it may be desirable to 
introduce a make-up gain to Scale the Voice gain back to its 
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original level. One example of Such a process may be sum 
marized by an expression Such as 

where Y, denotes the resulting output channel and G denotes 
an adaptive Voice make-up gain factor. The phase may be 
obtained from the first microphone 104 audio signal. 
0189 The adaptive voice make-up gain factor G may be 
determined by low-frequency voice calibration over 0-500 
HZ to avoid introducing reverberation. Voice make-up gain G 
can be obtained over a speech-active interval according to an 
expression Such as 

XY (co) (3) 
Ill (IY)II,(II) 

0190. In the 0-500 Hz band, such inter-microphone sub 
traction may be preferred to an adaptive filtering scheme. For 
the typical microphone 104 spacing employed on handset 
form factors, the low-frequency content (e.g., in the 0-500 
HZ range) is usually highly correlated between channels, 
which may lead in fact to amplification or reverberation of 
low-frequency content. In a proposed scheme, the adaptive 
beam forming output Y is overwritten with the inter-micro 
phone subtraction module below 500 Hz. However, the adap 
tive null beam forming scheme also produces a noise refer 
ence, which is used in a post-processing stage. 
0191 Some configurations of the systems and methods 
disclosed herein describe speech restoration for multiple 
(e.g., dual) microphone noise reduction. Dual microphone 
computational auditory scene analysis- (CASA-) based noise 
Suppression has issues of temporary speech muting and 
attenuation when the phone is abruptly changed to a non 
optimal holding position. For example, these problems may 
occur while Intelligent Switching (IS) between dual micro 
phone mode and single microphone mode is delayed. The 
systems and methods disclosed here provide a solution to 
these problems. 
0.192 The systems and methods disclosed herein may uti 
lize a restoration block/module to restore the output signal to 
the input signal level when it contains speech and the noise 
Suppressed Voice is muted or attenuated. The restoration 
block/module may function as a "gate keeper” for speech 
signals. The systems and methods disclosed herein may 
attempt to restore all speech and restore no noise (e.g., pink 
noise, babble noise, Street noise, music, etc.). When speech is 
in the presence of noise, the systems and methods disclosed 
herein attempt to restore only speech, although this is not 
strongly required. 
0193 An algorithm overview is provided as follows. 
Frame-wise conditions may include harmonicity-based con 
ditions. In particular, an electronic device may detect speech 
dominant frames based on harmonicity (e.g., Harmonic Prod 
uct Sum (HPS)). Bin-wise conditions may include an input 
signal SNR and/or peak tracking (e.g., a peak map). Specifi 
cally, an electronic device may detect clean speech based on 
minimum statistic (MinStat) noise estimation. Additionally 
or alternatively, the electronic device may detect spectral 
peaks that are associated with speech using a peak map. 
0194 Post-processing may include undoing the restora 
tion (on a frame-wise basis, for example) in Some cases. This 
post-processing may be based on one or more of a restoration 
ratio, abnormal peak removal, stationary low SNR and resto 
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ration continuity. Restoration continuity may ensure that the 
restored signal is continuous for each bin. 
0.195 FIG. 20 is a block diagram illustrating one configu 
ration of an electronic device 2002 in which systems and 
methods for restoring a processed speech signal may be 
implemented. The electronic device 2002 may be one 
example of the electronic device 102 described above in 
connection with FIG.1. One or more of the elements included 
in the electronic device 2002 may be implemented in hard 
ware (e.g., circuitry), Software or both. Multiple microphones 
2063 may be utilized to capture multiple audio signal chan 
nels 2065,2067. For instance, the multiple microphones 2063 
may provide multiple audio signals as described above. 
0196. Two or more audio signal channels 2067 may be 
provided to a noise Suppression block/module 2014 (e.g., a 
dual-mic noise suppression block/module 2014). The noise 
Suppression block/module 2014 may produce a noise-Sup 
pressed output frame 2001 (and/or a noise-suppression gain). 
0.197 An audio signal channel 2065 (e.g., a primary chan 
nel) may be provided to a fast Fourier transform (FFT) block/ 
module 2069. In some configurations, the primary channel 
2065 may correspond to one of the microphones 2063. In 
other configurations, the primary channel 2065 may be a 
single channel that is selected from multiple channels corre 
sponding to the microphones 2063. For example, the elec 
tronic device 2002 may select a channel with a highest har 
monicity value as the primary channel 2065 from among 
several channels corresponding to the microphones 2063. In 
yet other configurations, the primary channel may be a chan 
nel resulting from inter-microphone subtraction (with or 
without Scaling value(s), for instance). 
(0198 The FFT block/module 2069 may transform the pri 
mary channel audio signal 2065 from the time domain into the 
frequency domain. The transformed audio signal 2071 may 
be provided to a frame-wise processing block/module 2073 
and to a bin-wise processing block/module 2081. 
0199 The frame-wise processing block/module 2073 may 
determine frame-wise conditions. In some configurations, the 
frame-wise processing block/module 2073 may perform 
operation(s) on a frame basis and may include a harmonicity 
block/module 2075 and a frame-wise voice activity detector 
(VAD) 2077. The frame-wise processing block/module 2073 
may receive an input frame (e.g., a frame of the transformed 
audio signal 2071) from the FFT block/module 2069. The 
frame-wise processing block/module 2073 may operate 
based on frame-wise conditions as follows. 
(0200. The harmonicity block/module 2075 may deter 
mine a Harmonic Product Spectrum (HPS) based on the pri 
mary channel 2065 (e.g., the transformed audio signal 2071) 
in order to measure the harmonicity. HPS may be a known 
approach for determining pitch. For example, the harmonic 
ity block/module 2075 returns pitch and harmonicity level. 
The frame-wise processing block/module 2073 may normal 
ize the raw harmonicity using a minimum statistic (e.g., Min 
Stat). In some configurations, for example, the frame-wise 
processing block/module 2073 may obtain the minimum sta 
tistic (e.g., MinStat) from the SNR determination block/mod 
ule 2085 included in the bin-wise processing block/module 
2081 in order to normalize the raw harmonicity. Alternatively, 
the frame-wise processing block/module 2073 may deter 
mine the minimum statistic (e.g., MinStat) for normalizing 
the raw harmonicity. Examples of normalized harmonicity 
are provided in connection with FIG. 25 below. The harmo 
nicity result(s) (e.g., harmonicity and/or pitch) may be pro 
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vided to the frame-wise VAD 2077. In other words, the frame 
wise VAD 2077 may be a harmonicity-based VAD. 
0201 The frame-wise VAD 2077 may detect voice activity 
based on the transformed signal 2071 as well as the harmo 
nicity and/or pitch provided by the harmonicity block/module 
2075. For example, the frame-wise VAD 2077 may indicate 
voice activity if the harmonicity meets one or more thresholds 
(where the threshold(s) may be based on pitch in some con 
figurations, for instance). The frame-wise VAD 2077 may 
provide a frame-wise voice indicator 2079 to the bin-wise 
processing block/module 2081 (e.g., to the bin-wise VAD 
2087). The frame-wise voice indicator 2079 may indicate 
whether or not the frame-wise VAD 2077 has detected voice 
activity in a frame. 
0202) A hang-over scheme may be utilized in some con 
figurations of the systems and methods disclosed herein. For 
example, if a frame has a strong harmonicity level, then the 
electronic device 2002 may sustain a state for several frames 
as long as the harmonicity is not very low. For example, this 
state refers to Voiced speech detection, where hangover may 
avoid chopping off speech tails. 
0203 Stationary noises may be filtered well based on the 
frame-wise condition. Music noise may be filtered by bin 
wise conditions and post-processing. For example, in station 
ary noise, the frame-wise condition (utilized by the frame 
wise processing block/module 2073) may be enough to 
discriminate speech from noise. In music noise, however, 
post-processing of the harmonicity estimates may be needed 
to further determine whether the transformed audio signal 
2071 contains speech or harmonic noise. Graphs that illus 
trate the harmonicity of clean speech during rotation, speech 
and music/music only/speech only and speech and public 
noise/public noise only/speech only are provided in FIG. 25. 
0204 The bin-wise processing block/module 2081 may 
determine bin-wise conditions. In some configurations, the 
bin-wise processing block/module 2081 may perform opera 
tions on a bin-wise basis and may include a peak map block/ 
module 2083, an SNR determination block/module 2085, a 
bin-wise VAD 2087 and/or a peak removal block/module 
2090. In some configurations, the peak removal block/mod 
ule 2090 may be alternatively independent of the bin-wise 
processing block/module 2081 and/or included in the post 
processing block/module 2093. Each “bin' may include a 
particular frequency band or range of frequencies. 
0205 The peak map block/module 2083 may perform 
peak tracking. In particular, the peak map block/module 2083 
may identify the location of any peaks in the transformed 
audio signal 2071 (based on maxima and/or minima, for 
example). The peak map block/module 2083 may provide a 
signal or indicator of these peak locations (in frequency, for 
example) to the bin-wise VAD 2087. 
(0206. The bin-wise VAD 2087 may determine voice activ 
ity based on the peak information, the bin-wise SNR and the 
frame-wise voice indicator 2079. For example, the bin-wise 
VAD 2087 may detect voice activity on a bin-wise basis. 
More specifically, the bin-wise VAD 2087 may determine 
which of the peaks indicated by the peak map block/module 
2083 are speech peaks. The bin-wise VAD 2087 may generate 
a bin-wise voice indicator 2089, which may indicate any bins 
for which voice activity is detected. In particular, the bin-wise 
voice indicator 2089 may indicate speech peaks and/or non 
speech peaks in the transformed audio signal 2071. The peak 
removal block/module 2090 may remove non-speech peaks. 
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0207. The bin-wise VAD 2087 may indicate peaks that are 
associated with speech based on distances between adjacent 
peaks and temporal continuity. For example, the bin-wise 
VAD 2087 may indicate small peaks (e.g., peaks that are more 
than a threshold amount (e.g., 30 dB) below the maximum 
peak). The bin-wise voice indicator 2089 may indicate these 
small peaks to the peak removal block/module 2090, which 
may remove the Small peaks from the transformed audio 
signal 2071. For example, if peaks are determined to be 
significantly lower (e.g., 30 dB) than a maximum peak, they 
may not be related to the speech envelope and are thus elimi 
nated. 

0208. Additionally, if two peaks are within a certain fre 
quency range (e.g., 90 HZ) and their magnitudes are not much 
different (e.g., less than 12 dB), the lower one may be indi 
cated as a non-speech peak by the bin-wise VAD 2087 and 
may be removed by the peak removal block/module 2090. 
The frequency range may be adjusted depending on speakers. 
For example, the frequency range may be increased for 
women or children, who have a relatively higher pitch. 
0209. The bin-wise VAD 2087 may also detect temporally 
isolated peaks (based on the peaks indicated by the peak map 
block/module 2083, for instance). For example, the bin-wise 
VAD 2087 may compare peaks from one or more other 
frames (e.g., previous frame(s) and/or Subsequent frame(s)) 
to peaks in a current frame. For instance, the bin-wise VAD 
2087 may detect peaks in a frame that do not have a corre 
sponding peak in a previous frame within a particular range. 
The range may vary based on the location of the peak. For 
example, the bin-wise VAD may determine that a peak has a 
corresponding peak in a previous frame (e.g., that the peak is 
temporally continuous) if a corresponding peak is found in a 
previous frame within +1 bin for lower-frequency peaks and 
within +3 bins for higher-frequency peaks. The bin-wise VAD 
2087 may indicate temporally isolated peaks (e.g., peaks in a 
current frame without corresponding peaks in a previous 
frame) to the peak removal block/module 2090, which may 
remove the temporally isolated peaks from the transformed 
audio signal 2071. 
0210. One of the bin-wise conditions may be based on the 
input signal SNR. In particular, the SNR determination block/ 
module 2085 may operate as follows. Bin-wise input signal 
SNR may be defined as the magnitude of a microphone input 
signal divided by its minimum statistic (MinStat) noise esti 
mation. Alternatively, the SNR may be determined based on 
harmonicity (e.g., harmonicity divided by average harmonic 
ity). One benefit of utilizing the bin-wise input signal SNR 
may be that, for a noisy speech segment, the SNR may be 
relatively lower due to the higher noise level. On the contrary, 
for a clean speech segment, the SNR will be higher due to the 
lower noise level, regardless of holding patterns. 
0211. The SNR determination block/module 2085 may 
determine bin-wise SNR based on the transformed audio 
signal 2071. For example, the SNR determination block/ 
module 2085 may divide the magnitude of the transformed 
audio signal 2071 by an estimated noise minimum statistic on 
a bin-wise basis to yield the bin-wise SNR. The bin-wise SNR 
may be provided to the bin-wise VAD 2087. 
0212. The bin-wise VAD 2087 may determine a peak with 
SNR that does not meet a threshold. For example, the bin 
wise VAD may indicate peaks with SNRs that are lower than 
one or more thresholds to the peak removal block/module 
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2090. The peak removal block/module 2090 may remove 
peaks in the transformed audio signal 2071 that do not meet 
the threshold(s). 
0213. In some configurations, the bin-wise VAD 2087 may 
utilize frequency-dependent thresholding. For example, non 
linear thresholds may be utilized to restore more perceptually 
dominant Voice frequency band(s). In some configurations, 
the threshold may be increased at onsets of musical sounds 
(using high-frequency content, for example). Additionally or 
alternatively, the threshold may be decreased when the input 
signal level is too low (e.g., in Soft speech). Graphs illustrat 
ing examples of frequency-dependent thresholding (e.g., 
SNR in one clean speech muting frame and SNR in one music 
noise frame) are provided in FIG. 26. For example, peaks that 
do not meet or exceed the frequency-dependent threshold 
may be removed by the peak removal block/module 2090. 
0214. The approach provided by the bin-wise processing 
block/module 2081 may allow building the harmonic struc 
ture naturally. Additionally, the number of non-speech peaks 
may be used as an indicator of voice activity. Example graphs 
of the peak map (produced by the peak mapping block/mod 
ule 2083) are provided in FIG. 27. In particular, graphs relat 
ing to clean speech and noisy speech (in pink noise) are 
provided. 
0215. The peak removal block/module 2090 may produce 
a restored frame 2091 based on the bin-wise voice indicator 
2089. For example, the electronic device 2002 may remove 
noise peaks from the transformed audio signal 2071 based on 
a bin-wise voice indicator 2089 in order to produce a restored 
frame 2091. The restored frame 2091 or replacement signal 
may be provided to the post-processing block/module 2093. 
0216. The post-processing block/module 2093 may 
include a restoration determination block/module 2095 and/ 
or a restoration evaluation block/module 2097. The post 
processing block/module 2093 may determine if the restored 
frame 2091 will be discarded or not, based on one or more of 
the following conditions. In particular, the restoration evalu 
ation block/module 2097 may compute parameters such as a 
restoration ratio, a continuity metric or score, an abnormal 
peak detection indicator and/or a stationary low SNR detec 
tion indicator. One or more of the parameters may be based on 
the input frame (e.g., transformed audio signal 2071) and/or 
the restored frame 2091. The restoration determination block/ 
module 2095 may determine whether to keep or discard the 
restored frame 2091. 
0217. A restoration ratio may be defined as the ratio 
between the sum of restored FFT magnitudes (of the restored 
frame 2091, for example) and the sum of the original FFT 
magnitudes (of the transformed audio signal 2071, for 
example) at each frame. The restoration ratio may be deter 
mined by the post-processing block/module 2093. If the res 
toration ratio is less than a threshold, the post-processing 
block/module 2093 may undo the restoration. 
0218. The post-processing block/module 2093 may also 
determine a continuity metric (e.g., restoration continuity). 
The continuity metric may be a frame-wise score. The post 
processing block/module 2093 may check the continuity of 
the restoration decision for each bin. In one example, the 
post-processing block/module 2093 may add a value (e.g., 2) 
to a bin score if that bin is restored for both the current and 
previous frames. Furthermore, the post-processing block/ 
module 2093 may add a value (e.g. 1) to the bin score if the 
current frame bin is restored but the corresponding previous 
frame bin is not restored (which occurs as a starting point, for 
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example). A value (e.g. 1) may be subtracted from the bin 
score if the previous frame bin is restored but the correspond 
ing current frame bin is not restored (which occurs at an end 
point, for example). All of the bin scores may be summed to 
obtain the continuity metric for each frame. The frame-wise 
continuity metric (e.g., score) may be reset to Zero when a 
frame is not restored. The post-processing block/module 
2093 may undo the frame-wise restoration if the continuity 
score is less than the threshold. 
0219. In some configurations, additional post-processing 
may be performed (for some minor cases, for example). In 
other words. Some fine-tuning for Some minor cases may be 
performed. In some configurations, the post-processing 
block/module 2093 may detect one or more abnormal peaks. 
In particular, cases where only one or two peaks are restored 
may be found. If the Surviving peaks are located at high 
frequencies or are too far (e.g., at least a threshold distance) 
from each other, the restoration for the frame may be undone. 
0220 Additionally or alternatively, the post-processing 
block/module 2093 may determine whether a stationary low 
SNR (e.g., loud pink noise) meets at least one threshold. If the 
mean of a minimum statistic (e.g., MinStat) sum is high (e.g., 
above a threshold amount) and the variation is low (e.g., 
below a threshold amount), then the restored frame 2091 may 
be preserved. 
0221 Examples of post-processing are provided in FIGS. 
28A, 28B and 28C. In particular, an example of clean speech 
is provided in FIG. 28A, where most detected frames are 
preserved. An example of music noise is also provided in FIG. 
28B, where most detected frames are discarded. Furthermore, 
an example of public noise is provided in FIG. 28C, where all 
detected frames are discarded. 
0222. The post-processing block/module 2093 (e.g., res 
toration determination block/module 2095) may provide res 
toration information 2099 to a maximum block/module 2003. 
For example, in cases where the restoration determination 
block/module 2095 determines to preserve the restored frame 
2091, the restoration information 2099 may include the 
restored frame 2091 and/or amplitudes, magnitudes or gains 
corresponding to the restored frame 2091. When restoration 
is undone (e.g., the restored frame is discarded), the restora 
tion information 2099 may direct the maximum block/mod 
ule 2003 to pass the noise-suppressed output frame 2001 
without Scaling. 
0223. As illustrated in FIG. 20, the electronic device 2002 
may also perform noise Suppression (based on audio signal 
channels 2067 from two or more microphones, for example). 
The noise suppression block/module 2014 may produce a 
noise Suppression gain and/or a noise-suppressed output 
frame 2001, which may be provided to the max block/module 
2003. 

0224. The maximum block/module 2003 may determine a 
maximum based on the noise Suppression gain/noise-Sup 
pressed output frame 2001 and the restoration information 
2099. For example, the maximum block/module 2003 may 
determine a bin-wise maximum between the restored frame 
2091 and the noise-suppressed output frame 2001. If a 
restored frame 2091 bin is larger (e.g., has a larger magnitude) 
than a corresponding noise-Suppressed output frame 2001 
bin, the maximum block/module 2003 may adjust the gain of 
(e.g., Scale up) the noise-Suppressed output frame 2001 bin. 
For example, the maximum block/module 2003 may apply a 
gain value to the noise-suppressed output frame 2001 bin that 
overrides a small noise Suppression gain with a larger gain 
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(e.g., a gain of 1). For example, the noise Suppression gain 
2001 is typically lower than 1. When restoration occurs, the 
noise reduction gain may be set to 1 in speech harmonic peak 
bins. Accordingly, the maximum block/module 2003 may 
perform a maximum operation between two gains (for each 
bin, for example). 
0225. The maximum block/module 2003 may produce an 
output frame 2005. For example, in cases where the restored 
frame 2091 is preserved by the post-processing block/module 
2093 and one or more bins of the noise-suppressed output 
frame 2001 are adjusted based on the restored frame 2091, the 
output frame 2005 may be a gain-adjusted version of the 
noise-suppressed output frame 2001. For instance, the output 
frame 2005 may be considered a final restored frame in some 
cases, which is a frame where the noise Suppression gains 
2001 (e.g., noise reduction gains) in one or more bins have 
been overwritten by the peak restoration decision, since it has 
been determined that these bins are harmonic speech peaks. 
However, in cases where the restored frame 2091 is discarded 
(e.g., the restoration is “undone), the output frame 2005 may 
be the noise-suppressed output frame 2001 without gain 
adjustments. One or more of the post-processing block/mod 
ule 2093 and the maximum block/module 2003 (and/or com 
ponents thereof) may be circuitry for restoring the processed 
speech signal based on the bin-wise Voice activity detection. 
0226 FIG. 21 is a flow diagram illustrating one configu 
ration of a method 2100 for restoring a processed speech 
signal by an electronic device 2002. An electronic device 
2002 may obtain 2102 at least one audio signal. For example, 
the electronic device 2002 may capture an audio signal from 
at least one microphone. 
0227. The electronic device 2002 may perform 2104 
frame-wise (e.g., frame-by-frame or frame-based) voice 
activity detection based on the at least one audio signal. For 
example, the electronic device 2002 may determine a harmo 
nicity. Performing 2104 the frame-wise voice activity detec 
tion may be based on the harmonicity as described above. 
0228. The electronic device 2002 may perform 2106 bin 
wise (e.g., bin-by-bin or bin-based) voice activity detection 
based on the at least one audio signal. For example, the 
electronic device 2002 may perform peak tracking (e.g., 
determine a peak map) based on the at least one audio signal 
and may determine a signal-to-noise ratio (SNR) (e.g., mini 
mum statistic or MinStat) based on the at least one audio 
signal. Performing 2106 the bin-wise voice activity detection 
(e.g., determining whether voice activity is detected) may be 
based on the peak map and the SNR as described above. In 
Some configurations, bin-wise activity detection may be per 
formed 2106 only for frames indicated by the frame-wise 
voice activity detection. In other words, the electronic device 
2002 may perform 2106 bin-wise voice activity detection 
based on the at least one audio signal if the frame-wise Voice 
activity detection indicates Voice or speech. In other configu 
rations, bin-wise voice activity detection may be performed 
2106 for all frames. 

0229. The electronic device 2002 may restore 2108 a pro 
cessed speech signal based on the bin-wise Voice activity 
detection. For example, restoring 2108 a processed speech 
signal may mean restoring speech content (e.g., harmonic 
content) in an audio signal. In particular, one purpose of the 
systems and methods disclosed herein is to restore harmonic 
speech content when Suppressed by noise reduction but not to 
restore other harmonic signals (e.g., music, etc.). As 
described above, restoring 2108 the processed speech signal 
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may be conditional based on the bin-wise voice activity 
detection (e.g., based on one or more parameters determined 
from a restored frame). In some configurations, restoring 
2108 a processed speech signal based on the bin-wise voice 
activity detection may include removing one or more peaks 
(e.g., detected noise peaks) from a transformed audio signal 
based on the bin-wise voice activity detection to produce a 
restored frame, as described above. 
0230. Additionally or alternatively, restoring 2108 a pro 
cessed speech signal may include determining one or more 
parameters (e.g., a restoration ratio and/or a continuity met 
ric), as described above. Furthermore, determining whether 
to restore the processed speech signal may be based on the 
parameters (e.g., restoration ratio and/or the continuity met 
ric) as described above. In some configurations, the electronic 
device 2002 may additionally determine whether one or more 
abnormal peaks are detected and/or whether a stationary low 
SNR meets at least one threshold as described above. Deter 
mining whether to restore the processed speech signal may be 
additionally or alternatively based on whether abnormal peak 
(s) are detected and/or whether the stationary low SNR meets 
at least one threshold. 

0231. In some configurations, it may be determined to 
restore the processed speech signal as follows. If a restoration 
ratio meets a threshold (e.g., the restoration ratio is at least 
equal to a restoration ratio threshold) and an abnormal peak is 
not detected, the electronic device 2002 may restore the pro 
cessed speech signal. If a continuity metric meets a threshold 
(e.g., the continuity metric is at least equal to a continuity 
metric threshold), the electronic device 2002 may restore the 
processed speech signal. If a stationary low SNR meets at 
least one threshold (e.g., the mean of a minimum statistic Sum 
is at least equal to a minimum statistic threshold and variation 
is below a variation threshold), the electronic device 2002 
may restore the processed speech signal. In any other case, the 
electronic device 2002 may avoid restoring (e.g., not restore) 
the processed speech signal (e.g., to undo the restored frame). 
Accordingly, determining whether to restore the processed 
speech signal may be based on one or more of a restoration 
ratio, continuity metric, abnormal peak detection and a sta 
tionary low SNR condition. 
0232. In some configurations, the processed speech signal 
may be a noise-suppressed output frame 2001. For example, 
in cases where it is determined to restore the processed speech 
signal, the electronic device 2002 may restore 2108 the pro 
cessed speech signal by adjusting the gain of one or more bins 
of a noise-suppressed output frame 2001 based on a restored 
frame 2091. For example, the electronic device 2002 may 
determine a maximum (magnitude, amplitude, gain, etc., for 
instance) between each bin of the noise-suppressed output 
frame 2001 and the restored frame 2091. The electronic 
device 2002 may then adjust the gain of bins in which the 
restored frame 2091 bins are greater, for example. This may 
help to restore speech content in the noise-suppressed output 
frame 2001 that have been suppressed by noise suppression. 
In other cases, however, the electronic device 2002 may dis 
card the restored frame 2091 as determined based on the 
parameter(s) that are based on the bin-wise VAD (e.g., the 
restored frame 2091). 
0233 FIG. 22 is a block diagram illustrating a more spe 

cific example of post-processing in accordance with the sys 
tems and methods disclosed herein. In particular, FIG. 22 
illustrates one example of a post-processing block/module 
2293. The post-processing block/module 2293 may obtain an 
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input frame 2207 and a restored frame 2291. The post-pro 
cessing block/module 2293 may include a restoration evalu 
ation block/module 2297 and/or a restoration determination 
block/module 2295. 

0234. The restoration evaluation block/module 2297 may 
determine a restoration ratio 2211, determine a continuity 
metric (e.g., score) 2213, detect any abnormal peak(s) 2215 
and/or determine whethera stationary low SNR 2217 meets at 
least one threshold based on the input frame 2207 and the 
restored frame 2291 as described above. The post-processing 
block/module 2293 may determine to preserve the restored 
frame 2291 if the restoration ratio meets a threshold (and no 
abnormal frame is detected, for example) or if the continuity 
metric meets a threshold or if the stationary low SNR meets at 
least one threshold. Otherwise, the post-processing block/ 
module 2293 may determine to not restore the processed 
speech signal (e.g., undo the restoration or discard the 
restored frame). 
0235 Restoration information 2299 (e.g., the restored 
frame 2291 in cases where it is determined to restore the 
processed speech signal) may be compared with a noise 
suppressed output frame 2201 by a max block/module 2203. 
The maximum of these frames may be provided as an output 
frame 2205. For example, the maximum of each bin between 
the restored frame 2291 and the noise-suppressed output 
frame may be applied to a noise Suppression gain. More 
specifically, if restoration occurs, a small noise Suppression 
gain may be overridden with a gain of 1 for each bin that is 
larger in the restored frame 2291. The maximum block/mod 
ule 2203 accordingly performs a “max’ operation. 
0236 FIG. 23 is a block diagram illustrating a more spe 
cific configuration of an electronic device 2302 in which 
systems and methods for restoring a processed speech signal 
may be implemented. The electronic device 2302 may 
include one or more of a peak tracker 2349, a pitch tracker 
2345, a noise peak learner 2335, an echo cancellation/noise 
suppression block/module & residual noise suppressor 2333 
and/or a gain adjuster 2341. In some configurations, one or 
more of these elements may be configured similarly to and/or 
operate similarly to corresponding elements described above 
in connection with FIG. 4. 

0237. The electronic device 2302 may also include a near 
end speech (NES) detector 2327 (with NES control logic 
2329), a refiner 2353 (which may include a peak removal 
block/module 2390 in some configurations), an SNR tracker 
2347, a frame-wise VAD 2377, a bin-wise VAD 2387. The 
SNR tracker 2347 may operate in accordance with the SNR 
(MinStat) block/module 2085 described above in connection 
with FIG. 20. The peak tracker 2349 may operate in accor 
dance with the peak map block/module 2083 described above 
in connection with FIG. 20. In this example, the pitch tracker 
2345 may perform the frame-wise processing described 
above in connection with FIG. 20 to compute harmonicity 
information. The pitch tracker 2345, SNR tracker 2347 and 
peak tracker 2349 may operate based on a first audio signal 
2321a. In some configurations, the first audio signal 2321a 
may be statically configured (e.g., may come from one micro 
phone) or may be selected from a group of audio signals (that 
includes the second audio signal 2321b, for example) similar 
to the primary channel 2065 described above in connection 
with the FIG. 20. The refiner block/module 2353 may include 
the post-processing block/module 2093 described above in 
connection with FIG. 20. For example, the refiner block/ 
module 2353 may perform one or more of the operations 
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described in connection with the post-processing block/mod 
ule 2093 in FIGS. 20 and/or 22 described above. 

0238. As illustrated in FIG. 23, the near-end speech detec 
tor 2327 may detect near-end speech based on one or more 
audio signals 2321a-b. Additionally, the near-end speech 
(NES) control logic 2329 may provide control based on the 
harmonic statistic 2323 and the frame-wise VAD 2325 (single 
channel, for example). The near-end speech detector 2327 
may provide one or more of the audio signals 2321a-band/or 
a NES state 2331 to the noise suppression block/module & 
residual noise Suppressor 2333. In some configurations, the 
NES state 2331 may indicate a single-mic state or a multi-mic 
(e.g., dual-mic) state. 
0239. The noise suppression block/module & residual 
noise Suppressor 2333 may provide a noise-suppressed signal 
2337 and a noise suppression gain 2339 to the gain adjuster 
2341. In some configurations, the noise Suppression & 
residual noise suppressor 2333 may include adaptive beam 
former (ABF) functionality. For example, the noise suppres 
sion & residual noise suppressor 2333 may perform beam 
forming operations in order to Suppress noise in the audio 
signal(s) 2321a-b. In other words, the noise Suppressed signal 
2337 may be based on adaptive beam forming in some con 
figurations. The gain adjuster 2341 may provide the “max” 
functionality described in connection with one or more of 
FIGS. 20 and 22. For example, the gain adjuster 2341 may 
compare the noise suppression gain 2339 with the restoration 
information 2351 (e.g., gains corresponding to the restored 
frame) in order to produce the output frame 2343. 
0240. The bin-wise VAD 2387 may provide a bin-wise 
voice indicator 2389 (e.g., a bin-wise VAD signal) to the 
refiner 2353 (e.g., the peak removal block/module 2390). The 
bin-wise voice indicator 2389 may indicate particular bins 
(e.g., peaks) that do not include speech. The bin-wise Voice 
indicator 2389 (e.g., bin-wise VAD signal) may be based on 
energy in a frequency bin. The peak removal block/module 
2390 may be one example of the peak removal block/module 
2090 described above in connection with FIG. 20. The peak 
removal block/module 2090 may remove non-speech peaks. 
0241 Refinement may occur in the refiner 2353. The first 
audio signal 2321 a may include gain with spectral peaks 
before the refinement (which may be a bit messy, especially 
for harmonic noise such as music). The refiner 2353 may be 
circuitry for refining a speech signal (e.g., the first audio 
signal 2321a) based on a harmonicity metric (e.g., harmonic 
ity information provided by the pitch tracker 2345). The 
refiner 2353 may produce a replacement signal (e.g., restored 
frame). In some configurations, for example, refinement may 
include removing non-speech peaks from the first audio sig 
nal 2321a. As described above, the replacement signal (e.g., 
restored frame) may be based on the bin-wise VAD signal 
2389. The refiner 2353 may generate restoration information 
2351 (e.g., the replacement signal, restored frame and/or 
information corresponding to the replacement signal or 
restored frame (e.g., one or more gains)). The refiner 2353 
may provide the restoration information 2351 to the gain 
adjuster. In some configurations, the restoration information 
2351 may include again with spectral peaks after the refine 
ment by “undoing the restoration for wrongly restored por 
tions of the restored frame. For example, one or more frames 
may be restored based on frame harmonicity and bin-wise 
conditions. Frames may be typically restored based on the 
frame harmonicity and bin-wise conditions. However, if post 
processing of the harmonicity conditions further determines 
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that this was the wrong decision, then the basic restoration 
decision is undone. It should be noted that the refiner may 
correspond to the post-processing block in one or more of 
FIGS. 20 and 22. 

0242 Dual or single microphone state Switching may 
occur before the entire noise Suppression processing, and the 
speech restoration may not be dependent on the state. The 
refiner 2353 may provide restored speech or undo the resto 
ration if the desired speech is Suppressed in Some frequency 
bins, for example. 
0243 In some configurations, the gain adjuster 2341 may 
be circuitry for replacing a noise Suppressed speech frame 
(e.g., the noise Suppressed signal 2337) based on the replace 
ment signal. For example, the gain adjuster 2341 may adjust 
the noise suppression gain(s) 2339 of the noise suppressed 
signal 2337 in order to produce the output frame 2343. In 
Some configurations, the electronic device 2302 may accord 
ingly refine a speech signal based on a harmonicity metric to 
produce a replacement signal and may replace a noise-Sup 
pressed speech frame based on the replacement signal. The 
replacement signal may be based on a bin-wise VAD signal, 
which may be based on energy in a frequency bin. 
0244 FIG. 24 is a block diagram illustrating one configu 
ration of a refiner 2453. The refiner 2453 may be one example 
of one or more of the post-processing blocks/modules and 
refiner 2453 described in connection with one or more of 
FIGS. 20, 22 and 23. The refiner 2453 may obtain an input 
frame 2455 and a restored frame 2491. For example, the 
refiner 2453 may obtain and analyze the restored frame 2491. 
In some configurations, the refiner 2453 may optionally 
obtain a bin-wise VAD signal 2489. The refiner 2453 may 
include a restoration evaluation block/module 2497 and a 
restoration determination block/module 2495. 

0245. The restoration evaluation block/module 2497 may 
include a restoration ratio determination block/module 2411, 
a continuity score determination block/module 2413, an 
abnormal peak detection block/module 2415 and a stationary 
low SNR detection block/module 2417. The restoration ratio 
determination block/module 2411 may determine a restora 
tion ratio based on the restored frame 2491 and the input 
frame 2455. For example, the restoration ratio may be the 
ratio between the sum of restored FFT magnitudes and the 
Sum of the original FFT magnitude at each frame. 
0246 The continuity score determination block/module 
2413 may determine a continuity metric or score based on 
current and past frame restorations. For example, the conti 
nuity score determination may add a first positive value (e.g., 
+2) if both the current and previous frames are restored, a 
second positive value (e.g., +1) if the current frame is restored 
but the previous frame is not restored and a negative value 
(e.g., -1) if the previous frame is restored but the current 
frame is not restored. Different weights may be assigned to 
the positive and negative values based on the implementation. 
For example, if both current and previous frames are restored, 
the first positive value could be +2.4. The continuity score 
determination block/module may sum up the scores of all 
bins to obtain the continuity score for each frame. The frame 
wise continuity score may be reset to Zero when a frame is not 
restored. 

0247 The abnormal peak detection block/module 2415 
may detect any abnormal peak(s). For example, the abnormal 
peak detection block/module may detect cases where under a 
threshold number of (e.g., only one or two) peaks are restored. 
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0248. The stationary low SNR detection block/module 
2417 may detect a stationary low SNR condition. This may 
occur if the mean of a minimum statistic (e.g., MinStat) sum 
is high and the variation is low. 
0249. The restoration determination block/module 2495 
may determine to preserve the restored frame 2491 if the 
restoration ratio meets a threshold (and no abnormal frame is 
detected, for example) or if the continuity metric meets a 
threshold or if the stationary low SNR meets at least one 
threshold. Otherwise, the restoration determination block/ 
module 2495 may determine to not restore the processed 
speech signal (e.g., undo the restoration or discard the 
restored frame 2491). In this case, the restoration determina 
tion block/module 2495 may discard the restored frame 2491. 
In some configurations, the refiner 2453 may determine 
whether the restored frame 2491 will be used or not. Accord 
ingly, in the cases where the refiner 2453 determines to pre 
serve the restored frame 2491, it may provide the final 
restored frame 2499. It should be noted that a restored frame 
2491 may include one or more frequencybins that have been 
replaced or restored. For example, a frame can be restored on 
a bin-wise basis to produce a restored frame 2491 in some 
configurations. 
0250 FIG. 25 illustrates examples of normalized harmo 
nicity in accordance with the systems and methods disclosed 
herein. In particular, example A 2557a illustrates a normal 
ized harmonicity of clean speech during rotation. Example B 
2557b illustrates a normalized harmonicity of speech--music/ 
music only/speech only. Furthermore, Example C 2557c 
illustrates a normalized harmonicity of speech-public noise/ 
public noise only/speech only. The horizontal axes of the 
graphs illustrated in examples A-C 2557a-care given in fre 
quency. The vertical axes of the graphs illustrated in examples 
A-C 2557a-c provide a measure of the normalized harmo 
nicities, although harmonicity is a dimensionless metric mea 
Suring the degree of periodicity (in the frequency direction as 
illustrated). 
0251 FIG. 26 illustrates examples of frequency-depen 
dent thresholding in accordance with the systems and meth 
ods disclosed herein. In particular, example A 2659a illus 
trates SNR in one clean speech muting frame. Example A 
2659a also illustrates a frequency dependent threshold. 
Example B 2659b illustrates SNR in one music noise frame. 
Example B 2659b also illustrates a frequency dependent 
threshold. 

0252. The non-linear thresholds illustrated in FIG. 26 may 
be utilized to restore more perceptually dominant voice fre 
quency bands. Furthermore, the threshold may be increased 
at the onset of musical sounds (using high-frequency content, 
for example). Additionally, the threshold may be decreased 
when an input signal level is too low (e.g., in Soft speech). 
0253 FIG. 27 illustrates examples of peak maps in accor 
dance with the systems and methods disclosed herein. In 
particular, example A 2761a illustrates a spectrogram, raw 
peaks and refined peaks in a clean speech signal. Example B 
2761b illustrates a spectrogram, raw peaks and refined peaks 
in a noisy speech signal (with pink noise, for example). The 
graphs in FIG. 27 are illustrated in units of kilohertz (kHz) on 
the vertical axes and time in seconds on the horizontal axes. 
0254 FIG. 28A illustrates an example of post-processing 
in accordance with the systems and methods disclosed herein. 
In particular, this example illustrates a spectrogram graph 
2801a, a frame VAD status graph 2803a, a restoration ratio 
graph 28.05a (with a threshold), a continuity score graph 
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2807a and a frame VAD status after post-processing graph 
2809a for a clean speech signal. In this example, most 
detected frames are preserved. 
0255. The horizontal axes of the graphs in FIG. 28A are 
illustrated in time. The Vertical axis of the spectrogram graph 
2801a is illustrated in frequency (kHz). In the frame VAD 
status graph 2803a and the frame VAD status after post 
processing graph 2809a, a value of 1 on the vertical axes 
denotes a frame with detected voice, while a value of 0 on the 
vertical axes denotes a frame without detected voice. As 
illustrated in FIG. 28A, the systems and methods described 
herein may help to refine the VAD status via post-processing 
(e.g., remove false voice detections). The vertical axis of the 
restoration ratio graph 2805a denotes a dimensionless value 
that indicates a ratio of a restored frame FFT magnitude sum 
divided by an original frame FFT magnitude sum. In this 
example, the restoration ratio threshold is illustrated at 40%. 
The vertical axis of the continuity score graph 2807a denotes 
a dimensionless value that indicates a degree of restoration 
continuity as described above. 
0256 FIG. 28B illustrates another example of post-pro 
cessing in accordance with the systems and methods dis 
closed herein. In particular, this example illustrates a spectro 
gram graph 2801b, a frame VAD status graph 2803b, a 
restoration ratio graph 28.05b (with a threshold), a continuity 
score graph 2807b and a frame VAD status after post-process 
ing graph 28.09b for music noise. In this example, most 
detected frames are discarded. 

0257. The horizontal axes of the graphs in FIG. 28B are 
illustrated in time. The Vertical axis of the spectrogram graph 
2801b is illustrated in frequency (kHz). In the frame VAD 
status graph 2803b and the frame VAD status after post 
processing graph 2809b, a value of 1 on the vertical axes 
denotes a frame with detected voice, while a value of 0 on the 
vertical axes denotes a frame without detected voice. As 
illustrated in FIG. 28B, the systems and methods described 
herein may help to refine the VAD status via post-processing 
(e.g., remove false voice detections). The vertical axis of the 
restoration ratio graph 2805b denotes a dimensionless value 
that indicates a ratio of a restored frame FFT magnitude sum 
divided by an original frame FFT magnitude sum. In this 
example, the restoration ratio threshold is illustrated at 40%. 
The vertical axis of the continuity score graph 2807b denotes 
a dimensionless value that indicates a degree of restoration 
continuity as described above. 
0258 FIG. 28C illustrates another example of post-pro 
cessing in accordance with the systems and methods dis 
closed herein. In particular, this example illustrates a spectro 
gram graph 2801c, a frame VAD status graph 2803c, a 
restoration ratio graph 2805c (with a threshold), a continuity 
score graph 2807c and a frame VAD status after post-process 
ing graph 2809c for public noise. In this example, all detected 
frames are discarded. 

(0259. The horizontal axes of the graphs in FIG. 28C are 
illustrated in time. The Vertical axis of the spectrogram graph 
2801c is illustrated in frequency (kHz). In the frame VAD 
status graph 2803c and the frame VAD status after post 
processing graph 2809c, a value of 1 on the vertical axes 
denotes a frame with detected voice, while a value of 0 on the 
vertical axes denotes a frame without detected voice. As 
illustrated in FIG. 28C, the systems and methods described 
herein may help to refine the VAD status via post-processing 
(e.g., remove false voice detections). The vertical axis of the 
restoration ratio graph 28.05c denotes a dimensionless value 
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that indicates a ratio of a restored frame FFT magnitude sum 
divided by an original frame FFT magnitude sum. In this 
example, the restoration ratio threshold is illustrated at 40%. 
The vertical axis of the continuity score graph 2807c denotes 
a dimensionless value that indicates a degree of restoration 
continuity as described above. 
0260 FIG. 29 is a block diagram illustrating one configu 
ration of several components in an electronic device 2902 in 
which systems and methods for signal level matching and 
detecting Voice activity may be implemented. As described 
above, one example of the electronic device 2902 may be a 
wireless communication device. Examples of wireless com 
munication devices include cellular phones, Smartphones, 
laptop computers, personal digital assistants (PDAs), digital 
music players, digital cameras, digital camcorders, game 
consoles, etc. The electronic device 2902 may be capable of 
communicating wirelessly with one or more other devices. 
The electronic device 2902 may include an application pro 
cessor 2963. The application processor 2963 generally pro 
cesses instructions (e.g., runs programs) to perform functions 
on the electronic device 2902. The application processor 
2963 may be coupled to an audio block/module 2965. 
0261 The audio block/module 2965 may be an electronic 
device (e.g., integrated circuit) used for processing audio 
signals. For example, the audio block/module 2965 may 
include an audio codec for coding and/or decoding audio 
signals. The audio block/module 2965 may be coupled to one 
or more speakers 2967, one or more earpiece speakers 2969, 
an output jack 2971 and/or one or more microphones 2904. 
The speakers 2967 may include one or more electro-acoustic 
transducers that convert electrical or electronic signals into 
acoustic signals. For example, the speakers 2967 may be used 
to play music or output a speakerphone conversation, etc. The 
one or more earpiece speakers 2969 may include one or more 
speakers or electro-acoustic transducers that can be used to 
output acoustic signals (e.g., speech signals, ultrasonic sig 
nals, noise control signals, etc.) to a user. For example, one or 
more earpiece speakers 2969 may be used such that only a 
user may reliably hear an acoustic signal generated by the 
earpiece speakers 2969. The outputjack 2971 may be used for 
coupling other devices to the electronic device 2902 for out 
putting audio, such as headphones. The speakers 2967, one or 
more earpiece speakers 2969 and/or the outputjack 2971 may 
generally be used for outputting an audio signal from the 
audio block/module 2965. The one or more microphones 
2904 may be acousto-electric transducers that convert an 
acoustic signal (Such as a user's voice) into electrical or 
electronic signals that are provided to the audio block/module 
2965. 

0262 An audio processing block/module 2975a may be 
optionally implemented as part of the audio block/module 
2965. For example, the audio processing block/module 
2975a may be implemented in accordance with one or more 
of the functions and/or structures described herein. 
0263. Additionally or alternatively, an audio processing 
block/module 2975b may be implemented in the application 
processor 2963. For example, the audio processing block/ 
module 2975b may be implemented in accordance with one 
or more of the functions and/or structures described herein. 
0264. The application processor 2963 may be coupled to a 
power management circuit 2977. One example of a power 
management circuit 2977 is a power management integrated 
circuit (PMIC), which may be used to manage the electrical 
power consumption of the electronic device 2902. The power 
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management circuit 2977 may be coupled to a battery 2979. 
The battery 2979 may generally provide electrical power to 
the electronic device 2902. It should be noted that the power 
management circuit 2977 and/or the battery 2979 may be 
coupled to one or more of the elements (e.g., all) included in 
the electronic device 2902. 
0265. The application processor 2963 may be coupled to 
one or more input devices 2981 for receiving input. Examples 
of input devices 2981 include infrared sensors, image sensors, 
accelerometers, touch sensors, force (e.g., pressure) sensors, 
keypads, microphones, input ports/jacks, etc. The input 
devices 2981 may allow user interaction with the electronic 
device 2902. The application processor 2963 may also be 
coupled to one or more output devices 2983. Examples of 
output devices 2983 include printers, projectors, screens, 
haptic devices, speakers, etc. The output devices 2983 may 
allow the electronic device 2902 to produce an output that 
may be experienced by a user. 
0266 The application processor 2963 may be coupled to 
application memory 2985. The application memory 2985 
may be any electronic device that is capable of storing elec 
tronic information. Examples of application memory 2985 
include double data rate synchronous dynamic random access 
memory (DDRAM), synchronous dynamic random access 
memory (SDRAM), flash memory, etc. The application 
memory 2985 may provide storage for the application pro 
cessor 2963. For instance, the application memory 2985 may 
store data and/or instructions for the functioning of programs 
that are run on the application processor 2963. In one con 
figuration, the application memory 2985 may store and/or 
provide data and/or instructions for performing one or more 
of the methods described herein. 
0267. The application processor 2963 may be coupled to a 
display controller 2987, which in turn may be coupled to a 
display 2989. The display controller 2987 may be a hardware 
block that is used to generate images on the display 2989. For 
example, the display controller 2987 may translate instruc 
tions and/or data from the application processor 2963 into 
images that can be presented on the display 2989. Examples 
of the display 2989 include liquid crystal display (LCD) 
panels, light emitting diode (LED) panels, cathode ray tube 
(CRT) displays, plasma displays, etc. 
0268. The application processor 2963 may be coupled to a 
baseband processor 2991. The baseband processor 2991 gen 
erally processes communication signals. For example, the 
baseband processor 2991 may demodulate and/or decode 
received signals. Additionally or alternatively, the baseband 
processor 2991 may encode and/or modulate signals in prepa 
ration for transmission. 
0269. The baseband processor 2991 may be coupled to 
baseband memory 2993. The baseband memory 2993 may be 
any electronic device capable of storing electronic informa 
tion, such as SDRAM, DDRAM, flash memory, etc. The 
baseband processor 2991 may read information (e.g., instruc 
tions and/or data) from and/or write information to the base 
band memory 2993. Additionally or alternatively, the base 
band processor 2991 may use instructions and/or data stored 
in the baseband memory 2993 to perform communication 
operations. 
(0270. The baseband processor 2991 may be coupled to a 
radio frequency (RF) transceiver 2995. The RF transceiver 
2995 may be coupled to one or more power amplifiers 2997 
andone or more antennas 2999. The RF transceiver 2995 may 
transmit and/or receive radio frequency signals. For example, 
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the RF transceiver 2995 may transmit an RF signal using a 
power amplifier 2997 and one or more antennas 2999. The RF 
transceiver 2995 may also receive RF signals using the one or 
more antennas 2999. 

0271 FIG. 30 illustrates various components that may be 
utilized in an electronic device 3002. The illustrated compo 
nents may be located within the same physical structure or in 
separate housings or structures. In some configurations, one 
or more of the devices or electronic devices described herein 
may be implemented in accordance with the electronic device 
3002 illustrated in FIG. 30. The electronic device 3002 
includes a processor 3007. The processor 3007 may be a 
general purpose single- or multi-chip microprocessor (e.g., 
an ARM), a special purpose microprocessor (e.g., a digital 
signal processor (DSP)), a microcontroller, a programmable 
gate array, etc. The processor 3007 may be referred to as a 
central processing unit (CPU). Although just a single proces 
sor 3007 is shown in the electronic device 3002 of FIG. 30, in 
an alternative configuration, a combination of processors 
3007 (e.g., an ARM and DSP) could be used. 
0272. The electronic device 3002 also includes memory 
3001 in electronic communication with the processor 3007. 
That is, the processor 3007 can read information from and/or 
write information to the memory 3001. The memory 3001 
may be any electronic component capable of storing elec 
tronic information. The memory 3001 may be random access 
memory (RAM), read-only memory (ROM), magnetic disk 
storage media, optical storage media, flash memory devices 
in RAM, on-board memory included with the processor 3007. 
programmable read-only memory (PROM), erasable pro 
grammable read-only memory (EPROM), electrically eras 
able PROM (EEPROM), registers, and so forth, including 
combinations thereof. 

(0273 Data 3005a and instructions 3003a may be stored in 
the memory 3001. The instructions 3003a may include one or 
more programs, routines, Sub-routines, functions, proce 
dures, etc. The instructions 3003a may include a single com 
puter-readable statement or many computer-readable state 
ments. The instructions 3003a may be executable by the 
processor 3007 to implement one or more of the methods or 
functions described herein. Executing the instructions 3003a 
may involve the use of the data 3005a that is stored in the 
memory 3001. FIG. 30 shows some instructions 3003b and 
data 3005b being loaded into the processor 3007 (which may 
originate from instructions 3003a and data 3005a). 
0274 The electronic device 3002 may also include one or 
more communication interfaces 3011 for communicating 
with other electronic devices. The communication interface 
3011 may be based on wired communication technology, 
wireless communication technology, or both. Examples of 
different types of communication interfaces 3011 include a 
serial port, a parallel port, a Universal Serial Bus (USB), an 
Ethernet adapter, an IEEE 1394 bus interface, a small com 
puter system interface (SCSI) bus interface, an infrared (IR) 
communication port, a Bluetooth wireless communication 
adapter, and so forth. 
(0275. The electronic device 3002 may also include one or 
more input devices 3013 and one or more output devices 
3017. Examples of different kinds of input devices 3013 
include a keyboard, mouse, microphone, remote control 
device, button, joystick, trackball, touchpad, lightpen, etc. 
For instance, the electronic device 3002 may include one or 
more microphones 3015 for capturing acoustic signals. In one 
configuration, a microphone 3015 may be a transducer that 
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converts acoustic signals (e.g., voice, speech, noise, etc.) into 
electrical or electronic signals. Examples of different kinds of 
output devices 3017 include a speaker, printer, etc. For 
instance, the electronic device 3002 may include one or more 
speakers 3019. In one configuration, a speaker 3019 may be a 
transducer that converts electrical or electronic signals into 
acoustic signals. 
(0276. One specific type of output device 3017 that may be 
included in an electronic device 3002 is a display device 
3021. Display devices 3021 used with configurations dis 
closed herein may utilize any suitable image projection tech 
nology, Such as a cathode ray tube (CRT), liquid crystal 
display (LCD), light-emitting diode (LED), gas plasma, elec 
troluminescence, or the like. A display controller 3023 may 
also be provided, for converting data 3005a stored in the 
memory 3001 into text, graphics, and/or moving images (as 
appropriate) shown on the display device 3021. 
0277. The various components of the electronic device 
3002 may be coupled together by one or more buses, which 
may include a power bus, a control signal bus, a status signal 
bus, a data bus, etc. For simplicity, the various buses are 
illustrated in FIG.30 as a bus system 3009. It should be noted 
that FIG. 30 illustrates only one possible configuration of an 
electronic device 3002. Various other architectures and com 
ponents may be utilized. 
0278 FIG. 31 illustrates certain components that may be 
included within a wireless communication device 3102. In 
Some configurations, one or more of the devices or electronic 
devices described herein may be implemented in accordance 
with the wireless communication device 3102 illustrated in 
FIG. 31. 

0279. The wireless communication device 3102 includes a 
processor 3141. The processor 3141 may be a general pur 
pose single- or multi-chip microprocessor (e.g., an ARM), a 
special purpose microprocessor (e.g., a digital signal proces 
Sor (DSP)), a microcontroller, a programmable gate array, etc. 
The processor 3141 may be referred to as a central processing 
unit (CPU). Although just a single processor 3141 is shown in 
the wireless communication device 3102 of FIG. 31, in an 
alternative configuration, a combination of processors 3141 
(e.g., an ARM and DSP) could be used. 
0280. The wireless communication device 3102 also 
includes memory 3125 in electronic communication with the 
processor 3141 (e.g., the processor 3141 can read information 
from and/or write information to the memory 3125). The 
memory 3125 may be any electronic component capable of 
storing electronic information. The memory 3125 may be 
random access memory (RAM), read-only memory (ROM), 
magnetic disk storage media, optical storage media, flash 
memory devices in RAM, on-board memory included with 
the processor 3141, programmable read-only memory 
(PROM), erasable programmable read-only memory 
(EPROM), electrically erasable PROM (EEPROM), regis 
ters, and so forth, including combinations thereof. 
0281 Data 3127a and instructions 3129a may be stored in 
the memory 3125. The instructions 3129a may include one or 
more programs, routines, Sub-routines, functions, proce 
dures, code, etc. The instructions 3129a may include a single 
computer-readable statement or many computer-readable 
statements. The instructions 3129a may be executable by the 
processor 3141 to implement one or more of the methods or 
functions described herein. Executing the instructions 3129a 
may involve the use of the data 3127a that is stored in the 
memory 3125. FIG. 31 shows some instructions 3129b and 
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data 3127b being loaded into the processor 3141 (which may 
come from instructions 3129a and data 3127a in memory 
3125). 
0282. The wireless communication device 3102 may also 
include a transmitter 3137 and a receiver 3139 to allow trans 
mission and reception of signals between the wireless com 
munication device 3102 and a remote location (e.g., another 
wireless communication device, etc.). The transmitter 3137 
and receiver 3139 may be collectively referred to as a trans 
ceiver 3135. An antenna 3145 may be electrically coupled to 
the transceiver 3135. The wireless communication device 
3102 may also include (not shown) multiple transmitters 
3137, multiple receivers 3139, multiple transceivers 3135 
and/or multiple antennas 3145. 
0283. In some configurations, the wireless communica 
tion device 3102 may include one or more microphones 3131 
for capturing acoustic signals. In one configuration, a micro 
phone 3131 may be a transducer that converts acoustic signals 
(e.g., voice, speech, noise, etc.) into electrical or electronic 
signals. Additionally or alternatively, the wireless communi 
cation device 3102 may include one or more speakers 3133. 
In one configuration, a speaker 3133 may be a transducer that 
converts electrical or electronic signals into acoustic signals. 
0284. The various components of the wireless communi 
cation device 3102 may be coupled together by one or more 
buses, which may include a powerbus, a control signal bus, a 
status signal bus, a data bus, etc. For simplicity, the various 
buses are illustrated in FIG.31 as a bus system 3143. 
0285. In the above description, reference numbers have 
Sometimes been used in connection with various terms. 
Where a term is used in connection with a reference number, 
this may be meant to refer to a specific element that is shown 
in one or more of the Figures. Where a term is used without a 
reference number, this may be meant to refer generally to the 
term without limitation to any particular Figure. 
0286 The methods and apparatus disclosed herein may be 
applied generally in any transceiving and/or audio sensing 
application, including mobile or otherwise portable instances 
of Such applications and/or sensing of signal components 
from far-field sources. For example, the range of configura 
tions disclosed herein includes communications devices that 
reside in a wireless telephony communication system config 
ured to employ a code-division multiple-access (CDMA) 
over-the-air interface. Nevertheless, it would be understood 
by those skilled in the art that a method and apparatus having 
features as described herein may reside in any of the various 
communication systems employing a wide range oftechnolo 
gies known to those of skill in the art, such as Systems 
employing Voice over IP (VoIP) over wired and/or wireless 
(e.g., CDMA, TDMA, FDMA, and/or TD-SCDMA) trans 
mission channels. 
0287. The techniques described herein may be used for 
various communication systems, including communication 
systems that are based on an orthogonal multiplexing scheme. 
Examples of Such communication systems include Orthogo 
nal Frequency Division Multiple Access (OFDMA) systems, 
Single-Carrier Frequency Division Multiple Access (SC 
FDMA) systems, and so forth. An OFDMA system utilizes 
orthogonal frequency division multiplexing (OFDM), which 
is a modulation technique that partitions the overall system 
bandwidth into multiple orthogonal sub-carriers. These sub 
carriers may also be called tones, bins, etc. With OFDM, each 
sub-carrier may be independently modulated with data. An 
SC-FDMA system may utilize interleaved FDMA (IFDMA) 
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to transmit on sub-carriers that are distributed across the 
system bandwidth, localized FDMA (LFDMA) to transmit 
on a block of adjacent sub-carriers, or enhanced FDMA 
(EFDMA) to transmit on multiple blocks of adjacent sub 
carriers. In general, modulation symbols are sent in the fre 
quency domain with OFDM and in the time domain with 
SC-FDMA 
0288 The term “determining encompasses a wide vari 
ety of actions and, therefore, “determining can include cal 
culating, computing, processing, deriving, investigating, 
looking up (e.g., looking up in a table, a database or another 
data structure), ascertaining and the like. Also, “determining 
can include receiving (e.g., receiving information), accessing 
(e.g., accessing data in a memory) and the like. Also, "deter 
mining can include resolving, selecting, choosing, establish 
ing and the like. 
0289. The phrase “based on does not mean “based only 
on.” unless expressly specified otherwise. In other words, the 
phrase “based on describes both “based only on' and “based 
at least on.” For example, the term “based on may indicate 
any of its ordinary meanings, including the cases (i) “derived 
from (e.g., “B is a precursor of A'), (ii) “based on at least 
(e.g., “A is based on at least B”) and, if appropriate in the 
particular context, (iii) “equal to” (e.g., “A is equal to B'). 
Similarly, the term “in response to” is used to indicate any of 
its ordinary meanings, including “in response to at least.” 
0290 The term “couple' and any variations thereof may 
indicate a director indirect connection between elements. For 
example, a first element coupled to a second element may be 
directly connected to the second element, or indirectly con 
nected to the second element through another element. 
0291. The term “processor should be interpreted broadly 
to encompass a general purpose processor, a central process 
ing unit (CPU), a microprocessor, a digital signal processor 
(DSP), a controller, a microcontroller, a state machine, and so 
forth. Under Some circumstances, a “processor may refer to 
an application specific integrated circuit (ASIC), a program 
mable logic device (PLD), a field programmable gate array 
(FPGA), etc. The term “processor may refer to a combina 
tion of processing devices, e.g., a combination of a digital 
signal processor (DSP) and a microprocessor, a plurality of 
microprocessors, one or more microprocessors in conjunc 
tion with a digital signal processor (DSP) core, or any other 
Such configuration. 
0292. The term “memory” should be interpreted broadly 
to encompass any electronic component capable of storing 
electronic information. The term memory may refer to vari 
ous types of processor-readable media Such as random access 
memory (RAM), read-only memory (ROM), non-volatile 
random access memory (NVRAM), programmable read-only 
memory (PROM), erasable programmable read-only 
memory (EPROM), electrically erasable PROM (EEPROM), 
flash memory, magnetic or optical data storage, registers, etc. 
Memory is said to be in electronic communication with a 
processor if the processor can read information from and/or 
write information to the memory. Memory that is integral to a 
processor is in electronic communication with the processor. 
0293. The terms “instructions' and “code' should be 
interpreted broadly to include any type of computer-readable 
statement(s). For example, the terms “instructions' and 
“code' may refer to one or more programs, routines, Sub 
routines, functions, procedures, etc. “Instructions” and 
“code' may comprise a single computer-readable statement 
or many computer-readable statements. 
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0294. Unless expressly limited by its context, the term 
“signal' is used herein to indicate any of its ordinary mean 
ings, including a state of a memory location (or set of memory 
locations) as expressed on a wire, bus, or other transmission 
medium. Unless expressly limited by its context, the term 
'generating is used herein to indicate any of its ordinary 
meanings, such as computing or otherwise producing. Unless 
expressly limited by its context, the term "calculating” is used 
herein to indicate any of its ordinary meanings, such as com 
puting, evaluating, Smoothing and/or selecting from a plural 
ity of values. Unless expressly limited by its context, the term 
“obtaining is used to indicate any of its ordinary meanings, 
Such as calculating, deriving, receiving (e.g., from an external 
device), and/or retrieving (e.g., from an array of storage ele 
ments). Unless expressly limited by its context, the term 
'selecting is used to indicate any of its ordinary meanings, 
Such as identifying, indicating, applying, and/or using at least 
one, and fewer than all, of a set of two or more. Where the term 
“comprising is used in the present description and claims, it 
does not exclude other elements or operations. 
0295 References to a “location of a microphone of a 
multi-microphone audio sensing device indicate the location 
of the center of an acoustically sensitive face of the micro 
phone, unless otherwise indicated by the context. The term 
“channel’ is used at times to indicate a signal path and at other 
times to indicate a signal carried by Such a path, according to 
the particular context. Unless otherwise indicated, the term 
'series' is used to indicate a sequence of two or more items. 
The term "logarithm' is used to indicate the base-ten loga 
rithm, although extensions of Such an operation to other bases 
are within the scope of this disclosure. The term “frequency 
component' is used to indicate one among a set offrequencies 
or frequency bands of a signal. Such as a sample of a fre 
quency domain representation of the signal (e.g., as produced 
by a fast Fourier transform) or a Subband of the signal (e.g., a 
Bark scale or mel scale Subband). Unless the context indicates 
otherwise, the term “offset is used herein as an antonym of 
the term “onset.” 

0296. It is expressly contemplated and hereby disclosed 
that communications devices disclosed herein may be 
adapted for use in networks that are packet-switched (for 
example, wired and/or wireless networks arranged to carry 
audio transmissions according to protocols such as VoIP) 
and/or circuit-switched. It is also expressly contemplated and 
hereby disclosed that communications devices disclosed 
herein may be adapted for use in narrowband coding systems 
(e.g., systems that encode an audio frequency range of about 
four or five kilohertz) and/or for use in wideband coding 
systems (e.g., systems that encode audio frequencies greater 
than five kilohertz), including whole-band wideband coding 
systems and split-band wideband coding systems. 
0297. The foregoing presentation of the described con 
figurations is provided to enable any person skilled in the art 
to make or use the methods and other structures disclosed 
herein. The flowcharts, flow diagrams, block diagrams, and 
other structures shown and described herein are examples 
only, and other variants of these structures are also within the 
Scope of the disclosure. Various modifications to these con 
figurations are possible, and the generic principles presented 
herein may be applied to other configurations as well. Thus, 
the present disclosure is not intended to be limited to the 
configurations shown above but rather is to be accorded the 
widest scope consistent with the principles and novel features 
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disclosed in any fashion herein, including in the attached 
claims as filed, which form a part of the original disclosure. 
0298 Those of skill in the art will understand that infor 
mation and signals may be represented using any of a variety 
of different technologies and techniques. For example, data, 
instructions, commands, information, signals, bits and sym 
bols that may be referenced throughout the above description 
may be represented by Voltages, currents, electromagnetic 
waves, magnetic fields or particles, optical fields or particles, 
or any combination thereof. 
0299 Important design requirements for implementation 
of a configuration as disclosed herein may include minimiz 
ing processing delay and/or computational complexity (typi 
cally measured in millions of instructions per second or 
MIPS), especially for computation-intensive applications, 
Such as playback of compressed audio or audiovisual infor 
mation (e.g., a file or stream encoded according to a compres 
sion format, such as one of the examples identified herein) or 
applications for wideband communications (e.g., voice com 
munications at sampling rates higher than eight kilohertz, 
such as 12, 16, 44.1, 48, or 192 kHz). 
0300 Goals of a multi-microphone processing system 
may include achieving ten to twelve dB in overall noise 
reduction, preserving Voice level and color during movement 
of a desired speaker, obtaining a perception that the noise has 
been moved into the background instead of an aggressive 
noise removal, dereverberation of speech, and/or enabling the 
option of post-processing for more aggressive noise reduc 
tion. 
0301 An apparatus as disclosed herein may be imple 
mented in any combination of hardware with software, and/or 
with firmware, that is deemed suitable for the intended appli 
cation. For example, the elements of Such an apparatus may 
be fabricated as electronic and/or optical devices residing, for 
example, on the same chip or among two or more chips in a 
chipset. One example of Such a device is a fixed or program 
mable array of logic elements, such as transistors or logic 
gates, and any of these elements may be implemented as one 
or more such arrays. Any two or more, or even all, of the 
elements of the apparatus may be implemented within the 
same array or arrays. Such an array or arrays may be imple 
mented within one or more chips (for example, within a 
chipset including two or more chips). 
0302 One or more elements of the various implementa 
tions of the apparatus disclosed herein may also be imple 
mented in whole or in part as one or more sets of instructions 
arranged to execute on one or more fixed or programmable 
arrays of logic elements, such as microprocessors, embedded 
processors, intellectual property (IP) cores, digital signal pro 
cessors, FPGAs (field-programmable gate arrays), ASSPs 
(application-specific standard products), and ASICs (applica 
tion-specific integrated circuits). Any of the various elements 
of an implementation of an apparatus as disclosed herein may 
also be embodied as one or more computers (e.g., machines 
including one or more arrays programmed to execute one or 
more sets or sequences of instructions, also called “proces 
sors”), and any two or more, or even all, of these elements 
may be implemented within the same Such computer or com 
puters. 
0303 A processor or other means for processing as dis 
closed herein may be fabricated as one or more electronic 
and/or optical devices residing, for example, on the same chip 
or among two or more chips in a chipset. One example of such 
a device is a fixed or programmable array of logic elements, 
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Such as transistors or logic gates, and any of these elements 
may be implemented as one or more Such arrays. Such an 
array or arrays may be implemented within one or more chips 
(for example, within a chipset including two or more chips). 
Examples of Such arrays include fixed or programmable 
arrays of logic elements, such as microprocessors, embedded 
processors, IP cores, DSPs, FPGAs, ASSPs and ASICs. A 
processor or other means for processing as disclosed herein 
may also be embodied as one or more computers (e.g., 
machines including one or more arrays programmed to 
execute one or more sets or sequences of instructions) or other 
processors. It is possible for a processor as described hereinto 
be used to perform tasks or execute other sets of instructions 
that are not directly related to a voice activity detection pro 
cedure as described herein, Such as a task relating to another 
operation of a device or system in which the processor is 
embedded (e.g., an audio sensing device). It is also possible 
for part of a method as disclosed herein to be performed by a 
processor of the audio sensing device and for another part of 
the method to be performed under the control of one or more 
other processors. 
0304 Those of skill will appreciate that the various illus 

trative modules, logical blocks, circuits, and tests and other 
operations described in connection with the configurations 
disclosed herein may be implemented as electronic hardware, 
computer software or combinations of both. Such modules, 
logical blocks, circuits, and operations may be implemented 
or performed with a general-purpose processor, a digital sig 
nal processor (DSP), an ASIC or ASSP, an FPGA or other 
programmable logic device, discrete gate or transistor logic, 
discrete hardware components, or any combination thereof 
designed to produce the configuration as disclosed herein. For 
example, such a configuration may be implemented at least in 
part as a hard-wired circuit, as a circuit configuration fabri 
cated into an application-specific integrated circuit, or as a 
firmware program loaded into non-volatile storage or a soft 
ware program loaded from or into a data storage medium as 
machine-readable code, such code being instructions execut 
able by an array of logic elements such as a general purpose 
processor or other digital signal processing unit. A general 
purpose processor may be a microprocessor, but in the alter 
native, the processor may be any conventional processor, 
controller, microcontroller or state machine. A processor may 
also be implemented as a combination of computing devices, 
e.g., a combination of a DSP and a microprocessor, a plurality 
of microprocessors, one or more microprocessors in conjunc 
tion with a DSP core, or any other such configuration. A 
software module may reside in RAM (random-access 
memory), ROM (read-only memory), nonvolatile RAM 
(NVRAM) such as flash RAM, erasable programmable ROM 
(EPROM), electrically erasable programmable ROM (EE 
PROM), registers, hard disk, a removable disk, a CD-ROM or 
any other form of storage medium known in the art. An 
illustrative storage medium is coupled to the processor Such 
the processor can read information from, and write informa 
tion to, the storage medium. In the alternative, the storage 
medium may be integral to the processor. The processor and 
the storage medium may reside in an ASIC. The ASIC may 
reside in a user terminal. In the alternative, the processor and 
the storage medium may reside as discrete components in a 
user terminal. 

0305. It is noted that the various methods disclosed herein 
(e.g., methods and other methods disclosed by way of 
description of the operation of the various apparatus 
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described herein) may be performed by an array of logic 
elements such as a processor, and that the various elements of 
an apparatus as described herein may be implemented as 
modules designed to execute on Such an array. As used herein, 
the term “module' or “sub-module' can refer to any method, 
apparatus, device, unit or computer-readable data storage 
medium that includes computer instructions (e.g., logical 
expressions) in software, hardware or firmware form. It is to 
be understood that multiple modules or systems can be com 
bined into one module or system and one module or system 
can be separated into multiple modules or systems to perform 
the same functions. When implemented in software or other 
computer-executable instructions, the elements of a process 
are essentially the code segments to perform the related tasks, 
Such as with routines, programs, objects, components, data 
structures, and the like. The term "software' should be under 
stood to include Source code, assembly language code, 
machine code, binary code, firmware, macrocode, micro 
code, any one or more sets or sequences of instructions 
executable by an array of logic elements, and any combina 
tion of such examples. The program or code segments can be 
stored in a processor-readable storage medium or transmitted 
by a computer data signal embodied in a carrier wave over a 
transmission medium or communication link. 

0306 The implementations of methods, schemes, and 
techniques disclosed herein may also be tangibly embodied 
(for example, in one or more computer-readable media as 
listed herein) as one or more sets of instructions readable 
and/or executable by a machine including an array of logic 
elements (e.g., a processor, microprocessor, microcontroller, 
or other finite state machine). The term “computer-readable 
medium may include any medium that can store or transfer 
information, including Volatile, nonvolatile, removable and 
non-removable media. Examples of a computer-readable 
medium include an electronic circuit, a semiconductor 
memory device, a ROM, a flash memory, an erasable ROM 
(EROM), a floppy diskette or other magnetic storage, a CD 
ROM/DVD or other optical storage, a hard disk, a fiber optic 
medium, a radio frequency (RF) link, or any other medium 
which can be used to store the desired information and which 
can be accessed. The computer data signal may include any 
signal that can propagate over a transmission medium Such as 
electronic network channels, optical fibers, air, electromag 
netic, RF links, etc. The code segments may be downloaded 
via computer networks such as the Internet or an intranet. In 
any case, the scope of the present disclosure should not be 
construed as limited by Such embodiments. 
0307 Each of the tasks of the methods described herein 
may be embodied directly in hardware, in a software module 
executed by a processor, or in a combination of the two. In a 
typical application of an implementation of a method as dis 
closed herein, an array of logic elements (e.g., logic gates) is 
configured to perform one, more than one or even all of the 
various tasks of the method. One or more (possibly all) of the 
tasks may also be implemented as code (e.g., one or more sets 
of instructions), embodied in a computer program product 
(e.g., one or more data storage media Such as disks, flash or 
other nonvolatile memory cards, semiconductor memory 
chips, etc.), that is readable and/or executable by a machine 
(e.g., a computer) including an array of logic elements (e.g., 
a processor, microprocessor, microcontroller, or other finite 
state machine). The tasks of an implementation of a method as 
disclosed herein may also be performed by more than one 
Such array or machine. In these or other implementations, the 
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tasks may be performed within a device for wireless commu 
nications such as a cellular telephone or other device having 
Such communications capability. Such a device may be con 
figured to communicate with circuit-switched and/or packet 
Switched networks (e.g., using one or more protocols such as 
VoIP). For example, such a device may include RF circuitry 
configured to receive and/or transmit encoded frames. 
0308. It is expressly disclosed that the various methods 
disclosed herein may be performed by a portable communi 
cations device Such as a handset, headset, or portable digital 
assistant (PDA), and that the various apparatus described 
herein may be included within such a device. A typical real 
time (e.g., online) application is a telephone conversation 
conducted using Such a mobile device. 
0309. In one or more exemplary embodiments, the opera 
tions described herein may be implemented in hardware, 
software, firmware or any combination thereof. If imple 
mented in Software. Such operations may be stored on or 
transmitted over a computer-readable medium as one or more 
instructions or code. The term “computer-readable media” 
includes both computer-readable storage media and commu 
nication (e.g., transmission) media. By way of example, and 
not limitation, computer-readable storage media can com 
prise an array of storage elements, such as semiconductor 
memory (which may include without limitation dynamic or 
static RAM, ROM, EEPROM, and/or flash RAM), or ferro 
electric, magnetoresistive, ovonic, polymeric, or phase 
change memory; CD-ROM or other optical disk storage; and/ 
or magnetic disk storage or other magnetic storage devices. 
Such storage media may store information in the form of 
instructions or data structures that can be accessed by a com 
puter. Communication media can comprise any medium that 
can be used to carry desired program code in the form of 
instructions or data structures and that can be accessed by a 
computer, including any medium that facilitates transfer of a 
computer program from one place to another. Also, any con 
nection is properly termed a computer-readable medium. For 
example, if the software is transmitted from a website, server, 
or other remote source using a coaxial cable, fiber optic cable, 
twisted pair, digital subscriber line (DSL), or wireless tech 
nology Such as infrared, radio, and/or microwave, then the 
coaxial cable, fiber optic cable, twisted pair, DSL, or wireless 
technology Such as infrared, radio, and/or microwave are 
included in the definition of medium. Disk and disc, as used 
herein, includes compact disc (CD), laser disc, optical disc, 
digital versatile disc (DVD), floppy disk and Blu-ray DiscTM 
(Blu-Ray Disc Association, Universal City, Calif.), where 
disks usually reproduce data magnetically, while discs repro 
duce data optically with lasers. Combinations of the above 
should also be included within the scope of computer-read 
able media. 

0310. An acoustic signal processing apparatus as 
described herein may be incorporated into an electronic 
device that accepts speech input in order to control certain 
operations, or may otherwise benefit from separation of 
desired noises from background noises, such as communica 
tions devices. Many applications may benefit from enhancing 
or separating clear desired sound from background Sounds 
originating from multiple directions. Such applications may 
includehuman-machine interfaces in electronic or computing 
devices which incorporate capabilities such as Voice recog 
nition and detection, speech enhancement and separation, 
voice-activated control, and the like. It may be desirable to 
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implement Such an acoustic signal processing apparatus to be 
Suitable in devices that only provide limited processing capa 
bilities. 

0311. The elements of the various implementations of the 
modules, elements and devices described herein may be fab 
ricated as electronic and/or optical devices residing, for 
example, on the same chip or among two or more chips in a 
chipset. One example of Such a device is a fixed or program 
mable array of logic elements, such as transistors or gates. 
One or more elements of the various implementations of the 
apparatus described herein may also be implemented in 
whole or in part as one or more sets of instructions arranged 
to execute on one or more fixed or programmable arrays of 
logic elements such as microprocessors, embedded proces 
sors, IP cores, digital signal processors, FPGAs, ASSPs and 
ASICS. 

0312. It is possible for one or more elements of an imple 
mentation of an apparatus as described herein to be used to 
perform tasks or execute other sets of instructions that are not 
directly related to an operation of the apparatus, such as a task 
relating to another operation of a device or system in which 
the apparatus is embedded. It is also possible for one or more 
elements of an implementation of Such an apparatus to have 
structure in common (e.g., a processor used to execute por 
tions of code corresponding to different elements at different 
times, a set of instructions executed to perform tasks corre 
sponding to different elements at different times, or an 
arrangement of electronic and/or optical devices performing 
operations for different elements at different times). 
0313 The methods disclosed herein comprise one or more 
steps or actions for achieving the described method. The 
method steps and/or actions may be interchanged with one 
another without departing from the scope of the claims. In 
other words, unless a specific order of steps or actions is 
required for proper operation of the method that is being 
described, the order and/or use of specific steps and/or actions 
may be modified without departing from the scope of the 
claims. 

0314. Unless indicated otherwise, any disclosure of an 
operation of an apparatus having a particular feature is also 
expressly intended to disclose a method having an analogous 
feature (and vice versa), and any disclosure of an operation of 
an apparatus according to a particular configuration is also 
expressly intended to disclose a method according to an 
analogous configuration (and vice versa). The term "configu 
ration” may be used in reference to a method, apparatus 
and/or system as indicated by its particular context. The terms 
“method.” “process.” “procedure, and “technique' are used 
generically and interchangeably unless otherwise indicated 
by the particular context. The terms “apparatus” and “device' 
are also used generically and interchangeably unless other 
wise indicated by the particular context. The terms "element 
and “module” are typically used to indicate a portion of a 
greater configuration. Unless expressly limited by its context, 
the term “system” is used hereinto indicate any of its ordinary 
meanings, including "a group of elements that interact to 
serve a common purpose.” 
0315. It is to be understood that the claims are not limited 
to the precise configuration and components illustrated 
above. Various modifications, changes and variations may be 
made in the arrangement, operation and details of the sys 
tems, methods, and apparatus described herein without 
departing from the scope of the claims. 
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What is claimed is: 
1. A method for restoring a processed speech signal by an 

electronic device, comprising: 
obtaining at least one audio signal; 
performing bin-wise voice activity detection based on the 

at least one audio signal; and 
restoring the processed speech signal based on the bin-wise 

voice activity detection. 
2. The method of claim 1, further comprising performing 

frame-wise voice activity detection based on the at least one 
audio signal. 

3. The method of claim 2, further comprising determining 
a harmonicity based on the at least one audio signal, and 
wherein performing the frame-wise activity detection is 
based on the harmonicity. 

4. The method of claim 1, further comprising determining 
whether to restore the processed speech signal. 

5. The method of claim 4, wherein determining whether to 
restore the processed speech signal is based on at least one of 
a restoration ratio and a continuity metric. 

6. The method of claim 1, further comprising: 
tracking one or more peaks based on the at least one audio 

signal; and 
determining a signal-to-noise ratio (SNR) based on the at 

least one audio signal, wherein performing the bin-wise 
Voice activity detection is based on the tracking and the 
SNR. 

7. The method of claim 1, further comprising determining 
a restoration ratio. 

8. The method of claim 1, further comprising determining 
a continuity metric, wherein the continuity metric is deter 
mined by adding a first positive value if a current frame and a 
previous frame are restored, a second positive value if the 
current frame is restored but the previous frame is not 
restored, and a negative value if the previous frame is restored 
but the current frame is not restored. 

9. The method of claim 1, further comprising determining 
whether an abnormal peak is detected. 

10. The method of claim 1, further comprising determining 
whether a stationary low signal-to-noise ratio (SNR) meets at 
least one threshold. 

11. The method of claim 1, further comprising: 
determining whether a restoration ratio meets a first thresh 

old; 
determining whether a continuity metric meets a second 

threshold; 
determining whether an abnormal peak is detected; and 
determining whether a stationary low signal-to-noise ratio 
(SNR) meets at least one threshold. 

12. The method of claim 11, further comprising: 
restoring the processed speech signal if the restoration ratio 

meets the first threshold and an abnormal peak is not 
detected; 

restoring the processed speech signal if the continuity met 
ric meets the second threshold; 

restoring the processed speech signal if the stationary low 
SNR meets the at least one threshold; and 

avoiding restoring the processed speech signal otherwise. 
13. An electronic device, comprising: 
circuitry for obtaining at least one audio signal; 
circuitry for performing bin-wise voice activity detection 

based on the at least one audio signal; and 
circuitry for restoring a processed speech signal based on 

the bin-wise voice activity detection. 
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14. The electronic device of claim 13, further comprising 
circuitry for performing frame-wise Voice activity detection 
based on the at least one audio signal. 

15. The electronic device of claim 14, further comprising 
circuitry for determining a harmonicity based on the at least 
one audio signal, and wherein performing the frame-wise 
activity detection is based on the harmonicity. 

16. The electronic device of claim 13, further comprising 
circuitry for determining whether to restore the processed 
speech signal. 

17. The electronic device of claim 16, wherein determining 
whether to restore the processed speech signal is based on at 
least one of a restoration ratio and a continuity metric. 

18. The electronic device of claim 13, further comprising: 
circuitry for tracking one or more peaks based on the at 

least one audio signal; and 
circuitry for determining a signal-to-noise ratio (SNR) 

based on the at least one audio signal, wherein perform 
ing the bin-wise voice activity detection is based on the 
tracking and the SNR. 

19. The electronic device of claim 13, further comprising 
circuitry for determining a restoration ratio. 

20. The electronic device of claim 13, further comprising 
circuitry for determining a continuity metric wherein the 
continuity metric is determined by adding a first positive 
value if a current frame and a previous frame are restored, a 
second positive value if the current frame is restored but the 
previous frame is not restored, and a negative value if the 
previous frame is restored but the current frame is not 
restored. 

21. The electronic device of claim 13, further comprising 
circuitry for determining whether an abnormal peak is 
detected. 

22. The electronic device of claim 13, further comprising 
circuitry for determining whether a stationary low signal-to 
noise ratio (SNR) meets at least one threshold. 

23. The electronic device of claim 13, further comprising: 
circuitry for determining whether a restoration ratio meets 

a first threshold; 
circuitry for determining whether a continuity metric 

meets a second threshold; 
circuitry for determining whether an abnormal peak is 

detected; and 
circuitry for determining whether a stationary low signal 

to-noise ratio (SNR) meets at least one threshold. 
24. The electronic device of claim 23, wherein the circuitry 

for restoring the processed speech: 
restores the processed speech signal if the restoration ratio 

meets the first threshold and an abnormal peak is not 
detected; 

restores the processed speech signal if the continuity met 
ric meets the second threshold; 

restores the processed speech signal if the stationary low 
SNR meets the at least one threshold; and 

avoids restoring the processed speech signal otherwise. 
25. An apparatus, comprising: 
means for obtaining at least one audio signal; 
means for performing bin-wise Voice activity detection 

based on the at least one audio signal; and 
means for restoring a processed speech signal based on the 

bin-wise voice activity detection. 
26. The apparatus of claim 25, further comprising means 

for performing frame-wise Voice activity detection based on 
the at least one audio signal. 
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27. The apparatus of claim 26, further comprising means 
for determining a harmonicity based on the at least one audio 
signal, and wherein performing the frame-wise activity detec 
tion is based on the harmonicity. 

28. The apparatus of claim 25, further comprising means 
for determining whether to restore the processed speech sig 
nal. 

29. The apparatus of claim 28, wherein determining 
whether to restore the processed speech signal is based on at 
least one of a restoration ratio and a continuity metric. 

30. The apparatus of claim 25, further comprising: 
means for tracking one or more peaks based on the at least 

one audio signal; and 
means for determining a signal-to-noise ratio (SNR) based 

on the at least one audio signal, wherein performing the 
bin-wise Voice activity detection is based on the tracking 
and the SNR. 

31. The apparatus of claim 25, further comprising means 
for determining a restoration ratio. 

32. The apparatus of claim 25, further comprising means 
for determining a continuity metric wherein the continuity 
metric is determined by adding a first positive value if a 
current frame and a previous frame are restored, a second 
positive value if the current frame is restored but the previous 
frame is not restored, and a negative value if the previous 
frame is restored but the current frame is not restored. 

33. The apparatus of claim 25, further comprising means 
for determining whether an abnormal peak is detected. 

34. The apparatus of claim 25, further comprising means 
for determining whethera stationary low signal-to-noise ratio 
(SNR) meets at least one threshold. 

35. The apparatus of claim 25, further comprising: 
means for determining whether a restoration ratio meets a 

first threshold; 
means for determining whether a continuity metric meets a 

second threshold; 
means for determining whether an abnormal peak is 

detected; and 
means for determining whether a stationary low signal-to 

noise ratio (SNR) meets at least one threshold. 
36. The apparatus of claim 35, wherein the means for 

restoring the processed speech signal: 
restores the processed speech signal if the restoration ratio 

meets the first threshold and an abnormal peak is not 
detected; 

restores the processed speech signal if the continuity met 
ric meets the second threshold; 

restores the processed speech signal if the stationary low 
SNR meets the at least one threshold; and 

avoids restoring the processed speech signal otherwise. 
37. A computer-program product, comprising a non-tran 

sitory tangible computer-readable medium having instruc 
tions thereon, the instructions comprising: 

code for causing an electronic device to obtain at least one 
audio signal; 

code for causing the electronic device to perform bin-wise 
Voice activity detection based on the at least one audio 
signal; and 

code for causing the electronic device to restore a pro 
cessed speech signal based on the bin-wise Voice activity 
detection. 
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38. The computer-program product of claim 37, further 
comprising code for causing the electronic device to perform 
frame-wise voice activity detection based on the at least one 
audio signal. 

39. The computer-program product of claim 38, further 
comprising code for causing the electronic device to deter 
mine a harmonicity based on the at least one audio signal, and 
wherein performing the frame-wise activity detection is 
based on the harmonicity. 

40. The computer-program product of claim 37, further 
comprising code for causing the electronic device to deter 
mine whether to restore the processed speech signal. 

41. The computer-program product of claim 40, wherein 
determining whether to restore the processed speech signal is 
based on at least one of a restoration ratio and a continuity 
metric. 

42. The computer-program product of claim 37, further 
comprising: 

code for causing the electronic device to track one or more 
peaks based on the at least one audio signal; and 

code for causing the electronic device to determine a sig 
nal-to-noise ratio (SNR) based on the at least one audio 
signal, wherein performing the bin-wise Voice activity 
detection is based on the tracking and the SNR. 

43. The computer-program product of claim 37, further 
comprising code for causing the electronic device to deter 
mine a restoration ratio. 

44. The computer-program product of claim 37, further 
comprising code for causing the electronic device to deter 
mine a continuity metric wherein the continuity metric is 
determined by adding a first positive value if a current frame 
and a previous frame are restored, a second positive value if 
the current frame is restored but the previous frame is not 
restored, and a negative value if the previous frame is restored 
but the current frame is not restored. 

45. The computer-program product of claim 37, further 
comprising code for causing the electronic device to deter 
mine whether an abnormal peak is detected. 

46. The computer-program product of claim 37, further 
comprising code for causing the electronic device to deter 
mine whether a stationary low signal-to-noise ratio (SNR) 
meets at least one threshold. 

47. The computer-program product of claim 37, further 
comprising: 

code for causing the electronic device to determine 
whether a restoration ratio meets a first threshold; 

code for causing the electronic device to determine 
whether a continuity metric meets a second threshold; 

code for causing the electronic device to determine 
whether an abnormal peak is detected; and 

code for causing the electronic device to determine 
whether a stationary low signal-to-noise ratio (SNR) 
meets at least one threshold. 

48. The computer-program product of claim 47, further 
comprising: 

code for causing the electronic device to restore the pro 
cessed speech signal if the restoration ratio meets the 
first threshold and an abnormal peak is not detected; 

code for causing the electronic device to restore the pro 
cessed speech signal if the continuity metric meets the 
second threshold; 

code for causing the electronic device to restore the pro 
cessed speech signal if the stationary low SNR meets the 
at least one threshold; and 
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code for causing the electronic device to avoid restoring the 
processed speech signal otherwise. 

49. A method for audio signal processing by an electronic 
device, comprising: 

refining a speech signal based on a harmonicity metric to 
produce a replacement signal; and 

replacing a noise-suppressed speech frame based on the 
replacement signal. 

50. The method of claim 49, wherein the replacement 
signal is based on a bin-wise voice activity detection (VAD) 
signal. 

51. The method of claim 50, wherein the bin-wise VAD 
signal is based on energy in a frequency bin. 

52. An electronic device, comprising: 
circuitry for refining a speech signal based on a harmonic 

ity metric to produce a replacement signal; and 
circuitry for replacing a noise-suppressed speech frame 

based on the replacement signal. 
53. The electronic device of claim 52, wherein the replace 

ment signal is based on a bin-wise Voice activity detection 
(VAD) signal. 

54. The electronic device of claim 53, wherein the bin-wise 
VAD signal is based on energy in a frequency bin. 
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55. An apparatus, comprising: 
means for refining a speech signal based on a harmonicity 

metric to produce a replacement signal; and 
means for replacing a noise-Suppressed speech frame 

based on the replacement signal. 
56. The apparatus of claim 55, wherein the replacement 

signal is based on a bin-wise voice activity detection (VAD) 
signal. 

57. The apparatus of claim 56, wherein the bin-wise VAD 
signal is based on energy in a frequency bin. 

58. A computer-program product, comprising a non-tran 
sitory tangible computer-readable medium having instruc 
tions thereon, the instructions comprising: 

code for causing an electronic device to refine a speech 
signal based on a harmonicity metric to produce a 
replacement signal; and 

code for causing the electronic device to replace a noise 
Suppressed speech frame based on the replacement sig 
nal. 

59. The computer-program product of claim 58, wherein 
the replacement signal is based on a bin-wise Voice activity 
detection (VAD) signal. 

60. The computer-program product of claim 59, wherein 
the bin-wise VAD signal is based on energy in a frequency 
bin. 


