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T _ The present invention pertains to the field of
telecommunications: More particularly, the present invention relates
to establishing a noise floor and detecting speech activity in an audio
signal.
BACKGROQUND OF THE INVENTION

Advances in telecommunications technology are continuously
improving the ways in which people carry out both business and
personal communications. Such advances include improvements in
video conferencing, increased availability of ISDN links and computer
networks, and improvements in ordinary telephone service. These
technological advances create many design challenges. For example,
many telecommunication systems require a solution for
distinguishing speech from noise in an audio signal; a device which
performs this function has been referred to as a voice activity detector
(VAD).

One application for a VAD is in a half-duplex audio
communication system used in "open audio”, or speakerphone,
teleconferencing. Half-duplex transmission is transmission which
takes place in only one direction at a given point in time. Therefore, it
is a common practice in such a system to temporarily deactivate the
microphone at a given site while that site is receiving a transmissior.
and to mute the speaker at either site to eliminate audio feedback
being received by the remote site. Consequently, a VAD may be
necessary to detect the presence of speech both in the audio signal
received from a remote site and in the audio signal to be transmitted
to the remote site in order to implement these functions. A VAD may
also be used to signal an echo suppression algorithm, to distinguish
"voiced” speech from "unvoiced" speech, and in various other aspects
of audio communications.

Some existing VADs make use of the communication link itself
in detecting speech activity. For example, certain data may be
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Another design issue relates to the use of headsets to
implement closed audio microphone and speakers in video
conferencing. Video conferencing software applications are available
which, in general, permit both audio and visual communication
between the user of one personal computer and the user of another
personal computer via ISDN lines, a LAN, or other channels. One
such application is the ProShare™ Personal Conferencing Video
System, created by Intel Corporation of Santa Clara, California. Some
video conferencing applications are sold precalibrated to support one
or more particular models of headsets. This precalibration may be
accomplished by including data in the software code relating to the
appropriate hardware settings, such as the microphone input gain.
However, if the user wishes to use a non-supported headset, he or she
must generally go outside of the video conferencing application to the
operating system in order to adjust the hardware settings. In doing so,
the user essentially must guess at the best hardware settings, often
having to readjust the settings by trial and error in order to achieve
the optimum settings. Hence, existing hardware calibration solufions
provide little flexibility in terms of ability to support multiple
different headsets.

In view of these and other design issues, therefore, it is
desirable to have a VAD which operates independently of the remote
site. It is further desirable that such a VAD provide high-accuracy
(infrequent misclassifications), fast response time, adaption to the
remote site's fluctuating signal—to-noiée ratio, and consistent half-
duplex performance when the remote user transitions between open
and closed audio modes. In addition, it is desirable to provide a VAD
which can be directly used by a hardware calibration solution. Finally,
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relationship between an approximate peak level of the signal and a
current level of the signal, and (2) a number of standard deviation
values of the signal. Each of the standard deviation values
corresponds to one of a number of time intervals. The method
further comprises the steps of repeatedly updating the NPDF to a
current state, and using the current state of the NPDF to locate the
noise floor.

Another aspect of the present invention is a method of
detecting speech in an audio signal. The method comprises the steps
of: (1) determining an average peak value of the audio signal; (2)
determining a number of standard deviation values of the audio
signal, each of which corresponds to one of a number of time
intervals; (3) updating a power density function (PDF) to a current
state of the PDF, according to: (a) the relationship between the average
peak and a current level of the audio signal, and (b) the standard
deviation valﬁes; (4) locating a noise floor based on the current state
of the PDF; and (5) if a certain relationship exists between the current
level of the audio signal and the noise floor, determining that speech
activity is present in the audio signal.

Other features of the present invention will be apparent from
the accompanying drawings and from the detailed description which
follows.
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The present invention is illustrated by way of example and not
limitation in the figures of the accompanying drawings, in which like -
references indicate similar elements and in which:

Figure 1 illustrates a computer system in which the present
invention can be implemented.

Figure 2 illustrates the data flow associated with speech
detection and automatic calibration of a microphone in a computer
system using half-duplex audio communication.

Figure 3 illustrates a waveform of an audio signal having
speech activity.

Figures 4A and 4B illustrate the function of a voice activity
detector {VAD).

Figure 4C is a block diagram of a voice activity detector.

Figure 5 is a flowchart illustrating the overall operation of a
voice activity detector.

Figure 6 illusfrates a noise power densxty function.

Figure 7 is a flowchart illustrating a process of determining and
updating a noise floor.

Figure 8 illustrates a prior art approach to calculating the
standard deviation of the energy of an input audio signal.

Figure 9A illustrates an approach to calculating the standard
deviation of an audio signal according to the presént invention.

Figure 9B illustrates a plot of the standard deviation of an input
audio signal over time.

Figure 10 illustrates a waveform of an input audio signal and a
plot of the average peak of the input audio signal.

Figure 11 is a flowchart illustrating a process of calculating an .
average peak of an input audio signal.

Figure 12 is a flowchart illustrating a process of determining
whether an input signal contains only noise and updating a noise

_power density function. '
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Figure 17 is a flowchart illustrating a proéess for eliminating
erroneous data during automatic calibration of a microphone.
Figures 18A and 18B illustrate processes for adjusting hardware
settings during automatic calibration of a microphone.

DETAILED DESCRIPTION

A method and apparatus for establishing a noise floor and for
detecting speech activity in an audio signal is described. In the
following description, for purposes of explanation, numerous specific
details are set forth in order to provide a thorough understanding of
the present invention. It will be evident, however, to one skilled in
the art that the present invention may be practiced without these
specific details. In other instances, well-known structures and devices
are shown in block diagram form in order to avoid unnecessarily
obscuring the present invention.

The present invention is implemented in a computer system 1
having half-duplex audio communication with at least one other
computer system through an audio channel 95, as illustrated in Figure
1. The audio channel 95 may be an Integrated Services Digital
Network (ISDN) link or a standard computer local area network
(LAN), or.an analog phone system. The computer system 1 includes a
central processing unit 10, a disk storage device 20, a keyboard 30, a
memory 40, an audio input/output (I/O) subsystem 50, a cursor
control device 60, a display 70, a video I/O subsystem 80 receiving
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input from a video camera 85, and an interface device 90, such as a
modem, providing an interface between the computer system 1 and
the audio channel 95. The audio I/O subsystem 50 is coupled to a
speaker 52 and a microphone 53 for open audio communication and
to a headset 51 having both a speaker and a microphone for closed
audio communication. The cursor control device 60 may be a mouse,
trackball, light pen, stylus/graphics tablet, or other similar device. The
disk storage device 20 may be a magnetic disk, CD-ROM, or other
alternative data storage device.

Figure 2 illustrates the data flow associated with operation of
the present invention. The present invention is implemented in a
voice activity detector (VAD) receive channel 210, a VAD transmit
channel 211, and an autocalibrator 230, each of which may be
embodied in software stored in memory 40 or on the disk storage
device 20, or in equivalent circuitry. In Figure 2, compressed audio
data is received by the computer system 1 from the audio channel 95
and input to decompression unit 220. Signal AUDIO RX, which
contains decompressed audio data, is then output by decompression
unit 220 to half-duplex receive channel 200 and to VAD receive
channel 210. The energy E of the signal AUDIO RX has a waveform
similar to that illustrated in Figure 3. In Figure 3, the portion 301 of
the waveform which exceeds a noise floor NF is considered to be
speech energy, whereas the portions 302 of the waveform not
exceeding the noise floor NF are considered to be only noise energy.
The VAD receive channel 210 receives signal AUDIO RX as input and
generates an output RXO to half-duplex receive channel 200 indicating
whether or not the signal AUDIO RX contains speech at any given
point in time. '

The half-duplex receive channel 200 selectively passes on the
signal AUDIO RX to audio front-end output circuitry 252 depending
upon the output RXO of the VAD receive channel 210. Audio data

. passed on to audio front-end output circuitry 252 is processed and sent
to the speaker 52. Referring now to Figure 4A, if the VAD receive
channel 210 indicates to the half-duplex receive channel 200 that
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function. the headset 51 or through the open audio microphone 53 into audio
front-end input circuitry 253, which outputs the signal AUDIO TX.
The energy E of signal AUDIO TX, as with signal AUDIO RX, has a
form similar to that depicted in Figure 3. The signal AUDIO TX is
provided to VAD transmit channel 211 and to half-duplex transmit
channel 201. Half-duplex channel 201 selectively passes on the signal
AUDIO TX to compression unit 222 for transmission across the audio
channel 95, depending upon an input TXO received from the VAD
transmit channel 211 indicating whether or not speech is present in
signal AUDIO TX. Referring now to Figure 4B, if half-duplex transmit
channel 201 receives an input TXO from VAD transmit channel 211
indicating that speech is present in signal AUDIO TX in step 404, then
half-duplex transmit channel 201 communicates with half-duplex
receive channel 200 to cause the half-duplex receive channel 200 to
mute the speaker 52 in step 405. The speaker 52 remains muted until
speech is no longer detected in the signal AUDIO TX.

Referring again to Figure 2, autocalibrator 230 automatically

calibrates headset 51 in response to a user input entered through a
graphical user interface (GUI) 240 in a manner which is not dependent
upon the particular make or model of headset 51. Autocalibrator 230
receives a user input Ul from the GUI 240 and the signal TXO from
the VAD transmit channel 211. Autocalibrator 230 outputs a first
calibration signal CALI1 to the audio front-end input circuitry 253 and
a second calibration signal CAL2 to the memory 40 and the disk
storage device 20. The signal CAL1 is used to calibrate the audio front
end input circuitry 253, and the signal CAL2 js used to store the
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Although VAD receive channel 210 and VAD transmit channel

211 have thus far been illustrated and described separately, they
perform essentially identical functions and are each hereinafter
represented interchangeably by the VAD 410 illustrated in Figure 4C.
The VAD 410 receives an input audio signal AUDIN, which
" represents either signal AUDIO RX or signal AUDIO TX, and outputs a
signal VADOUT, which represents either signal RXO or signal TXO
and which indicates whether speech is present in the input signal
AUDIN. Referring now to Figure 5, a flow chart is shown illustrating
the overall function of the VAD 410. The function of the VAD 410
consists generally of two steps. In step 501, a noise floor NF is
established. Next, in step 502, the VAD 410 determines whether
- speech is present in the input signal AUDIN based upon the
relationship of the input signal AUDIN to the noise floor NF. In the
preferred embodiment, steps 501 and 502 are each repeated once every
20 milliseconds (msec). :
The VAD 410 continuously recomputes the noise floor NF in
~ determining whether speech is present in the input signal, as will be
described in greater detail below. The noise floor is generated based on
a noise power density function (NPDF) which is created and updated
by the VAD 410. The energy level of the noise floor NF is based upon
a current state of the NPDF at any given point and time. An example
of an NPDF is illustrated in Figure 6. The noise floor NF is taken to be
the mean energy value of the NPDF, i.e,, the mean noise energy level
(MNEL), plus a margin value MV. In the preferred embodiment, the
input signal AUDIN is sampled by the VAD 410 at a rate of 8 kHz and
the NPDF is updated every 20 msec. Consequently, the input signal
AUDIN is sampled 160 times for every 20 msec time interval.
The VAD 410 uses both the standard deviation of the energy of
the input signal over a period of time as well as the current energy .
level of the input signal at a particular point in time to update the
NPDF. A "sliding window" of time is used in gathering samples of

adj usting hardware
m cr ophone.
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period of 500 msec is updated every 20 msec in order to achieve a fast

response time of the VAD 410. Because such short time periods are

‘used, the current energy level E is examined in comparison to an

envelope of the input signal AUDIN as a means of increasing accuracy

in updating the noise floor NF, i.e., to reduce the number of instances
- when low standard deviation speech is incorrecly interpreted as

noise. In the preferred embodiment, the envelope of the input signal

is an average peak AP of the input signal AUDIN over a two-second
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Referring now to Figure 7, the process of determining and
updating the noise floor NF (step 501) is illustrated in greater detail.
The process consists of steps 701 through 705. As noted above, the
overall function of the VAD 410 is a process which is repeated every
20 msec. Consequently, each of steps 701 through 705 is performed
once every 20 msec. The VAD 410 samples the input signal AUDIN at
a rate of 8 kHz, or 160 samples for each 20 msec iteration. For each
sample, the energy level E of the input signal AUDIN is determined.
In step 701, the average energy EAVG is calculated for all samples

, occurring during the last 20. In step 702, the standard deviation SD is
calculated for all of the values of average energy EAVG computed '
during the last 500 msec. In step 703, the average peak AP of the input
signal AUDIN is calculated. In step 704, the VAD makes a preliminary
decision as to whether the input signal contains noise only or speech.
This preliminary decision, however, is made only for the purpose of
updating the noise floor NF and not for the purpose of making a final
determination of whether speech is present in the input signal
AUDIN. In step 705, the NPDF is updated if the outcome of the
preliminary determination was that only noise is present in the input
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receive - which occur infrequently will eventually disappear from the NPDF or
impact the NPDF less heavily than those that occur more frequently.
In step 707, the noise floor NF is calculated as the mean energy level of
the NPDF plus a margin value MV; that is, the noise floor NF equals
the mean noise energy level (MNEL) plus the margin value MV (see
Figure 6). In the preferred embodiment, the margin value MV is 6 dB,
however, this value may be tailored to meet desired performance
characteristics.
As mentioned above, the noise floor NF is updated based, in
part, on the standard deviation SD of samples of the average energy
EAVG of the input signal AUDIN. In particular, during a given time
interval, a low standard deviation SD usually indicates a lack of
. speech activity (i.e., noise only) in the input signal AUDIN, assuming
the duration of the sample window is long enough. By contrast, a
high standard deviation in signal energy usually indicates that speech
activity is present in the input signal. The standard deviation SD is
computed according to the following formula:

n

_ 2
21 (B-Ei)
n-—1

SD =

where Ej represents values of average energy EAVG.
A new standard deviation value SD is calculated every 20 msec for the
purpose of updating the NPDF. The standard deviation SD is
calculated for all values of average energy EAVG occurring within the
last 0.5 seconds. Referring to Figure 94, overlapping time intervals T7
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speaker 52. Ref ergéfigateOul Qoldcdtifi®e Standakd Id¥Ri VA V46684, \8D] throughannel 210
ndi cates 10 the JB) " ruBlRky ShElatSe SR ShiualY shdihrd deviation'h % 03397
- calculated every 20 msec to update the noise floor NF, time intervals

T1 through T4 are offset by increments of 20 msec. This method of

calculating standard deviation SD differs from a prior art method,

illustrated in Figure 8, in which non-overlapping time intervals Ta

through Tp are used to generate standard deviation values SDA

through SDpD.

As noted above, the time interval of 500 msec used in the
present invention for calculating the standard deviation SD is
relatively short in view of the dynamic characteristics of typical
human speech. That is, during a given 500 msec time period of
continuous human speech, the standard deviation SD of the signal
energy may be quite low, perhaps below whatever threshold value is
being used. As the duration of the sample window for calculating
standard deviation SD is reduced, the likelihood of misclassifying
speech as noise tends to increase. This principle is illustrated in
Figure 9B, which shows a plot of standard deviation SD over time for
the waveform shown in Figure 9A. In the preferred embodiment, a
standard deviation SD value of 3.2 is used as a threshold value in
distinguishing speech from noise for the purpose of updating the
NPDF. In Figures 9A and 9B, it can be seen that speech occurring
during the time interval T5 might be misclassified as noise if one
relied only upon the standard deviation SD, since that value falls
below 3.2 during the time interval T5. Consequently, the present
invention does not rely only upon the standard deviation SD of the
input signal in classifying the input audio signal; instead, the present
invention also computes an envelope of the input signal AUDIN
during every 20 msec iteration as an additional factor in updating the
NPDF. This envelope is represented by the average peak AP of the
energy of the input signal AUDIN, as illustrated in Figure 10.

Figure 11 illustrates a flow chart showing how the average peak
AP is calculated. In step 1101, the last five consecutive average energy



=-7- speech is present in the signal AUDIO RX in step 401, then the

hal f - dupl ex recei ve channel 200 conmmuni cates wi th hal f-dupl ex
transmt channel 201 to cause the mcrophone 53 to be nuted in step
: 402. The m crophone 53 remains nuted until speech is no | onger
detected in WO si gnal AUDI O RX. Referrin

FH gure 2, sound to be transmtted across the audi o channel 95 is

i nput by a user either through the m crophone of t he headset 51 or

t hrough the open audi o m crophone 53 into audio front-end input
circuitry 253, which outputs the signal AU O TX The energy E of .
signal AUDIO TX, as wth signal AUDI O RX, S a formsimlar to that
depicted in Figure 3. The signal AUDIOTXls prqvided to VAD transmt
channel 211 and t SalesEANG rrpm@wgtothelast;%mgc Ae saved. ¢ | ex

channel 201 sel ecfivedAygassiass are thes ave@ged in step 1P rbdut®a datg essi on

unit 222 for tran endi ng upon

an input TXO rece?‘\r/{k(sig %&%h@%@Afy@elugﬂgt?ing?s é}ﬁgﬂ?@%dﬁ%ﬁd. cating

whet her or not spdutingthepasdwotseconds are ideritifies]. JAURED1I04, tefreerageg now t o

Figure 4B, if hal pireis dalcustedl tto be the atérape of tR&: fiRaables AVGEnput TXO
peaki 2 5

from VAD transm' t nnel Indi cat i th S IS present in
signal AUDI O TX i Xglglt%gp 401211%&?}?@5 onee a %It‘f’% ?X atﬁfﬁwrychannel 201
communi cates with n&mumtpmaszf whetherrascrgt\the anpuhsgnabmdusiewpgech ise

hal f - dupl ex recei yeadehiare 780ri e limited séla%uwsahgrthéﬁlmp@&éw 405.

The speaker 52 ¢ oHBb1S BASe ki rgpr NESRBECAYS Ak SP e e 1T

aut ocal i brat or 23the;aneyage pealt AP is used, in part, to increase accuracy durmg time
periods in which the standard deviation value falls below of 3.2 even
though speech is occurring. Specifically, the input signal AUDIN will
not be determined to contain only noise unless the current value of
average energy EAVG falls below the level of the current average peak
AP minus 9 dB. Hence, an input signal AUDIN which has a low
standard deviation SD but a high current average energy EAVG is
unlikely to be misclassified as noise for the purpose of updating the
NPDF. In addition, the present invention also employs a "zero-
crossing” algorithm to further increase the accuracy of the noise floor,
as is discussed below.

Figure 12 is a flowchart showing in detail the steps of
determining whether the input signal contains only noise (step 704)
and updating the NPDF (step 705). In step 1201, if the current average
energy EAVG does not fall below the level (AP - 9 dB), then it is
determined in step 1205 that the input signal AUDIN is not noise for
the purpose of updating the NPDF; in that case, no bin of the NPDF is
increased. If, however, it is determined in step 1201 that the current
average energy EAVG does fall below (AP - 9 dB), then a
determination is made in step 1202 of whether all of the standard
deviation values SD calculated during the last 120 msec have fallen
below 3.2. If the outcome of step 1202 is "NO", then it is determined
in step 1205 that the input signal AUDIN is not noise for the purpose
of updating the NPDF, and no bin of the NPDF is increased. If all of
the standard deviation values SD have fallen below 3.2 for at least the

-



.calibrates headset 51 in response to a user input entered through a

gr aphi cal user

Interface (GUI) 240 in a manner which is not dependent

upon the particul ar nake or nodel of headset 51. Autocalibrator 230

_.receives a user

i nput U fromthe GU 240 and the signal TXO from

VAD transnit WHHMEE2 211, Autocal i brator 230 outputs a firsPCT/US96/12028

cal i bration signal

a second calibration signal CAL2 to the nmenory 40 and the disk

storage device 20. The signal CALI is used to calibrate the audio front

end input circuitry 253, and the signal CAL2 is used to store the
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appropri ate har dwastl2lemsed gheroa detarmingtion imade inletepcl203mfonhethet b8
of the stfidab@ deRiaiA V41664 9D KavaTaldn BBwABY ALY IdadPSM

menoty 40.
channel
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the last 1.5 seconds. If the outcome of step 1203 is "NO", then there is
"low confidence" that the input signal AUDIN contains only noise.
Consequently, in step 1206 the appropriate bin of the NPDF is updated
by increasing that bin by a low confidence value of 0.01. I, however,
in step 1203 the standard deviation SD has fallen below 3.2 for at least
1.5 seconds (and the outcomes of steps 1201 and 1202 was "YES"), then
there is "high confidence” that the input signal AUDIN is noise only.
In that case, the appropriate bin of the NPDF is increased by a high
confidence value of 0.1 in step 1204. Note that it is not necessary to
use the exact values of 0.01 as the low confidence value and 0.1 as the
high confidence value in order to practice the present invention. The
important aspect of these numbers is that the ratio of the high
confidence value to the low confidence value is substantially greater
than one. Hence, the NPDF is updated based upon both the
relationship between the current average energy value EAVG of the
input signal to the current average peak AP as well as the standard
deviation SD of the input signal energy over a given time period.
Each time a particular bin of the NPDF is increased, it is increased by
either a high confidence value or a low confidence value to reflect the
degree of confidence that the input signal AUDIN currently contains
only noise. _ '

Figure 13 shows an example of a waveform of the audio input
signal AUDIN and the relationships between the sample windows
used in calculating the average energy EAVG, the standard deviation
SD, and the average peak AP. In Figure 13, an average energy value
EAVG is calculated for samples of instantaneous energy E occurring
within a 20 msec sample window SMPW. A standard deviation SD
value is also calculated based upon values of EAVG calculated during
the 0.5 second standard deviation window SDW. In addition, a new
value of average peak AP is calculated based upon values of EAVG
occurring during the two-second sample window APW. This process

CAL1 to the audio front-end input circuitry 253 and

t he



211 have thus far been illustrated and descri bed separately, they
"performessentially identical functions and are each hereinafter
represented interchangeably by the VAD 410 illustrated in Figure 4C

. The VAD 410 receives an input audi o signal AUDI N, which represents
ei t her si gnal WROFPEERRX or signal AUDI O TX, and outputs a PCT/USOG/12878
VADOUT, which represents either signal RXCO or signal TXO and whi ch

i ndi cat es whet her speech is present in the input signal AUDI N.
Referring nowto Figure 5, a flow chart is shown illustrating t he
overall function of the VAD 410. The function of the VAD 410 consi sts
generally of two steps. In step 501, a noisH-floor NF is est abl i shed.
Next, in step 502, the VAD 410 determ nes whet her speech is present

in the input signas repeaied évergROupser, twigh the samplel wiridoveh SEMEW, SBW,i nput
si-gnal AUDI N to t hadnep beirg 447 dbg’hotrﬁﬁ‘ec for eaclPf&letitiopd enbodi ment,

steps 501 and 502 are ch T .epeat.e mlliseconds

(msec) . ﬁv@w Becision qﬁy&%a{ﬁﬂa#ﬁg 2R WRRHRF 91 oor NF
in det er m ninody thnhmpu'trﬂgqnietﬁﬂmr qmtaing speecht sanditptdd o deadutpas W | |
be descri beg; I@rﬁﬁﬁbﬁl‘r d/aheh'caﬂ%qa@eﬂa%eﬁehéa thﬁférth'e geﬁaﬁrs@t ed
based on - a no ower. functlonﬁ(l ted and
updat ed by ﬂ’iéﬁ%/ﬂ%%wm?@ gﬁ’é‘@fﬂe&fé} uﬁ)(giaggn,f ygen; s
based upon dhe ourrent lmtaittmeﬂustémrg@%fauheanpugmgaal redatine tonidhet | e,

An exanpl e %@WPQ&F' SrHib 'd'ééits A ueki'n% ﬁ]&eﬁgggnu&?&e‘teaq g@egdﬂeoor NF

is taken to be

n ener )
noi se energy | evell4 Ins"ep(%t? e&%nan%}sgqnﬁdggqumer % the preferred
enbodi ment, the instantanpots energglE sfUBbleNnipsit sipmal AQTIDIN ekeecddEhd hOisat a

rate of 8 kHz and floor NIF, tfPencNP@{:en' L) Q&@}dﬂﬁe‘"@f\b gfb Hﬁ&@s P ﬁ y,

t he i nput signal I s, saml r
i nt er vgl g decision tLrJ\at speechsis ot etecteg in the mput s1gn i %\e

instantaneous energy E exceeds the noise floor NF, then the VAD 410
makes the preliminary decision in step 1402 that speech is detected in
the input signal AUDIN. If speech is detected in step 1402, a "zero-
crossing” test is applied in step 1403 to determine whether the speech
is "voiced" or "unvoiced" speech. "Voiced" speech'is speech produced
by vocal chord movement {e.g., the sound "Aaaah"), whereas
"unvoiced” speech is speech produced without vocal chord
movement (e.g., the sound "Shhhh"). The outcome of the zero-
crossing test (step1403) is used by the autocalibrator 230, as will be
discussed further below. The final decision made by the VAD is
"smoothed” by 60 msec. That is, in order for the VAD 410 to generate
an output VADOUT indicating that speech is present in the input
signal AUDIN (steps 1405, and 1406), three consecutive detections of
speech corresponding to three consecutive 20 msec time intervals
must occur in steps 1402 through 1404.

A zero-crossing test is well-known in the art of audlo system
design. The zero-crossing test of step 1403 is a determination of
whether the raw signal value of the signal AUDIN has changed sign
more than 30 percent of the time for the last 10 msec. In other words,
between two consecutive samples of the input signal AUDIN, there

'may or may not be a change in sign; the test of step 1403 determines
whether more than 30 percent of all of the pairs of consecutive



_The VAD 410 uses both the standard devi ation of the energy of t he
“input signal over a period of tine as well as the current energy | evel
of the input signal at a particular point in tine to update the NPDF.
;A "sliding window' of time is used in gathering sanples of WO

97/ 08882 WO 57/08882 POTYP942%812028
-9- the input signal's energy to generate each new val ue of the

st andard deviation SD. That is, each cal cul ated val ue of standard
devi ation SD I s based upon a sarrpl e period which overl aps at | east
one previ ous sanple period, as illustrated in Figure 9A and as w ||
be further di scussed below. In the prEFerred enbodi nent, a sanple
period of 500 nsec i s used to generate each standard devi ati on val ue
SD. This persampied oHEignas AUDIN veutating veithiny thelasB T nisac divived O

agm g‘ég :r Last a sigh SRERES S thSEighhl hﬁﬁ)ﬁ@‘ﬁa RanFRACAYR Tt HRarBer L LI NE
P percent of the time during the last 10 msec, then it is determined in
step 1408 that the detected speech is "unvoiced" speech. Otherwise, it
is determined in step 1404 that the detected speech is "voiced" speech.
In addition to controlling muting of the speaker 52 and the
microphone 53, the output of the VAD 410 may also be used in a
feature which automatically establishes and implements the correct
hardware settings for any headset which a user may wish to use.
Referring once again to Figure 2, the autocalibrator 230 receives the
output TXO of the VAD transmit channel 211 as well as an input Ul
from the GUI 240. The user of the headset 51 clicks on an icon
presented by the GUI 240 using the cursor control device 60 causing
the GUI 240 to prompt the user to speak into the microphone of the
headset 51 for a predetermined period of time. The autocalibrator 230
then adjusts the appropriate hardware settings, including the
microphone input gain, and stores the settings in the memory 40, the
disk storage device 20, or both.
As shown in Figure 15, the input signal AUDIN to the VAD 410
can be represented as a double-humped power density curve of energy

*

representing both noise and speech. Noise energy is concentrated
around a MNEL and voice energy is concentrated around a mean
voice energy level (MVEL). For a given headset, the microphone
input gain may need to be increased so that a user on the receiving
end can comfortably hear the voice of the user on the transmitting
end. Hence, in the preferred embodiment, the microphone input gain
is increased by autocalibrator 130 in response to the user's voice so
that, in general, the MVEL of the input signal is raised to a
predetermined voice reference level VRL. Increasing the microphone
input gain, however, results in amplification of both noise energy and
voice energy. Such amplification may have the undesirable effect of
amplifying the noise energy level to an uncomfortable level.
Consequently, a noise reference level NRL is established, and the
microphone input gain is actually limited so that the noise floor NF



~used, the current energy level Eis exam ned in conparison to an

“envel ope of the input signal AUDIN as a neans of increasing accuracy
in updating the noise floor NF, i.e., to reduce the nunmber of instances
. When | ow standard devi ation speech is incorrectly interpreted as

noi se. | n thev@o#PeB2 ed enbodi nent, the envel ope of the i npRCTHISY6/E3028
Is an average peak AP of the input signal AUDI N over a two-second.

ti me w ndow. Referring now to Figure 7, the process of

determ ni ng and updating the noise floor NF (step 501) is illustrated
I'n greater detail. The process consists of steps 701 through 705. As
not ed above, the overal | function of 1§ VAD 410 is a process which is
repeat ed every 20 nsec. Consequently, each of steps 701 through 705 is
per f or med ondeeenet gxceed tisenoist referarmedevel NRp! dn thdn prefexred si gnal

AUDI N at a ré%oﬁf &#Vﬁnd?ha&ﬁq Sﬁlé%ﬁéﬁ@ na’?@ dbéeeratlon
% t

A I AT A e oo

e NQisg re: Bed for
al'l sanples leveliisr dhogert to be1 32 idBe Iast 20. In step 702, the standard

Erer] computed f‘ﬁﬁ#%%"a f‘&é’fﬁ%éqi 4 DRl 488 1 RGPS5 01
peak AP of the i nfRualibrate F’dﬂ’&?" Téé?tcﬁ}l' a@EE":a]FIFTaEQre?é”O?‘Eﬁ&s ﬂB‘l’le VAD
makes a prel i m naT¥XO outpulief ithe AR dransmih ehdrerel 22 to opeate snd madinexdnt ai ns

For “the. pur pose. ol tre voise, émf K ey SO ?‘*"’;’FY@‘P A e pur pose
of making a final?® utocah}er@?gr §IPHRIngs Mﬁ’éf téggﬂt in the
input signal  curdBhily cbnt_astseptﬁe@&r,oxédﬁboﬂ\ﬁ’ﬁ)l?oxlced upébth_ehised onhhtheout conme  of
it ggut prel i m nghioffl S ik 28H- Qs thditectbird S B bipPiedsent in the

instances of voiced speech are binned into a VPDF based on the output

of the VAD transmit channel 211 . The autocalibrator 230 continues

binning instances of voiced speech into the VPDF until a well-

distributed (useful) VPDF is generated. The well-distributed VPDF

consists of 18 instances of voiced speech detected at 20 msec intervals,

i.e., 360 msec of detected voiced speech (step 1604). Once the VPDF is

generated, the mean voice energy level MVEL of that VPDF is saved

in step 1605. In step 1606, the hardware settings are adjusted based on

the MVEL of the VPDF, in the manner described above. This process

is repeated until five separate VPDFs have been created to generate

five separate _MVELs (MVEL1, MVEL2, . .., MVELS), each consisting of

18 consecutive voice detections. After generating five separate VPDFs

and adjusting the hardware settings each time, a correction is made in

step 1608 to eliminate certain data points from the VPDFs which are

Iikely to be erroneous. After erroneous data is eliminated, the

hardware settings are adjusted one final time in step 1609 to complete

the automatic calibration process.

Figure 17 shows in greater detail the step (1608) of eliminating

erroneous data. In step 1701, of the five VPDFs which have been

saved, the VPDF having the highest MVEL and the VPDF having the

lowest MVEL are discarded. The MVELs of the three remaining

VPDPFs are then averaged in step 1702 to generate a value
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- 10- signal (step 704). If it is determned that not only noise is
present, the NPDF is not updated. In step 706, a tinme decay function
is applied tg the NPDF to elimnate insignificant data ogints. This
step consi st VQF708882 1y ¢ | plying the entire NPDF curve by

0. 99990 resulting in approxi mately a one-half percent per second
decay in each bin (energy val ue) of the NPDF. The effect of this tine
decay is that energy val ues whi ch occur infrequently wll eventually
di sappear fromthe NPDF or | mpact the NPDF | ess heavily than those
that occur nore frequently. In step 3’6‘7, the noise floor NF is

cal cul ated as the maan ener | evel of he NPDF plus a nmargi n val ue
M/; that is, the A¥GMVEborIhevalygaAVG_ MVELtlﬁélsﬂ%é‘hmﬂhesfé‘eéﬁ@lgy | evel

(M\EL) plus the r&ttjﬂ$tmem|d£&hé/|ﬁaf@ieﬁre settingd=i gure 6). In the preferred

enbodi nent, the mar gi [ %&L %ﬁ%@ﬂﬁfsﬂaﬁemg@gﬁa\ﬁ%{dﬂﬁ ssléfglalh% may be

tailored to meet desire
1609 of ad)ustmg the hardware settings, respectively. Referring to

Figure 18A, a determination is made in step 1801 as to whether the
difference between the voice reference level VRL-and the MVEL of the
most recently-generated VPDF exceeds the difference between the
noise reference level NRL and the noise floor NF, i.e., whether (VRL -
MVELN) > (NRL - NF). If this condition is true, then in step 1802 the
gain increased until the noise floor NF equals the noise reference
level NRL. If the condition is not true, then the gain is increased until
the MVEL of the most recently-generated VPDF equals the noise
reference level VRL (i.e., untit MVELN = VRL).

The adjustment of hardware settings performed in step 1609
differs somewhat from that performed in step 1606. Referring to
Figure 18B, a determination is made in step 1810 as to whether the
difference between the voice reference level VRL and the value
AVG_MVEL exceeds the difference between the noise reference level
NRL and the noise floor NF, i.e.,, whether (VRL - AVG_MVEL) >
(NRL - NF). ¥ this condition is true, then the gain is increased in step
1811 until the noise floor NF equals the noise reference level NRL. If
not, then the gain is increased in step 1812 until the value
AVG_MVEL equals the voice reference level VRL. Hence, the

. antocalibrator 230 automatically adjusts the hardware settings as
appropriate for the particular headset 51 being used.

Hence, what has been described is 2a VAD which operates
independently of a remote site. The VAD provides high accuracy, fast
response time, capability to adapt to the remote site's signal-to-noise
ratio, as well as consistent half-duplex performance when the remote
user iransitions between opened and closed audio modes. Also, a
hardware calibration solution has been described which automatically
adjusts the hardware settings to be appropriate for any headset.

Although the present invention has been described with
reference to specific exemplary embodiments, it will be evident that



_Ccharacteristics. As mentioned above, the noise floor NP is
updat ed based, in part, on the standard devi ation SD of sanples of the
aver age ener gy EAVG of the input signal AUDIN. In particular, during a
given tine interval, a | ow standard deviation SD usual ly indicates a
| ack of VO AUBEZ ctivity (i.e., noise only) in the i npufCHUSAEI20% D) N,
assum ng the duration of the sanple window is |Iong enough. By
contrast, a hi gh standard deviation in signal energy usually indicates
t hat speech activity is present in the input signal. The standard
deviation SD is conputed according to the followng formula: J[err]
where E[err] represents val ues of average dfer gy E[err]. A new
standard devi ation value SD-is cal cul ated every 20 nsec for the :
pur pose of updat i vaFieuremidificatiohe andabanges mayi ket inede ghthese cal cul at ed

for all values pfeﬁusaﬁﬂau@raﬁmﬁegaf&n%ﬁ%&ﬁen&qwélh&;ﬁrﬁlaﬁd scope oSt 0.5
seconds. Ref errlnglet.o Figure 9A .0 rl&lp

i,ng tine intervals T[er .
invention as set forth in the claims. Accor £n y, the schiﬁcltmn
and drawings are to be regarded in an illustrative rather than a
restrictive sense.
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through T[err] are exanples of four sanple wi ndows that are used
.generate four consecutive standard deviation values, SDerr] thr ough
SDlerr], resWOPE8 y. Because a new val ue of standard deviPEHER6AI024 5

cal cul ated every 20 nsec to update the noise floor NF, tine intervals
T[err] through T[err] are offset by increnents of 20 nmsec. This nethod of
cal cul ating standard deviation SD differs froma prior art nethod,
iTlustrated in Figure 8, in which non-overlapping time intervals TA

through TD are used to generate standard €évi ati on val ues SDA t hr ough
SDferr]. As noted above, the tinme interval of 500 nsec used in
t he presenCLARMSIt i on for calculating the standard deviation SDis
rel atively short Wﬂat g edl ge dynam c characteristics of typical

human speech. Th t ‘5 g(lg gi ven 500 nsec ti n%gpe” Qd of

conti nuous hunan spfe R %3&8&%016%99% o3 iuglitygngasignalgnal

energy may be qucbmplusmg trerdtggmsofvel ow what ever threshold value is
et 3 et St o, BB o e S Al D V4
are atxonslup between an approximate peak lev of the
signal and a current level of the signal, and
a plurality of standard deviation values of the signal,
each of the standard deviation values corresponding to one of a
plurality of time intervals;
repeatedly updating the NPDF to produce a current state of the
NPDF: and
using the current state of the NPDF to locate the noise floor.

2. The method according to claim 1, wherein each of the time
intervals overlaps at least one other time interval.

3. The method according to claim 1, wherein the step of repeatedly
updating comprises the steps of:
determining whether the approximate peak level of the signal
exceeds the current level of the signal by a predetermined amount;
determining whether all of the standard deviation values
calculated during a first time period are below a threshold value; and
identifying a noise instance if:
the approximate peak level of the audio signal exceeds
the current level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the
first time period are below the threshold value.

4. The method according to claim 1, wherein the approximate peak
level corresponds to an envelope of the audio signal.

5. A method of detecting speech in an audio signal, comprising the
steps of:



speech as noise tends to increase. This principle is il Iu mmmﬂ“lwl“lmum
" Figure 9B, which shows a plot of standard deviation SD ov
t he waveform shown in Figure 9A. In the preferred enbodinent, a
standard deviation SD value of 3.2 is used as a threshold val ue in
di stingui shi WO 97#888h from noi se for the purpose of updati nECT/E96/12028
NPDF. In Figures 9A and 9B, it can be seen that speech occurring
during the tinme interval T[err] m ght be m sclassified as noise if one
relied only upon the standard deviation SD, since that value falls
below 3.2 during the tinme interval T[err]. Consequently, the present
i nvention does not rely only upon the stand2od deviation SD of the
i nput signal in classifying the input audi o signal; instead the pr esent

i nvention al so conput esdedimSinies Qﬁ%v@f'a akrt;mhe%uamhx during

R i i o A
the input signal AuBlNsignal, ¢act}s:tfr’ré3@¢ndm¢| fagionQvalues correspondinig ture 11
itlustrates a fl owsgdigfi of e Ifterva¥er age peak AP is

\3\3 gg} Stsggz In step 1101 pda tﬁhe ast f | ve %Pﬂm ut 'd‘ﬁFﬂ afg&is%ngrc%em
PCT/ US96/ 12028 state of the PDF accordmg to a relationship between the average peak
and a current level of the audio signal and based on the standard
deviation values; .
locating a noise floor based on the current state of the PDF; and
if a predetermined relationship exists between the current level
of the audio signal and the noise floor, determining that speech is
represented in the audio signal.

6. The method according to claim 5, wherein each of the time
intervals overlaps at least one other time interval.

7. The method according to claim 5, wherein the PDF represents a
plurality of noise instances.

8. The method according to claim 7, wherein the updating step
comprises the steps of:
determining whether the average peak of the audio signal
exceeds the current level of the audio signal by a predetermined
amount;
determining whether all of the standard deviation values
calculated during a first time period are below a threshold value; and
identifying a noise instance if:
the average peak of the audio signal exceeds the current
level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the
first time period are below the threshold value.



-12- values E[err] (corresponding to the last 100 Wig!mjﬂﬂ&lﬂﬂﬂﬁ!"un
These five E[err] values are then averaged in step 1

val ue Avd.err]. In step 1103, the highest five values of AV{d err]

cal cul ated during the last two seconds are identified. In step 1104,
the average WO9088%ai AP is calculated to be the average oPCRREXAZBye

hi ghest AV{ err] val ues. Referring once again to Figure 7, a
prelimnary - determ nation of whether or not the input signal includes
speech is made in step 704 for the limted purpose of updating the
NPDF (step 705) to update the noise floor NF (step 707). As already
ment i oned, t he average peak AP is us€d; in part, to increase accuracy
during tinme periods in which the standard deviation value falls bel ow
of 3.2 even 91 Mheghetbpdechoriding ¢o claimrg) wiipeini theagidayingtstep i nput
si-gnal AUDIN wi | | e unless the
current val ue of furtherngl ra%gtgér]ersy ﬁg i %%{a@[ﬁ%ﬁm'éqeﬁp evel of the
current average p# adgitional noige instance ac@wyg}fgaémeéﬁaq figgnal AUDI N

whi ch has a | ow standard devi ation SD but a hi gh current aver age
energy EAVG i s pur pose
of updating the 10. mﬁlﬁéﬂ# aEEbC}g én‘éal"?ﬁs" Whgg%lﬁ?hrg%‘/%nﬁ&% so enpl oys
a "zero- cr GYBPFges ngB‘?Hst‘Pf"mto further increase the accuracy of the
noi se fl oor, as mdtfymg.ﬂmdﬂ)habm&ngtoalow confiddnge factdifiall of

if Ingm: hgir 5 s poyégggérn; ' '%ﬁi&ﬁc 59};@ lated Q6kalPhB! A}G: WRE! P&iod Ne
low the value; a§
modifying the PDF according to a high confidence factor if all of
the standard deviation values calculated during a second time period
are below the threshold value, wherein the second time period is
greater than the first time period.

11. The method according to claim 5, wherein the average peak
corresponds to an envelope of the audio signal.

12. The method according to claim 5, wherein the predetermined
relationship is a relationship in which the current level exceeds the
noise floor by a predetermined amount.

13. An apparatus for determining whether voice is present in an
audio signal, comprising:

a peak calculator determining a peak of the audio signal;

a standard deviation generator determining a plurality of
standard deviation values of the audio signal, each of the standard
deviation values corresponding to one of a plurality of time intervals;

updating logic coupled to receive the peak and the standard
deviation values, the updating logic updating a power density
function (PDF) to establish a current state of the PDF according to a
relationship between the peak and a current level of the audio signal
and based on the standard deviation values;



_and updating the NPDF (step 705). In step 1201, if the curnmljﬂmmwm””“'
energy E[err] does not fall below the level (AP - 9 dB), t 1 e
determned in step 1205 that the input signal AUDIN is not noise for

.the purpose of updating the NPDF; in that case, no bin of the NPDF is

i ncreased. | fWO r, it is determned in step 1201 that tHCI/EN6/1202R
average energy E[err] does fall below (AP - 9 dB), then a

determ nation is made in step 1202 of whether all of the standard

devi ation val ues SD cal cul ated during the last 120 nsec have fallen

bel ow 3.2. If the outcone of step 1202 is "NO', then it is detern ned

in step 1205 that .the input signal AUDI N i€2not noise for the purpose

of updating the NPDF, and no bin of the NPDF is increased. If all of

the standard devi at i ona neisedbdslotetor céupled o badetwe theXufrrent state ofishe t he

\Igngg L7J/S gg ??g 0sg  PDF the noise floor locator locating a noise floor based op the current
state of the PDF; and :
decision logic coupled to receive the noise floor and the audio
signal, the decision logic determining that voice is represented in the
audio signal when a predetermined relationship exists between the
current level of the audio signal and the noise floor.

14. The apparatus according to claim 13, wherein each of the time
intervals overlaps at least one other time interval.

15. The apparatus according to claim 14, wherein the PDF represents a
plurality of noise instances. :

16. The apparatus according to claim 15, wherein the updating logic
~comprises:
first comparator logic determining whether the average peak of
the audio signal exceeds the current level of the audio signal by a
predetermined amount; . :
second comparator logic determining whether all of the
standard deviation values calculated during a first time period are
below a threshold value; and
noise logic coupled to the first comparator logic and the second
comparator logic, the noise logic identifying a noise instance if:
the average peak of the audio signal exceeds the current
level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the
first time period are below the threshold value.

17. The apparatus according to claim 15, wherein the average peak
corresponds to an envelope of the audio signal.

18. An apparatus for detecting voice in an audio signal, comprising:
means for determining an average peak of the audio signal;



| ast 120 nsec, then a determnation is nmade in step 1203 of Ummmﬂm!”ll””“l
“of the standard devi ation val ues SD have fallen below 3.2 f

the last 1.5 seconds. |If the outcone of step 1203 is "NO', then there is
"l ow confi dence" that the input signal AUDI N contains only noise.
Consequent | yWOPH®E2p 1206 the appropriate bin of the NPDF RG/EIHIA0Y
by increasing that bin by a | ow confidence value of 0.01. If, however,

in step 1203 the standard deviation SD has fallen bel ow 3.2 for at |east
1.5 seconds (and the outcones of steps 1201 and 1202 was "YES"'), then
tthere is "high confidence" that the input signal AUDIN is noise only.

In that case, the appropriate bin of the M8®F is increased by a high
confidence value of 0.1 in step 1204. Note that it is not necessary to
use the exact val ues ufeads@dr deteriminingwa phmaligeofstandandedeviatién Yahsst he

hi gh® confi dence Bﬁh&@ah&o%gﬁél &&ws@ﬁie's%dat}a RESEEH vhiggention. The
i nportant aspect of the nbers 1s Lfg:e rati o of the high

confi dence val ueC?HeWFE‘ Bé %&?Fl‘ﬂceanE]én' Hmedperyalsi i al |y greater
t han" one. Hence, the MSrﬁsrupMngialpanMdepmhylﬁmmumh@DF) to establigh i onshi p

bet ween t he currs%ﬂ@@m@oﬁﬂﬁ‘éﬁwﬁaﬁu@ eldtiohdifp betweeﬂﬂt@m si gnal
to the current average Eg P as 8eV| |on SD

e st.andar
of the input sigA8f Clé"ﬁﬁ"\}sﬁg‘tqfﬁg Bélfi?‘bﬂ‘gng] and base
particular bin ofstamldarduldaﬁlat@n walues;sed, it is increased by eit her a

hi gh confidence val uenRiang fhOMLRRE b HRIEEANGH Biel O Bk RFient Blite of the degree
of confidence th%};ftheal nput signal AUDIN currently contains only

noi se. re 13 shows an exanple of a waveform of the audio
i nput si gnal Aumeunarﬁdr determating itbalshoips iheepresmted én thamphdioni ndows
used in cal cul at kf@at i‘fea @Y&Ie@ﬁ%uﬁ@&r%ngﬁé@p Shifts VeRER! thelQitati 6%k

SD, and the aver age pea 031 In d&uerfmsle?’ﬂogrr] aver age energy val ue

19. The apparatus according to claim 18, wherein each of the time
intervals overlaps at least one other time interval.

20. The apparatus according to claim 18, wherein the PDF represents a
plurality of noise instances.

21. The apparatus according to claim 20, wherein the means for
updating comprises:
means for determining whether the average peak of the audio
signal exceeds the current level of the audio signal by a predetermined
amount;
means for determining whether all of the standard deviation
values calculated during a first time period are below a threshold
value; and
means for identifying a noise instance if:
the average peak of the audio signal exceeds the current
- level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the
first time period are below the threshold value.



E[err] is calculated for sanples of instantaneous energy E gcfmmr"llnj “LMII";J;“l
within a 20 msec sanple w ndow SMPW A standard devi ation SDHISEER %i .

L

al so cal cul at ed based upon val ues of EAVG cal cul ated during the 0.
.second standard devi ati on wi ndow SDW In addition, a new val ue of

aver age peak WEP9V88,| cul at ed based upon val ues of E[err] PCT/USHI2038 | ng
during the two-second sanple wi ndow APW. This process WO 97/ 08882
PCT/ US96/ 12028 . -14- . is
repeated every 20 nsec, with the sanple wi ndows SMPW SDW and AP

bei ng advanced by 20 nsec for each repetition. The ultimte
deci sion made by the VAD 410 as to whet her-24+ not the input signal
AUDI N contains speech is indicated in the output si gnal VADQUT, which

can be used to se2kcThe eppamatitscadcbedingeelotainbl, whereinothetsheams forophone 53
during open audi oyGAMMNkGRld WmBARE Indiif ¥or modifying the PDF to reflect an

additional noise instance if a noise instance was identified.

23. The apparatus according to claim 22, wherein the rmeans for
modifying comprises: -

means for modifying the PDF according to a low confidence
factor if all of the standard deviation values calculated during the first
time period are below the threshold value; and

means for modifying the PDF according to a high confidence
factor if all of the standard deviation values calculated during a second
time period are below the threshold value, wherein the second time
period is greater than the first time period.

24. The apparatus according to claim 20, wherein the average peak -
corresponds to an envelope of the audio signal.

25. A computer system having capability for duplex audio
communication with a remote site, the system comprising:
a processor controlling the computer system;
an input device coupled to the processor and coupled to input
audio information to be transmitted to the remote site;
an output device coupled to the processor and coupled to
output audio information received from the remote sight; and
a voice activity detector coupled to the input device and the
butput device, the voice activity detector detecting voice represented
in an audio signal received by the computer system or to be
fransmitted by the computer system, the voice activity detector
including: _
peak logic determining an average peak of the audio
signal; '
a standard deviation generator determining a plurality of
standard deviation values of the audio signal, each of the standard
deviation values corresponding to one of a plurality of time intervals;



the current instantaneous energy E of the input signal rel imm“lﬂ ﬁll”““,
noi se floor NF. This decision-neking process is illustrated/ Nt i
14. In step 1401, a determ nation is nmade of whether the

.instant aneous ener E of the input signal AUDI N exceeds the noise

fl oor NF. Ifwt%‘{"{“%en in step 1407 the VAD 410 nmkes the pPelPa6aes

deci sion that speech is not detected in the input signal. If the

i nst ant aneous energy E exceeds the noise floor NF, then the VAD 410

makes the prelimnary decision in step 1402 that speech is detected in

the input signal AUDIN. If speech is detected in step 1402, a "zero-
crossing” test is applied in step 1403 to -@88t erm ne whet her the speech

is "voiced" or "unvoi ced" speech. "Voiced" speech is speech produced

by vo;:]al chord hrmvemant ( e updatihfdogicwotplethateceive the sandard devid’cibﬁV(r)]i ced"
speeth i s speec ' t he
sound " Shhhh") . T‘ﬂ‘gg%y%g&ﬁﬂe& %‘%bg?%%isg%?léf’&mg aP@W&ésﬁéﬁéﬁfE?&W %gﬁ%s) is
used by the aut oéﬁ’l?sﬁ:i’élsgra ourent gatgjof the,BDF according tq,3 selatienshiRer bel ow.

The fijnal fdeci ?]i dretwede thy avdragd/plak and a currérTord e dhe bﬁdﬁﬁsiggﬂcand'rhat ihS,
in order for the 0,t0 - Jout put VADOQUT i ndi cating that
BB O A BRIRE Betiation vall,

speech is present 1n enn g

L ) | AUDI N &);’é;‘ﬁs 1405, and 1406),
t hree consecutive detecti omgisgflogic locatifgea spisedlaos pndhe surnente
consecutive 20 negatetofitRe PDEcaN| S must occur in steps 1402 through
1404. A zero-cr ' .Eﬁm%’i@‘: - ' audi o
system desi tgg q‘géje zg(rééi ?ié’rg‘gls‘,’gﬁget. est. o# tié%g%&c&%?fe?ge%ﬁg%f%} m nati on
of whet her WRAYCAYS whepa predptermined irglatipnship) exigis, betwiestyed si gn

more than 30 per cietcurfent hevel iofithé andichsighaisandl themasise floor.ot her wor ds,
bet ween two consecutive sanples of the input signal AUDIN, there may

or may not be a chan,?ﬁ In sign; the test _of step 1403 determ nes
26. The computer system according to claim 25, wherein each of the

time intervals overlaps at least one other time interval.

27. A processing system having capability for duplex audio
communication with a remote site, the system comprising:
processor means for controlling the processing system;
input means for inputting audio information to be transmitted
to the remote site;
output means for outputting audio information received from
the remote sight; and
voice detection means for detecting voice in an audio signal
received by the processing system or to be fransmitted by the
processing system, the voice detection means including:
means for determining an approximate peak of the audio
signal; o
means for determining a plurality of standard deviation
values of the audio signal, each of the standard deviation values
corresponding to one of a plurality of time intervals;
means for updating a power density function (PDF) to
establish a current state of the PDF according to a relationship between
the approximate peak and a current level of the audio signal and based
on the standard deviation values; '



whet her nore than 30 percent of all of the pairs of consecﬂmmﬂml
"97/ 08882 l“muml]

sanpl es of signal AUDIN occurring within the Iast 10 nsec i nvol ved "*
.sign change. If the signal AUDI N has changed sign nore than 30

percent of tWo9%/es882during the last 10 nsec, then it is detRCTUSHEH2028
step 1408 that the detected speech is "unvoi ced" speech. O herw se, it
is determned in step 1404 that the detected speech is "voiced" speech.
In additionto controlling nuting of the speaker 52 and the

m crophone 53, the .output of the VAD 410 nmay al so be used in a

feature which automatically establishes anr@64 npl enents the correct

har dwar e settings for any headset which a user may wi sh to use.

Referring once again to Fi ghéasnsFor ldtﬁtiﬁgtaqwibé 166 Based36h HRCAIYA] sthie
out put TXO of t heof\(ﬁgl;ﬁl%ré%@ t channel 211 as well as an input U
means for determining that voice is represented in the
audio signal if a predetermined relationship exists between the
current level of the audio signal and the noise floor.

28. The processing system according to claim 27, wherein each of the
time intervals overlaps at least one other time interval.

29. The processing system according to claim 27, wherein the PDF
represents a plurality of noise instances.

30. The processing system according to claim 25, wherein the means
for updating comprises:
means for determining whether the approximate peak of the
audio signal exceeds the current level of the audio signal by a
predetermined amount;
means for determining whether all of the standard deviation
values calculated during a first time period are below a threshold
value; and
means for identifying a noise instance if:
the approximate peak of the audio signal exceeds the
current level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the
first time period are below the threshold value.

31. The processing system according to claim 30, wherein the means
for updating further comprises means for modifying the PDF to reflect
an additional noise instance if a noise instance was identified.



fromthe GU 240. The user of the headset 51 clicks on iuumﬂuﬂlulnmuuml
" presented by the GQJ 240 using the cursor control devic

the GU 240 to pronpt the user to speak into the njcrophd'necothh’b s
_headset 51 for a predeterm ned period of time. The autocalibrator 230

t hen adj ust SWOR#MBr opri at e hardware settings, including tHEE/US612028

m crophone i nput gain, and stores the se2f+ngs in the nenory 40, the

di sk storage device 20, or both. As shown in Figure 15, the
input signal AUDIN to the VAD 410  AMENDEDGILAZMS r epresented as a

doubl e- hunped pPRWELiveg Y the GhEerBaionSN eIk Au on 9 OctElre$398 (09 10SEY; noi se
and speech. Ngyigghan&ladiis 11 TBnNcgnuoatigd 16, 17 am eSinmemeliiewaridin G2ce
energy i s concentrated gddedfCremaitdag claims unohangede( & pagelseykl (MVEL). For a

gi ven headset, the m crophone i nput gain nmay need to be increased so
that a user on the receiving end can confortably hear the voice of
the user on t&What 8ndainhéd g end. Hence, in the preferred enbodi nent,

the m crophoney i [ A : jhgator 130 in
response to ths Atibnd8\dloting b Bl YRR aRHLEBB S L 00 1
i nput signal i®mprisieg theysigps of:  predet erni ned voi-ce reference |evel VRL.

I nclrg]iasi ng the ][n greeﬁbﬁﬁlﬁnganoisbrfnn&i@&bﬁedwver, results in
anplification of both nqi ) Vi . SU
anplification may have 3h%fat}§)gl él%lg%ﬁ%%gﬁne%gﬁ@kﬁﬁm%rgéa%n%ﬁ%‘%mﬁ t he noi se
energy | evel t3gRa andodmaenkievel pbthe signal, and consequent 1y, a noi se

reference level NRL is gatiaBbhShesburaddefeifined for dpRif@RROBEtIMROUL gain is
actually I'im ti%gersvglst,hat t he noi se floor NF

repeatedly updating the noise function to produce a current
state of the noise function; and

using the current state of the noise function to locate the noise
floor.

2. The method according to claim 1, wherein each of the time
intervals overlaps at least one other time interval.

3. The method according to claim 1, wherein the step of repeatedly
updating comprises the steps of:

determining whether the approximate peak level of the signal
exceeds the current level of the signal by a predetermined amount;

determining whether all of the variation measures calculated
during a first time period are below a threshold value; and

identifying a noise instance if:

~ the approximate peak level of the signal exceeds the
current level of the signal by a predetermined amount, and
all of the variation measures calculated during the first

time period are below the threshold value.

4. The method according to claim 1, wherein the approximate peak
level corresponds to an envelope of the signal.

5. A method of detecting speech in an audio signal, comprisi

Mprising. the
steps of: REPLACEMENT SHEET
996
AMENDED SHEET (ARTICLE 19) 09 0CT 1




- PCTI U506/ 12028 AKEL ) AR
not exceed the noise reference level NRL. In the preferred ° Lenos e

. enbodi ment, which has a total dynami c range of 95 dB, the voice
ref erence | eW€t979B882i s chosen to be 47 dB, while the noi se PEVERY2RS

l.evel is chosen to be 32 dB. jgure 16 is a flowhart of the
process used by autocalibrator 230 tO calibrate the nicrophone of
headset 51. Autocalibrator 230 uses the TXO out put of the VAD transmt
channel 211 to create and naintain several voice power density
functions (VPDFs). In step 1602, the autocal i brator 230 determ nes
whet her the input signal AUDI N currently contains either voiced or
unvoi ced speech based on the out cone of the zero-crossing test (see

Fi.gure 14). In stepde@omining an avesagmpeak of theodudio signedch are binned into a
VPDF based on the Oklbfé!{nixﬁng va?faﬁb%%&r&é %lsfﬂetads‘d;ggggil,cg h-of /e
58

aut ocal i brator 230 continue I nni I nst anc speech into
the VPDF unti| B¢ Yafiption measyres cortesp st e BMG ed. The

wel | - di stri but dsteyils; consists of 18 instances of voiced speech
detected at 20 nmsecy,BhfhY 3 power density furiction (PDF) to establish a current
state of the PDF according to a relationship between the average peak
and a current level of the audio signal and based on the variation
measures; '
locating a noise floor based on the current state of the PDF; and
if a predetermined relationship exists between the current level
of the audio signal and the noise floor, determining that speech is
represented in the audio signal.

6. The method according to claim 5, wherein each of the time
intervals overlaps at least one other time interval.

7. The method according fo claim 5, wherein the PDF represents a
plurality of noise instances.

8. The method according to claim 7, wherein the updating step
comprises the steps of: '
determining whether the average peak of the audio signal
exceeds the current level of the audio signal by a predetermined
~ amount; :
determining whether all of the variation measures calculated
during a first time period are below a threshold value; and
identifying a noise instance if:
the average peak of the audio signal exceeds the current
level of the audio signal by a predetermined amount, and
all of the variation measures calculated during the first
time period are below the threshold value.

AMENDED SHEET (RTICLE 19)




. i.e., 360 msec of detected voiced speech (step 1604). l!ll!g M’Iﬂ""ﬂluull

generated, the nean voice energy |level MEL of that VPDF |

step 1605. In step 1606, the hardware settings are adjusted based on

. the MWEL of the VPDF, in the manner described above. This pr S S
repeat ed untYP 919882 separate VPDFs have been created to geﬁ’gg‘é'%g 2028 tive

separate MVELs (MVEL[err], MEL[err], -20-MVEL[err]), each consisting of

18 consecutive voice detections. After generatl ng five separate VPDFs

and adjusting the hardware settings each tine, a correction is made in

Sstep 1608 to elimnate certain data points fromthe VPDFs which are

likely to be erroneous. After erroneous data is elimnated, the

hardware settings are adjusted one final time in step 1609 to conplete

t he automatic calibration_process. Figure 17 shows in greater

detai| the stef- (Bwomethad ascordingttpielaim 8, wheseinth Mpdating step step 1701, of

the five VPDFs fitlthehchrtipeiséetie step of fddéffin ﬂ&mﬁoh&léclﬁﬁnt he hi ghest MEL

and {he VPDF h%&hﬂgoﬁx\/&ﬂpe mfia&z;@g%éa%&n%gngé #8idathaell’e WELS of the

three renainin en averaged rn's to generate a
val ue WO 97/ 08882

PCT/ US96/ 12028 10. The method according to claim 9, wherein the modifying step

comprises the steps of:

modifying the PDF according to a low confidence factor if all of
the variation measures calculated during the first time period are
below the threshold value; and

modifying the PDF according to a high confidence factor if all of
the variation measures calculated during a second time period are
below the threshold value, wherein the second time period is greater
than the fxrst time peried.

11. The method according to claim 5, wherein the average peak
corresponds to an envelope of the audio signal.

12. The method according to claim 5, wherein the predetermined
relationship is a relationship in which the current level exceeds the
noise floor by a predetermined amount.

13. An apparatus for determining whether voice is present in an
audio signal, comprising:

a peak calculator determining a peak of the audio signal;

a variation measure generator determining variation measures
of the audio signal, each of the variation measures corresponding to
one of a plurality of time intervals;

updating logic coupled to receive the peak and the variation
measures, the updating logic updating a power density function (PDF)
to establish a current state of the PDF according to a relationship
between the peak and a current level of the audio smgnal and based on
the variation measures;

AMENDED SHEET (ARTICLE 19)




-17- AVG MVEL. The val ue AVG MVEL is used to make tr{glﬂ" lg“!li"ll””“l

adj ust ment of the hardware settings. gures
illustrate in greater detail steps 1606 and _ 1609 of adjusting the
hardware settings, respectively. Referring to Figure 18A, a

" deterninati owc%5/0888de in step 1801 as to whether the dPEFERISHERS
between the voice reference | evel VRL and,4 he MVEL of the nmost
recently-generated VPDF exceeds the difference between the noi se
reference level NRL and the noise floor NF, i.e., whether (VRL -

MVELN) > (NRL - NF). If this condition is true, then in step 1802 the
gain increased until the noise floor NF equals the noise reference

|l evel NRL. If the condition is not true, then-the gain is increased until
the MVEL of the nobst recently-generated VPDF equals the noise

reference | evel VRLamoise floarpcator@upled tymegeive the current statglof thelj ust nent

of hardware sey»bmseasrs‘éqrdmoea@oﬁroemgg%ose flodt BdsBd DnSRBRWRRh f r OM t hat

performed in ste 1@8}&:0?%{“ ing to Figure 18B, adetermnatlon i's
made in step 1 r the di fference between the voice
reference | evel VRLdegisionHegizaloupled to reMGeWEDommmech\ﬂdﬁ@r ence

bet ween the nobx%al qher&eeﬁ)degfé determ 619@151 e, .
whet her (VRL - hls t|on S true, t hen
the gain is indPgigcugnahwhepa pre etei%‘ﬂe Pr??ﬂ%se equal s the

noi se refer enceuhenelevldef thef audio sigredl, anﬁrm& ndisse flabn i s incr eased in step-
1812 until the value _

14. The apparatus according to claim 13, wherein each of the time

intervals overlaps at least one other time interval.

15. The apparatus according to claim 14, wherein the PDF represents a
plurality of noise instances.

16. The apparatus according to claim 15, wherein the updating logic
comprises: :
first comparator logic determining whether the peak of the
audio signal exceeds the current level of the audio signal by a
predetermined amount;
second comparator logic determining whether all of the
variation measures calculated during a first time period are below a
threshold value; and
noise logic coupled to the first comparator logic and the second
comparator logic, the noise logic identifying a noise instance if:
the peak of the audio signal exceeds the current level of
the audio signal by a predetermined amount, and
all of the variation measures calculated during the first

time period are below the threshold value. REPLACEMENT SHEET
17. The apparatus according to claim 15, wherein the peak 09 OCT 1996
corresponds to an envelope of the audio signal.

18. An apparatus for detecting voice in an audio signal, comprising:
means for determining an average peak of the audio signal;



_AVGWEL equal s the voice reference level VRL. Hence, the lmu‘.!ﬂul.!lll;!”ms”“!"

autocal i brator 230 automatically adjusts the hardware setti

appropriate for the particul ar headset 51 bei ng used. Hence,
_what has been described is a VAD which operates i ndependent|ly of a
renote siteWOTBESIRD provi des hi gh accuracy, fast r es BETAS¢/12088
capability to adapt to the renpte site's,gignal-to-noise rati o, as
wel | as consistent hal f-dupl ex perfornance when the renote user
transitions between opened and cl osed audi o nodes. Al so, a har dwar e
calibration solution has been descri bed which automatically adj ust s
the hardware settings to be appropriate for any headset.
Al t hough the present invention has been described with reference to
|Sgpc$-/cbfslgg / i;grzrgl ary ﬁggﬁ)sdl‘orxr-eé]etbesr’miﬁngw alplluxba 't;? oF Csite;z]{[da;['&] 31éviatip§gzalu¥;0 97/ 08882

of the audio signal, each of the standard deviation values
corresponding to one of a plurality of time intervals;

means for updating a power density function (PDF) to establish
a current state of the PDF according to a relationship between the
average peak and a current level of the audio signal and based on the
standard deviation values; ' .

means for locating a noise floor based on the current state of the
PDF; and

means for determining that voice is represented in the audio
signal if a predetermined relationship exists between the current level
of the audio signal and the noise floor.

19. The apparatus according to claim 18, wherein each of the time
intervals overlaps at least one other time interval.

20. The apparatus according to claim 18, wherein the PDF represents a
phurality of noise instances.

21. The apparatus according to claim 20, wherein the means for
updating comprises:
means for determining whether the average peak of the audio
signal exceeds the current level of the audio signal by a predetermined
amount;
means for determining whether all of the standard deviation
values calculated during a first time period are below a threshold
value; and
means for identifying a noise instance if:
the average peak of the audio signal exceeds the current
level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the
first time period are below the threshold value.
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as set forth in the clainms. Accordingly, the specification and
drawings are to be regarded in an illustrative rather than a

restrictive Werig®8ss2 19- FCY/USI/I288 |\
VWhat is clained-is: 1. A nmethod of |ocating a noise roor for qualifying
a signal, conprising the steps of: -32-, establishing a noise function
based on: a relationship between an approxi mate peak | evel of
tthe signal and a current |evel of the signal, and vari ation

neasures determned for a plurality of time intervals;

22. The apparatus according to claim 21, wherein the means for
updating further comprises means for modifying the PDF to reflect an
additional noise instance if a noise instance was identified.

23. The apparatus according to claim 22, wherein the means for
modifying comprises: :

means for modifying the PDF according to a low confidence
factor if all of the standard deviation values calculated during the fn:st
time period are below the threshold value; and

means for modifying the PDF according to a high confidence
factor if all of the standard deviation values calculated during a second
time period are below the threshold value, wherein the second time
period is greater than the first time period.

24. The apparatus according to claim 20, wherein the average peak
corresponds to an envelope of the audio signal.

25. A computer system having capability for duplex audio
communication with a remote site, the system comprising:
a processor controlling the computer system;

an input device coupled to the processor and coupled to input
audio information to be transmitted to the remote site;
an output device coupled to the processor and coupled to
output audio information received from the remote site; and
a voice activity detector coupled to the input device and the
output device, the voice activity detector detecting voice represented
in an audio signal received by the computer system or to be
transmitted by the computer system, the voice activity detector
including:
peak logic determining an average peak of the audio
signal;
a variation measure generator .&etermining variation
measures of the audio signal, each of the varjation measures
corresponding to one of a plurality of time intervals;

AMENDED SHEET (ARTIGLE 19)
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repeat edl y updating the noise function to produce a current (mmﬂ “i “l r ll
“noi se function; and using the current state of the n

| ocate the noise floor. 2. The nethod according to cIa|n11 mhereln each

of the time intervals overlaps at |east one other tine interval. . The
" met hod accorWP®#08882cl aim 1, wherein the step of repeatedl}*nWE§QFWHb

conprises the steps of: det er m ni_ny g whet her the approxi mate peak

| evel of the signal exceeds the current Tevel of the signal by a

pr edet er mi ned anount; determ ning whether all of the variation

measures cal culated during a first tinme period are below a threshol d val ue;

and I dentifying a noise instance if: t he approxi nate

peak | evel of the signal exceeds the current | evel of the signal by a

pr edet er mi ned anount, and of the variation neasures

cal cul ated during the fuueéanngwb@ewweért@ rpesivethesaiations memgurea| ue. 4.
The met hod accahaltheab&agé@ieaklthe\ﬂwaﬁhglbge@ﬂa E'a’”@dﬁeﬂ@&{éi tyevel

corresponds to an.e of ,det eCting speech
in anh audi o si 5?!%? @’h}%ﬂ%eﬁgﬁﬂﬁb JB?E*"

.LZ

according
relatxonstup between the average peak and a current level of the audio
. signal and according to the variation measures;
noise logic locating a noise floor based on the current
state of the PDF; and
decision logic determining that voice is represented in
the audio signal when a predetermined relationship exists between
the current level of the audio signal and the noise floor.

26. The computer system according to claim 25, wherein each of the
time intervals overlaps at least one other time interval.

27. A processing system having capability for duplex audio
communication with a remote site, the system comprising:
processor means for controlling the processing system;
input means for inputting audio information to be transmitted
to the remote site; '
output means for outputting audio information received from
the remote sight; and |
voice detection means for detecting voice in an audio signal
received by the processing system or to be transmitted by the
processing system, the voice detection means including;:
means for determining an approximate peak of the audio
signal; .
means for determining a plurality of standard deviation
values of the audio signal, each of the standard deviation values
corresponding to one of a plurality of time intervals;
means for updating a power density function (PDF) to
establish a current state of the PDF according to a relationship between
the approximate peak and a current level of the audio signal and based

on the standard deviation vatues;
REPLACEMENT SHEET

' . T 1996
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- 20- determ ni ng an average peak of the audio

~determ ning variation neasures for the audi o signal,
nmeasures corresponding to one of a plurality of tinme
updating a power density function (PDF) to establish

cocicer BRI D

i nterval s;
a current state of

" the PDF accomudsmpss®s a rel ati onshi p between the average peaRCTHEWIZ28ur r ent

| evel of the audio signal and based on thg variation
| ocating a noise floor based on the current state of

nmeasur es;
t he PDF; and i f

a predeterm ned relationship exists between the current |evel of the audio
signal and the noise floor, determning that speech is represented in the
audio signal. 6. The nethod according to claimb5, wherein each of the tine

i nterval s overlaps at | east one other tine interval.

means for locating a noise floor based on the current state

of the PDF; and

means for determining that voice is represented in the
audio signal if a predetermined relationship exists between the
current level of the audio signal and the noise floor.

28. The processing system according to claim 27, wherein each of the
time intervals overlaps at least one other time interval.

29. The processing system according to claim 27, wherein the PDF

represents a plurality of noise instances.

30. The processing system according to claim 25, wherein the means

for updating comprises:

means for determining whether the approximate peak of the
audio signal exceeds the current level of the audio signal by a

predetermined amount;

means for determining whether all of the standard deviation
values calculated during a first time period are below a threshold

value; and
means for identifying a noise instance if:

the approximate peak of the audio signal exceeds the
current level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the

first time period are below the threshold value.

31. The processing system according to claim 30, wherein the means
for updating further comprises means for modifying the PDF to reflect
an additional noise instance if a noise instance was identified.

32. (New) The method according to claim 1, wherein the noise

function is a noise power density function.

-AMENDED SHEET (ARTICLE 18)
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7. The nethod according to claim5, wherein the PDF represents a plurality
of noise instances. 8. The nethod according to claim?7, wherein the

updating step conprises the steps of: determ ni ng whet her the average
exceeds the current level .of the audio signal by a

-.peak of the audi o signal

pr edet er ni nedvAATREE det erni ni ng whether all of the PSEUSSBMS
measures calculated during a first tinme period are bel ow a threshol d val ue;
and identifying a noise instance if: ' t he average peak of

the audi o signal exceeds the current |evel of the audio signal by a

predet er mi ned anount, and al |l qf ghe vari ati on neasures
cal cul ated during the first tinme period ar B | ow the threshol d val ue.
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9. The nethod according to claim8, wherein the updating step further
conprises the step of nodifying the PDF to reflect an additional noise
instance if a noise instance was identified. 10. The method according to
.claim9, wherein the nodifying step conprises the steps of:

nodi fyi ng t hé"®PH88%%:0rding to a | ow confidence factor if alPCT&S/1228
variation nmeasures calculated during the first tinme period are below the

t hreshol d val ue; and nodi fying the PDF according to a high
confidence factor if all of the variation nmeasures calculated during a
second time period are belowthe thresholqg§§lue, wherein the second tine
period is greater than the first tinme peri®d. 11. The nmethod according
to claimb5, wherein the average peak corresponds to an envel ope of the
audio signal. 12. The method according to claim5, wherein the -
predetermned relationship is a relationshjp in which the current |evel
exceeds the noise floor by a predeterm nedf anount. oSJAn apparatus for
det er,m ni ng whet her voice is] present in an | audi o sijgnal, fonpri sing:

a peak cal cul ator deternmining a peak of thel audio silg#al ; a variation
measur e generator determni vari ation negsures of |t®e aydi o signal, each
of the variation neasureg-egrrespondi nggato
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one of a plurality of time intervals; updating logic coupled to
receive the peak and the variation neasures, the updating |ogic updating a
power density function (PDF) to establish a current state of the PDF
.according to a relationshirp between the peak and a current |evel of the

audi o si gnal Y %/4¥88ed on the variati on nmeasures; PCT/US96/12028

-92- a noise floor locator coupled to receive the current
state of the PDF, the noise floor |ocator |locating a noise floor based on
the current state of the PDF;, and deci sion |l ogic coupled to

recei ve the noise floor and the audio - si&gq%, t he decision logic
determ ning that voice is represented int audi o signal when a
predeterm ned rel ati onship exists between the current |level of the audio

signal and the noise floor. 14. The apparatus according to claim 13,
wheréin each of the tine
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dntervals overlaps at |east one other tine interval. 15. The apparat us
according to claim 14, wherein the PDF represents a plurality of noise

i nst ances. 16. The apparatus according to claim 15, wherein the updating
-l ogi c conprLi ses: first conparator |ogic determ ning whether the
peak of the "R gnal exceeds the current level of the BGBUS20R8al by
a~ predeterm ned anount; second conparator |ogic determ ning whet her
all of the variation neasures calculated during a first tine period are

bel ow a threshol d val ue; and noi se logic coupled to the first
conparator |ogic and the second conparatorl&ﬁ ic, the noise logic
identifying a noise instance if: t he peak of the audi o signa
exceeds the current level of the audio signal by a predeterm ned anount,
and all of the variation neasures cal culated during the first
tinme period are bel ow the threshol d jeatte- —The appara according to
claim 15, wherein the peak correspogds to“ﬁn envel ope of the audlio signal.
18. An apparatus for detecting voi e\ n¢em audi o signal, conpri$ing:

means for deternining an averao:l%g%ﬁéf‘ Nde augi-o-signal :
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- 23- means for determining a plurality of standard deviation
val ues of the audio signal, each of the standard devi ati on val ues
corresponding to one of a plurality of time intervals; means for
.updating a power density function (PDF) to establish a current state of
the PDF accor¥PAY0%882 4 rel ati onship between the average pe(AMINIG1M28
ciarrent |evel of the audio signal and based on the standard devi ation

val ues; nmeans for |ocating a noise floor based on the current state
of the PDF; and means for determ ning that voice is represented
in the audio signal if a predeterm ned re%ag%onship exi sts between the
current level of the audio signal and the se floor. 19. The appar at us:
according to claim 18, wherein each of the tine intervals overlaps at

| east one other tine interval. 20.'Hm¥fpparatus according to claim18,

wheréin the PDF represents a
1
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plurality of noise instances. 21. The apparatus according to claim 20,

wherein the neans for wupdating conprises: nmeans for determ ning
whet her the average peak of the audio signal exceeds the current |evel of
.the audio sigg@l g¥ a predeterm ned anount; means for determ ning
whether al | of"AH®¥®andard deviation val ues cal cul ated duri RGI/HS6/12028 t | me
period are bel ow a threshold val ue; and means for identifying a noise
i nstance if: t he average peak of the audio signal exceeds the

current level of the audio signal by a predetermnm ned amount, and
all of the standard devi ati on val ues calcuuﬁﬁ%ﬂ during the first tine

period are bel ow the threshold val ue. - 24-
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22. The apparatus according to claim21, wherein the neans for updati ng

further conprises neans for nodifying the PDF to reflect an addi ti onal
noi se instance if a noise instance was identified. 23. The appar at us
.accordi ng t08ﬁ$ ”ﬁbéf wherein the neans for nmodi fyi ng conpri ses:

means for 31 he PDF according to a | ow confi dence W12 3| |
of the standard devi ation val ues cal cul ated during the first time period
are below the threshold val ue; and means for nodifying the PDF

according to a high confidence factor if all of the standard deviation
val ues cal cul ated during a second time p bzd are below the threshold
val ue, wherein the second tine period is ater than the first tine
peri od. 24. The apparatus according to claim 20, wherein the average
peak  corresponds to an envel ope of the audio signal. 25. A conputer
system having capability for duplex audio communi cation with a renote
site, the system conpri sing: a processor controlling the conputer
system an input device coupled to the processor and coupled to
input audio information to be transmtted to the renote site; an
out put device coupled to the processor .and coupled to output audio
information received fromthe renote site; and a voice activity
detector coupled to the input device and the output device, the voice
activity detector detecting voice represented in an audi 4 signal received
by the conputer systemor to be
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transmtted by the conputer system the voice activity detector including:
peak | ogic determ ning an average peak of the audio signal; a
vari ati on neasure generator determ ning variation neasures of the audio
.signal, each of the variation neasures corresponding to one of a plurality
of time inteMyRAfusss - 25- PCT/US96/12028
updating | ogic coupled to receive the variation neasures and the average
peak, the updating |ogic updating a power density function (PDF) to
establish a current state of the PDF according to a relationship between
t he average peak and a current |evel of thgrfzdio si gnal ,and according to
the variation neasures; noi s gic locating a noise floor
based on the current state of the PDF;, and deci sion | ogic
deternlnlng that voice is represented in
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the audio signal when a predeterm ned rel ationship exists between the
current |evel of the audio signal and the noise floor. 26. The conputer
system according to claim25, wherein each of the tinme intervals overlaps
.at least one_other time interval. 27. A processing system having
capability fSOYMRx audio comunication with a renmpte si PET/USHSA2E28St em
cenpri sing: processor neans for controlling the processing system

i nput nmeans for inputting audio information to be transmtted to the
renote site; out put means for outputting audio information received
fromthe renpte sight; and Voi ce dgéf tion neans for detecting voice
in an audi o signal received by the proces ﬂé’systenlor to be transmtted
by the processing system the voice detection means_incl udi ng:

means for determ ni ng-eA«aporoxi mate peak of the gddi o signal;

means for determ ning asgditality of standard devila&i on val ues of the audio
signal, each of the stZfse+d deviation val ues corrfesponding to one of a
plurality of time inteleSEEs nmeans fdr updating a power
density function (PDRjfo==stablish a current statje=of the PDF according to
a rel ationshi p bet weer=ttE_appr oxi nate peak and a jcurrent |evel of the
audi o signal and based on“~he-SIgpdard devi ati on al ues;
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- 26- means for |ocating a noise floor based on the
current state of the PDF;, and nmeans for determ ning that
voice is represented in the audio signal if a predeterm ned rel ationship
.exi sts between the current |evel of the audio signal and the noise floor.
28. The proce¥QPHE88 st em according to claim 27, wherein ea®cralssdizes tine

intervals overlaps at |east one other tine interval. 29. The processing
system according to claim 27, wherein the PDF represents a plurality of
noi se i nstances. 30. The processing system according to claim 25,
wherei n the means for -updating conpri ses: means for determ ning

whet her the approxi mate peak of the audi d¥ildnal exceeds the current |evel
of the audio signal by a predeterm ned anount;

l 1101
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.means for determ ning whether all of the standard deviation values
calculated during a first tinme period are below a threshold value; and

means for identifying a noise instance if: t he approxi mat e
-peak of the audi o signal exceeds the current |evel of the audio signal by a
predeterninedwgﬁﬁﬂ ; and all of the standard REIVES4/12028/al ues

cal cul ated during the first tinme period are below the threshold value. 31.
The processing system according to claim30, wherein the nmeans for updating
further conprises nmeans for nodifying the PDF to reflect an additional

noi se instance if a noise instance was idepjjfied. 32. (New) The nethod
according to claiml1l, wherein the noise fu 1i%on is a noise power density
function. WD 97/ 08882

PCT/ US96/ 12028 -27-
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[received by the International Bureau on 9 October 1996 (09.10.96);
original clains 1, 3-5, 8, 10, 13, 16, 17 and 25 anended; new cl ai m 32
added; remai ning clains unchanged ( 8 pages )] What is clainmed is: 1.
A nmet hod of Iocatigg a noise floor for qualifying a signal, conpri sing
the steps of WO97/48 establ i shing a noi se function based OPCT/US96/12028
a-rel ationshi p between an approxi mate peak | evel of the signal and a
current |evel of the signal, and vari ati on neasures
determned for a plurality of tine i ntervals; repeat edl y
updating the noise function to produce a current state of the noise
function; and using the current d@41€ of the noise function to

| ocat e the noi se fl oor. 2. The nethod according to claim1l, wherein
each of the tine intervals overlaps at | east one other tine interval.

3. The method according to claim1, wherein the step of repeatedly
updati ng conprises the steps of: determ ni ng whet her the

approxi mate peak | evel of the signal exceeds the current |evel of the
signal by a predeterm ned anount; det erm ni ng whet her all of the
vari ati on neasures cal cul ated during a first tinme period are bel ow a

t hreshol d val ue; and

—b't
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identifying a noise instance if: t he approxi mate peak |evel

of the signal exceeds the current |evel of the signal by a predeterm ned
anount, and all of the variation neasures cal cul ated during
sthe first ‘ﬂ)g_? riod are bel ow the threshold val ue. ~ 4. The net hod
according to , wherein the approxi mate peak | evel PEAUSSEIR02RIS t O
an envel ope of the signal. 5. A nethod of detecting speech in an audio
signal, conprising the steps of: WO 97/ 08882

PCT/ US96/ 12028 - 28-

determ ning an average peak of the audio s_'l:g/;la)
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determ ning variation neasures for the audi o signal, each of t he

vari ation nmeasures corresponding to one of a plurality of tinme

i nterval s; updati ng a power density function (PDF) to establish a
current sta%ﬁ'gf t he PDF according to a relationship between the average
peak and a 7P | evel of the audio si gnal and based orPGIAS96/8302&t i on
measur es; | ocating a noise floor based on the current state of the
PDF; and if a predeterm ned relationship exists between the
current |evel of the audio signal and the noise floor, determ ning that
speech is represented in the audi o signal. 6. The nethod according
to claim5, wherein each of the tine i k¥Val s overl aps at |east one
other tinme interval. 7. The nethod according to claimb5, wherein the
PDF represents a,.nh jty of noise instances. 8. The net hod
according to claim7, erein the updating step conprises the steps of:
det er m ni ng whet her t%e aver age peak of the audio signal exceeds the
current |evel of the hudio sig a predet ed anount ;

determ ni ng whether a]l of the vgri a\i on neagureps Adal cul at ed during a
first tinme period are} bel ow afthrieshioyd val ye; identifying a
noi se i nstance if: tih f the audi o signal
exceeds the current

0 MNEL  BRC MVEL > E(dB)
NF NRL VAL
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level of the audio signal by a predeterm ned anount, and

all of the variation neasures calculated during the first time period
are bel ow the threshold val ue. WD 97/ 08882

-PCT/ US96/ 12028 ' - 29- 9. The

met hod accord?ﬂﬁ"@ﬂm%lain18, wherein the updating step f URCINES96/L20%01 | Ses
the step of nodifying the PDF to reflect an addi tional noise instance if
a noi se instance was identified. 10. The nethod according to claim9,
wherein the nodifying step conprises the steps of: nodi f yi ng
the PDF according to a | ow confidence factor if all. of the variation
nmeasures cal cul ated during the first tine1ﬁyﬂ7bd are bel ow t he threshold

val ue; and

»
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podi fying the PDF according to a high confidence factor if all of t he
variation nmeasures cal culated during a second tinme period are bel ow t he
t hreshol d val ue, mherein the second tinme period is greater t han t he
first tine pe&, 11. The method according:to claimb5, wherein the
aver age peak %@F%sponds to an envel ope of the audi o si gneCT/US96/12k®. The
nmet hod according to claimb5, wherein the predeterm ned relationship is a
relationship in which the current |evel exceeds the noi se floor by a
pr.edet er mi ned anount . 13. An apparatus for determ ning whether voice is
present in an audi o signal, conprising: a peak cal cul at or
determ ning a peak of the audio signal; 16/17 3 variation rmeasure
generator determ ning variation neasures of the audio signal, each of
the variation measures corresponding to one of a plurality of tine
interval s; updating | ogic coupled to receive the peak and the
variation nmeasures, the updating | ogic updating a power density function
( PDF). to establish a current state §f the PDF according to a
relationship bet ween t he peak ARD VBF of the audio signal
and based on the variation neg

AVG_MVEL = AVERAGE OF
MVEL's OF 3 REMAINING VDF's l{

'

FiG. 17



WD 97/ 08882 PCT/ US96/ 12028

- 30- a noise floor locator coupled to receive the current
state of the PDF, the noise floor |ocator |locating a noise floor based on
1 he current vﬁ;%%gp f the PDF; and decision logic coupled to
recei ve the no or and the audio signal, the decisi onPCHY$/12028

determ ning that voice is represented in the audi o signal when a
predeterm ned rel ati onship exists between the current |level of the audio

si.gnal and the noise floor. 14. The apparatus according to claim 13,
wherein each of the tine interval s overlgai at | east one other tine
i nterval . 15. The apparatus accordi ng ﬂ 7ain114, wherein the PDF

represents a plurality of noise instances. 16. The apparatus according
to claim15, wherein the updating |ogic conpri ses:
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fir'st conparat or | ogic determ ni ng whether the peak of t d9c6s/g.n&028
exceeds the current |evel of the audio signal by a pred mg%m @597
second conparator |ogic deternini ng whettrer all of the

cal cul ated during a first time period are below a threshold value; and

Comparator 10016 the noi e | 0gi c. i denti fyi ng 8 noi Se i nat iﬂﬂﬂ]ﬂﬂll I
the peak of the audio signal exceeds the current level of *thé a bidi '

signal by a predeterm ned anount, and ' all of the variation
rregsuresycal Eul ated during the first time period are below the threshold
val ue. 17. TheQMth us according to claim15, wherein the peak
corresponds to an ope of t he audi o signaL 18. An apparatus for

det écting voice i xﬁé igegi i§nal , conpri si ng: means for

determning an avér a’gmqﬁhadet o«ﬁﬁodahaoauﬁbi@e ﬂb&nﬁir;quau}ying a s\{g}.a?ﬂ 08882
PCT/ US96/ 12028 comprising the steps of:
- establishing a noise function based on:
a relationship between an approximate peak level of the
signal and a current level of the signal, and
variation measures determined for a plurality of time
intervals;
repeatedly updating the noise function to produce a current
state of the noise function; and
using the current state of the noise function to locate the noise
floor.

2. The method according to claim 1, wherein each of the time
intervals overlaps at least one other time interval.

3. The method according to claim 1, wherein the step of repeatedly
updating comprises the steps of:
determining whether the approximate peak level of the signal
exceeds the current level of the signal by a predetermined amount;
determining whether all of the variation measures calculated
during a first time period are below a threshold value; and
identifying a noise instance if:
the approximate peak level of the signal exceeds the
current [evel of the signal by a predetermined amount, and
all of the variation measures calculated during the first
time period are below the threshold value.

4. The method according to claim 1, wherein the approximate peak
level corresponds to an envelope of the signal.

5. A method of detecting speech in an audio signal, comprising the
steps of:

mﬁbﬁﬁ'



-31- means for determining a plurality of (96)3/|Lt29‘28
values . of the audio signal, each of2@-he standard devia 2@"§M{éR ]997

correspondi ng to one.of a pl urality of time intervals; rFean
updating a power density function (PDF) to establish a (ﬁ
the PDF according to a relationship between the aver ag ru Il
current |evel of the audio signal and based on the sta x
val ues; nmeans for locating a noise floor based on the current
state of the PDF; and nmeans for determining that voice is
represented in the audio signal if a predeterm ned relationship exists

bet ween the current |le : the audi o si | and the n'oi se fl oor.
19. The appar at us acco%{ éleﬁg\f?%%cﬁna%fﬁri%? pﬁﬂﬁggﬁ}? Hsgnaﬁ'he tine
intérval s overlaps at f8RIMIYAG WArision: ingesures &rrvthle audio sRfhal, Tdaehagrpar at us

ding to clai thel@ariatie eidastiie BBlespSRdiREABIchedf a pRILUTiA) LE ¥ @f NOi se
?rﬁg?;nl:eg. Zlintzmlgppar at us accordilsng tg cl alem 2a0p vﬁﬁégel n the neans

f updati ng conpri s€s: ) ’
or P J P + updating a power density function (PDF) to establish a current

state of the PDF according to a relationship between the average peak
and a current level of the audio signal and based on the variation
measures;
locating a noise floor based on the current state of the PDF; and
if a predetermined relationship exists between the current level
of the audio signal and the noise floor, determining that speech is
represented in the audio signal.

6. The method according to claim 5, wherein each of the time
intervals overlaps at least one other time interval.

7. The method according to claim 3, wherein the PDF represents a
plurality of noise instances.

8. The method according to claim 7, wherein the updating step
comprises the steps of:
determining whether the average peak of the audio signal
exceeds the current level of the audio signal by a predetermined
amount;
determining whether all of the variation measures calculated
during a first time period are below a threshold value; and
identifying a noise instance if: _
the average peak of the audio signal exceeds the current
level of the audio signal by a predetermined amount, and
- all of the variation measures calculated during the first
time period are below the threshold value.
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;rrea'ns for determ ning whether the average peak of the am-g néllzozgaz
exceeds the current |evel of the audio ls_i gnal by a predet qpﬁws ;)Mflg
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means for determ ning whether all of f%le st andard devi ati ef- —values ———

calcul ated during a first time period are below a threshol d .
means for identifying a noise instance if: HM H H“I
M S *

of the audi o signal exceeds the current | evel of the aud et
pr edet er mi ned anount, and all of the standard devi ation
val ues cal cul ated during the first tinme period are below the threshold

val ue. WD 97/ 08882
PET/ US96/ 12028 9. The method according to claim 8, wherein the ?a%dating step 22. The

apparat us accor di gagie? Ghirled the YE'? Hodi ing the BUF% reflect an

additional noise instance if a noise instance was identified.

10. The method according to claim 9, wherein the modifying step
comprises the steps of:

modifying the PDF according to a low confidence factor if all of
the variation measures calculated during the first time period are
below the threshold value; and

modifying the PDF according to a high confidence factor if all of
the variation measures calculated during a second time period are
below -the threshold value, wherein the second time period is greater
than the first time period.

11. The method according to claim 5, wherein the average peak
corresponds to an envelope of the audio signal.

12. The method according to claim 5, wherein the predetermined
relationship is a relationship in which the current level exceeds the
noise floor by a predetermined amount.

13. An apparatus for determining whether voice is present in an
audio signal, comprising:

a peak calculator determining a peak of the audio signal;

a variation measure generator determining variation measures
of the audio signal, each of the variation measures corresponding to
one of a plurality of time intervals;

updating logic coupled to receive the peak and the variation
measures, the updating logic updating a power density function (PDF)
to establish a current state of the PDF according to a relationship
between the peak and a current level of the audio signal and based on

the variation measures;
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updating further conprises neans for mdifying the PDEMSfIqeét/;nz 028
additional noise instance if a noise instance was ident '"’EMJS%@R ‘li§§7

apparatus according t-o claim 22, wherein the neans for Wk
conpri ses: means for nodifying the PDF according to a Tow

confi dence factor if all of the standard deviation vgl I

during the first time period are below the threshol dal\mmumlml,ﬂﬂ(n(ﬂll
means for nodifying the PDF according to a high confidence® ¢ factorsif*

all of the standard devi ation val ues cal cul ated during a second tinme

period are below the threshold value, wherein the second tine period is
greater than the first & naisegdloordecator cougled tJF&emé%hF&nagﬁ?é dr g to
e of the

cl ai.m 20, wherei n PD¥, eercige sk ) Q_an _envel op
audi o signal . StAR o %Cg,@yt er lbg;g%"elﬁf‘[ﬁ@%faﬁgggéﬁgm I%Ff P thegwrrent audi o
communi cati on wi t A% t t B84 the system conpri i ng: a
proc?aszor coRt rolling tdﬂlsmmtngiecoqyleﬁemreceive the noi(sjé‘ﬂoép tﬁﬁf?}{hﬁ%{ b
coupled to the pr A3 OFhelichi ut audi.o rnformation to be
o dycidiol g &?erhﬂgwgoWbﬁP‘caé%F%e&UQded the t he

transmtted to the )
processor and coudi{ede stgnal when 3 gredaienmined frelatintiitp axdste beadedd B t he

renote site; and current level f thé GadRCizMall dhc Bl 0L fl§8i~‘p| ed to the input
devi ce and the out put device, the voice activity detector detecting
voi ce represented in an audi o signal received by the conputer system or

to be transmi tifed: tﬁfﬁm&a%‘éﬂsml’dmgﬁdem 18 hehemis @adCodf Ml timdet ect or
intervals overlaps at least one other time interval. :

15. The apparatus according to claim 14, wherein the PDF represents a
plurality of noise instances.

16. The apparatus according to claim 15, wherein the updating logic
comprises: -
first comparator logic determining whether the peak of the
audio signal exceeds the current level of the audio signal by a
predetermined amount;
second comparator logic determining whether all of the
variation measures calculated during a first time period are below a
threshold value; and
noise logic coupled to the first comparator logic and the second
comparator logic, the noise logic identifying a noise instance if:
the peak of the audio signal exceeds the current level of
the audio signal by a predetermined amount, and
all of the variation measures calculated during the first
time period are below the threshold value.

17. The apparatus according to claim 15, wherein the peak
corresponds to an envelope of the audio signal.

18. An apparatus for detecting voice in an audio signal, comprising:
means for determining an average peak of the audio signal;
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the updating |ogic updating a power de
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i on nmeasures of the audio signal, albbhehdaing
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[ [ [ riati on measures emaver age
updating logic coupled to receive the va fooction CPDD o

rel ati onshi p bet

the average peak and a CaPPeffr

to t-he variation

floor based on thecoetésbBAlling to one of a plurality of time intervals;

means for updating a power density function (PDF) to establish
a current state of the PDF according to a relationship between the
average peak and a current level of the audio signal and based on the
standard deviation values;

means for locating a noise floor based on the current state of the
PDF; and

means for determining that voice is represented in the audio
signal if a predetermined relationship exists between the current level
of the audio signal and the noise floor.

19. The apparatus according to claim 18, wherein each of the time
intervals overlaps at least one other time interval.

20. The apparatus according to claim 18, wherein the PDF represents a
plurality of noise instances.

21. The apparatus according to claim 20, wherein the means for
updating comprises:
means for determining whether the average peak of the audio
signal exceeds the current level of the audio signal by a predetermined
amount;
means for determining whether all of the standard deviation
values calculated during a first time period are below a threshold
value; and
means for identifying a noise instance if:
the average peak of the audio signal exceeds the current
level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the
first time period are below the threshold value.
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state of the PDF;, and -2decision logic dgﬁﬂﬂ&igétﬁﬂia\@@g

' ' ' ' Il onshi p
' ented in the audio signal when a predeternm ﬁ
Ie>s<i gsgrga ween the current level of the audio si gnali%ﬁs HM 1297

fl oor 26. The conputer systemaccording to claim 2_5,_...W.her_|e_i_ n ._E.QC?__.A_\
t he - time intervals overlaps at |east one other tine interval. "
processing system having capability for duplex audio ssomnmmm:mﬂmm"l
a renmpte site, the system conprising: ~ proce o Fort i routt i g
controlling the processing system ' nput ”ea-t . out put
audio information to be transmtted to the remote site; te sight!
means for out put t PAg Thedipparatiss moedrdang fcﬁ@tsinz??,n‘fvﬁs{(ﬁi% éhelt %%gﬁseg{)}.di o sPanal
oi j 0) e AL ¢
?ggéi ved by th\e/ p?gdgggg%*tgegﬁﬁﬁg?&t%18?)%5 QLS ff‘f‘gcfhﬁf Qhto reflegt agessi ng

system the voi cea‘g‘g’?’é’élﬁrgﬂlsﬁéﬁﬁén‘%'tflmmiﬁg,instance was identified. means for

L - he audi o si gnal ;
determning an approximte peak of ard_devj ation val ues of the

Tudio signal, ceach ol ? ABPRRLY beoRlind QU A Whereln theomeammpibedi g ¢ o one
audi o signal, [ { dar _ 0
of a plurality ofmpﬁhfé“qg\ﬁ@m@a!sssi- means for updating

: e i . of the PDF
pover density_funct] oA briudiying heBLIEYLAAHE 1900525 00 Lhe POF
Fovel “of the auaracior 30EoR thELARER A devigtiSh yaluss snisuiate duriagitha fical ues;
| evel of the audio signal and.

time period are below the threshold value; and
means for modifying the PDF according to a high confidence
factor if all of the standard deviation values calculated during 2 second
time period are below the threshold value, wherein the second time
period is greater than the first time period.

24. The apparatus according to claim 20, wherein the average peak
corresponds to an envelope of the audio signal.

25. A computer system having capability for duplex audio
communication with a remote site, the system comprising:
a processor controlling the computer system;
an input device coupled to the processor and coupled to input
audio information to be transmitted to the remote site;
an output device coupled to the processor and coupled to
output audio information received from the remote site; and
a voice activity detector coupled to the input device and the
output device, the voice activity detector detecting voice represented
in an audio signal received by the computer system or to be
transmitted by the computer system, the voice activity detector
including:
peak logic determining an average peak of the audio
signal;
a variation measure generator determining variation
measures of the audio signal, each of the variation measures
corresponding to one of a plurality of time intervals;
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reans f or ed _ _ _
and means for determning that voice is represented in the
if a predeterm ned rel ationship exists between the current

th\cjialo 3} g?ﬁla audi o signal and-the noise floor. 28:[ i -rl;ge“mwmﬂrum?"m ,”m

system according to .clai-m 27, wherein each of the Ll !
overlaps at | east one other tine interval. 29. The processi ng‘ sy'st &m

according to claim 27, wherein t hei PDF represents a plurality of noise
i st ances. updating logic coupled to receive the variation measures

and the average peak, the updating logic updating a power density
function (PDF) to establish a current state of the PDF according to a
relationship between the average peak and a current level of the audio
signal,and according to the variation measures;

noise logic locating a noise floor based on the current
state of the PDF; and

decision logic determining that voice is represented in
the audio signal when a predetermined relationship exists between
the current level of the audio signal and the noise floor.

26. The computer system according to claim 25, wherein each of the
time intervals overlaps at least one other time interval.

27. A processing system having capability for duplex audio
communication with a remote site, the system comprising:
processor means for controlling the processing system;
input means for inputting audio information to be transmitted
to the remote site;
output means for outputting audio information received from
the remote sight; and
voice detection means for detecting voice in an audio signal
received by the processing system or to be transmitted by the
processing system, the voice detection means including:
means for determining an approximate peak of the audio
signal;
means for determining a plurality of standard deviation
values of the audio signal, each of the standard deviation values
corresponding to one of a plurality of time intervals;
means for updating a power density function (PDF) to
establish a current state of the PDF according to a relationship between
the approximate peak and a current level of the audio signal and based
on the standard deviation values;
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means for determ ni ng whether the approximate

i conpri ses: )
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det er m ned anount; nmeans _ _ ngVnerier af ____

Pﬁeast anggred devi ati on val ues cal cul ated during a first—tite -perod-ar

; for identifwy '
bel ow a threshol d val ue; and ~ neans et j m
i nstance if: t he approxi mate peak of the 4 ; !I’

vel of the audio signal by a prede s
S)égeeds the curregltl | gf t he standard devi ati on val ues cal cul ated during

Che first time period ar anaaass dor ldeating rasdisd Hovmbased on the%rrem%taégt i ng

: i i means or up
processing syst emcitheP@Rgnido claim 30, wherein the an addi ti onal
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density function. current level of the audio signal and the noise floor.

28. The processing system according to claim 27, wherein each of the
time intervals overlaps at least one other time interval.

29. The processing system according to claim 27, wherein the PDF
represents a plurality of noise instances.

30. The processing system according to claim 25, wherein the means
for updating comprises:
means for determining whether the approximate peak of the .
audio signal exceeds the current level of the audio signal by a
predetermined amount;
means for determining whether all of the standard deviation
values calculated during a first time period are below a threshold
value; and
means for identifying a noise instance if:
the approximate peak of the audio signal exceeds the
current level of the audio signal by a predetermined amount, and
all of the standard deviation values calculated during the
first time period are below the threshold value.

31. The processing system according to claim 30, wherein the means
for updating further comprises means for modifying the PDF to reflect
an additional noise instance if a noise instance was identified.

32. (New) The method according to claim 1, wherein the noise
function is a noise power density function.

o
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(57) Abstract

A method (501, 502) of detecting voice in an audio signal comprises
the steps of determining an average pesk value (703, AP) representing
an envelope of the audio signal, determining a running instance of audio
signal standard deviation (702), which comresponds to one of a number of
overlapping time intervals, and updating a power density function (PDF)
by adding instances of noise to the PDF if the average peak of the audic
signal exceeds the current level of the audio signal by a certain amount
and if the current standard deviation value falls below a threshold for a
predetermined time interval. A noise floor {NF) is located based on the
mean value of the PDF (501), and, if the andio signal sustaing a power Ievel
exceeding the noise floor, voice activity is detesmined to be present in the
audio signal (502). The PDF is updated by a low confidence factor (1206)
if all of the standard deviation values calculated during a certain period of
time are betow the threshold value and by a high confidence factor (1204)
if ell standard deviation values within a certain longer peried of time period
are below the threshold value,

-| (54) Tifle: VOICE ACTIVITY DETECTOR FCR HALF-DUPLEX AUDIO COMMUNICATION SYSTEM
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