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(54) Method for determining barge-in

(57)  Theinvention is directed to a method for deter-
mining barge-in in a speech dialog system comprising
determining whether a speech prompt is output by the
speech dialog system, detecting whether speech activity

is presentin an input signal based on a time-varying sen-
sitivity threshold and/or based on speaker information,
wherein the sensitivity threshold is increased if output of
a speech prompt is determined and decreased if no out-
put of a speech prompt is determined.
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Description

[0001] The invention is directed to a method and an
apparatus for determining barge-in in a speech dialog
system.

[0002] Speech dialog systems are used in different
fields in order to allow a user to receive desired informa-
tion or perform an action in an efficient way. Such a
speech dialog may be performed, for example, over a
telephone line or directly in communication with a device
employing such a speech dialog system. During the
speech dialog, a user is prompted by the system via
speech prompts to input his or her wishes and any re-
quired input information.

[0003] Inmost prior art speech dialog systems, a user
may utter his or her input or command only upon com-
pletion of a speech prompt output. Any speech activity
detector and/or speech recogniser is activated after the
output of the speech prompt is finished. In order to rec-
ognise speech, a speech recogniser has to determine
whether speech activity is present. For this purpose, a
segmentation may be performed to determine the begin-
ning and the end of a speech input.

[0004] Some speech dialog systems allow a so-called
barge-in. In other words, a user does not have to wait for
the end of a speech prompt but may respond by a speech
input already during output of the speech prompt. In this
case, the speech recogniser, particularly the speech ac-
tivity detecting or segmentation part, has to be active
during output of the speech prompt. This allows the user
to shorten a speech dialog with the system.

[0005] To avoid that during output of a speech prompt
the speech prompt output itself is erroneously classified
as speech input, different methods have been proposed.
US 5,978,763 discloses a voice activity detection using
echo return loss to adapt the detection threshold. Ac-
cording to this method, the echo return loss is a measure
of the attenuation, i.e. the difference (in decibels) be-
tween the outgoing and the reflected signal. A threshold
is determined as the difference between the maximum
possible power (on a telephone line) and the determined
echo return loss.

[0006] US 7,062,440 discloses monitoring text-to-
speech output to effect control of barge-in. According to
this document, the barge-in control is arranged to permit
barge-in at any time but only takes notice of barge-in
during output by the speech system on the basis of a
speech input being recognised in the input channel.
[0007] A method for barge-in acknowledgement is dis-
closed in US 7,162,421. A prompt is attenuated upon
detection of a speech. The speech is accepted and the
prompt is terminated if the speech corresponds to an
allowable response.

[0008] US 7,212,969 discloses dynamic generation of
the voice interface structure and voice content based up-
on either or both user-specific controlling function and
environmental information.

[0009] Afurther possibility is describedin A. Ittycheriah
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et al., "Detecting User Speech in Barge-in over Prompts
Using Speaker Identification Methods", in EU-
ROSPEECH 99, pages 327 - 330. Here, speaker-inde-
pendent statistical models are provided as Vector Quan-
tization Classifiers for the input signal after echo cancel-
lation, and standard algorithms are applied for speaker
verification. The task is to separate speech of the user
and background noises under the condition of robust sup-
pression of the prompt signal.

[0010] Inview of the prior art, it is an object underlying
the present invention to provide a method and apparatus
for determining barge-in with increased reliability. This
problem is solved by a method according to claim 1 and
an apparatus according to claim 17.

[0011] Accordingly, the invention provides a method
for determining barge-in in a speech dialog system, com-
prising:

determining whether a speech prompt is output by
the speech dialog system,

detecting whether speech activity is present in an
input signal based on a time-varying sensitivity
threshold and/or based on speaker information,

wherein the sensitivity threshold is increased if output of
the speech prompt is determined and decreased if no
output of a speech prompt is determined.

[0012] Thus, both during output of a speech prompt
and if no speech prompt is output, in principle, speech
activity is detected; in other words, also during a speech
prompt output, a speech recognizer is active, although
the speech activity detection threshold (i.e., the sensitiv-
ity threshold) is increased during this time compared to
the case of no speech prompt output.

[0013] It surprisingly turned out that using such a time-
varying sensitivity threshold being increased during
speech prompt output and being decreased if no speech
prompt output is present increases the recognition relia-
bility considerably. The sensitivity threshold is a thresh-
old for the speech activity detection. If the sensitivity
threshold is high, speech activity in a received input sig-
nal is detected in fewer cases compared to a low sensi-
tivity threshold. In other words, it is a measure for the
sensitivity with which the presence of speech activity is
detected. The detecting step may thus comprise deter-
mining a time-varying sensitivity threshold.

[0014] Alternatively or additionally, the detection of
speech activity may be based on information about a
speaker, e.g. using the speech dialog system. Such a
criterion allows to reliably adapt the system to the partic-
ular circumstances. The speaker information may also
be usedto determine and/or modify the time-varying sen-
sitivity threshold.

[0015] In this way, a reliable detection criterion is ob-
tained and used to determine whether speech activity is
present in an input signal or not.

[0016] The speech prompt may be output using the
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loudspeaker of the speech dialog system. The input sig-
nal may be received via a microphone of the speech di-
alog system. The microphone may be part of a micro-
phone array; in this case, a beamformer may be provided
so that the input signal is received via the microphone
array and the beamformer. Alternatively, the input signal
may also be received via telephone line; this may be the
case if a user in a vehicle communicates by telephone
(via a handsfree system) with an external information
system employing a dialog system. In this case, the re-
ceiving microphone would not be considered part of the
speech dialog system.

[0017] The step of detecting speech activity may com-
prise performing segmentation of the input signal. In this
way, speech activity may be detected in a reliable way.
[0018] Inthis case, increasing the sensitivity threshold
renders the segmentation more insensitive during output
of a speech prompt. Thus, the sensitivity of the segmen-
tation with respect to background noise is reduced during
playback of a speech prompt.

[0019] The determining step may comprise detecting
a speech prompt signal to be output. The speech prompt
signal is the signal to be output by a loudspeaker. In par-
ticular, the determining step may comprise receiving a
loudspeaker output signal or a speech prompt output sig-
nal. By directly tapping a loudspeaker signal in this way,
it may be determined in a simple and safe way whether
a speech prompt is currently output.

[0020] The determining step may comprise receiving
information from a dialog control on whether speech
prompt is output. If the speech recogniser or the speech
activity detector (e.g. the segmentation module) receives
such information from the dialog control controlling the
speech dialog, output of a speech prompt may be deter-
mined in a reliable way as well.

[0021] The above described methods may further
comprise detecting a speaker identity for the input signal.
This allows to determine which speaker is using the di-
alog system. In this way, the step of detecting whether
speech activity is present in aninput signal may be based
on the detected speaker identity. Detecting a speaker
identity may comprise determining a probability value or
a confidence value with respect to a detected speaker
identity. This allows to combine the outcome of this de-
tecting step with other information sources.

[0022] The method may comprise modifying the sen-
sitivity threshold based on the detected speaker identity.
For example, it may be known that a particular user does
not perform any barge-in. In this case, the sensitivity
threshold during speech prompt output may be set to a
high value compared to the case of a predefined normal
threshold value during playback of a speech prompt.
[0023] The method may comprise determining a sta-
tistical model regarding barge-in for a speaker. The de-
termining of a statistical model may be performed in an
adaptive way. For example, starting with a speaker-in-
dependent model, an adaptation of the speaker-inde-
pendent model regarding the barge-in behaviour may be
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performed so as to obtain a speaker-dependent statisti-
cal model. Such a statistical model allows to adapt the
sensitivity threshold to the barge-in behaviour of a par-
ticular speaker. In other words, the method may comprise
modifying the sensitivity threshold based on a statistical
model for a speaker regarding barge-in (the identity of
the speaker having been detected).

[0024] The above described methods may further
comprise modifying a speech prompt based on the de-
tected speaker identity.

[0025] Inotherwords, a speech dialog may be adapted
to a particular user. For example, if it has been deter-
mined, e.g. based on a corresponding statistical model,
that a particular user always interrupts a particular
prompt, the dialog may be modified correspondingly, for
example, by replacing this prompt (such as by a shorter
version of the prompt) or by omitting the prompt com-
pletely.

[0026] The detecting step in the above described
methods may comprise determining an input signal pow-
er density spectrum. This power density spectrum may
be used in a reliable way to determine whether speech
activity is present. In particular, then, the detecting step
may comprise determining a probability value or a con-
fidence value with respect to whether speech activity is
present.

[0027] In particular, speech activity may be detected
if the power density spectrum of the input signal is larger
than a predetermined noise signal power spectrumtimes
a predetermined factor. The predetermined noise signal
power spectrum may be determined during speech paus-
es, for example. In this way, speech activity may be con-
sidered to be present if the current input signal power
density spectrum is larger by the predetermined factor
than the noise power density spectrum during a (preced-
ing) speech pause.

[0028] The predetermined factor may be a time-vary-
ing factor. In particular, the predetermined factor may be
set analogously to the case of the sensitivity threshold,
e.g. it may by modified based on the same information
sources. For example, the factor may be increased if a
speech prompt is output and decreased if no speech
prompt output is present. Alternatively or additionally, the
predetermined factor may be based on a detected speak-
er identity.

[0029] The above described methods may further
comprise determining a pitch value for the input signal.
The pitch value may be a pitch frequency or a pitch con-
fidence value; in particular, both a pitch frequency and a
pitch confidence value may be determined. The pitch
confidence value is an indication about the certainty that
a voiced sound has been detected. In case of unvoiced
signals or in speech pauses, the confidence value is
small, e.g. near zero. In case of voiced utterances, the
pitch confidence value approaches 1; preferably only in
this case, a pitch frequency is evaluated. For example,
determining a pitch confidence value may comprise de-
termining an auto-correlation function of the input signal.
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[0030] The detecting step may comprise comparing
the determined pitch value with a predetermined pitch
threshold. For example, if the determined pitch value is
larger than the predetermined pitch threshold, speech
activity may be considered to be present. The detecting
step may comprise determining a probability value or a
confidence value with respect to whether speech activity
is present.

[0031] The predetermined pitch threshold may be
time-varying and/or speaker-dependent. In particular,
the predetermined pitch threshold may be set or modified
analogously to the sensitivity threshold or to the prede-
termined factor mentioned above.

[0032] The predetermined pitch threshold may be
based on a pitch value of the speech prompt signal. Thus,
the above described methods may comprise determining
a pitch value, such as a pitch frequency or a pitch confi-
dence value, for the speech prompt signal. In this way,
if the determined current pitch value is equal or almost
equal to the (corresponding) pitch value of the speech
prompt signal to be output by a loudspeaker, no speech
activity may be considered to be present. If the current
pitch value differs from the pitch value of the speech
prompt signal, speech activity may be considered to be
present.

[0033] More particular, if the determined current pitch
confidence value is high (i.e. above a predetermined
threshold) for the input signal and for the speech prompt
signal, and/or if the pitch frequency of the input signal is
equal oralmost equal to the pitch frequency of the prompt
signal, no speech activity may be considered to be
present. If the current pitch frequency of the input signal
differs (e.g. by more than a predetermined threshold
(which may be given in percent)) from the current pitch
frequency of the prompt signal, or if the pitch confidence
value for the input signal is high and the pitch confidence
value for the prompt signal is low (i.e. below a predeter-
mined threshold), speech activity may be considered to
be present.

[0034] In the above methods, the detecting step, par-
ticularly the time-varying sensitivity threshold (or its de-
termination), may be based on a plurality (two or more)
of information sources for a detection criterion. In partic-
ular, the detecting step may be based on the outcome of
the steps of detecting a speaker identity, determining an
input signal power density spectrum and/or determining
a pitch value for the input signal. The outcome of each
of one or more of these steps may be given as a proba-
bility value or a confidence value. Then, the detecting
step may comprise combining the outcome of one or
more of these steps to obtain a detection criterion for
detecting whether speech activity is present. The com-
bining step may use a neural network.

[0035] In the previously described methods, the de-
tecting step may not be performed before a predeter-
mined minimum time has passed after starting a speech
prompt output. Such a latency time enables adapting the
system, for example an echo cancellation module, to the
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current ambient conditions.

[0036] The methods may comprise performing noise
reduction on the input signal. In particular, the methods
may comprise performing filtering the input signal. Then,
feedingthe filtered signal to the speech activity detection,
e.g. to the segmentation, will lead to an increased rec-
ognition reliability.

[0037] The methods may further comprise performing
an echo cancellation on the input signal. In this way, a
speech prompt output signal component being present
in the input signal may be compensated for. The echo
cancellation may be based on a speech prompt signal to
be output.

[0038] The methods may further comprise interrupt-
ing, stopping or fading out output of a speech prompt if
speech activity is detected. In this way, interference or
noise components in the input signal may be reduced.
Furthermore, a user does not have to drown the speech
prompt output anymore.

[0039] The invention further provides a computer pro-
gramme product comprising at least one computer read-
able medium having computer executable instructions
for performing the steps of the above described methods
when run on a computer.

[0040] Inaddition, the invention provides an apparatus
for determining barge-in in a speech dialog system, com-
prising:

determining means for determining whether a
speech prompt is output by the speech dialog sys-
tem.

a speech activity detector for detecting whether
speech activity is present in an input signal based
on a time-varying sensitivity threshold and/or based
on speaker information,

wherein the sensitivity threshold is increased if output of
a speech prompt is determined and decreased if no out-
put of the speech prompt is determined.

[0041] The determining means and the speech activity
detector may be configured to perform the above de-
scribed method steps. For example, the speech activity
detector may comprise a segmentation module.

[0042] Further features and advantages will be de-
scribed in the following in the context of the exemplary
figures.

Fig. 1 illustrates schematically an example of the
structure of a speech dialog system; and

Fig.2 illustrates schematically an example of a flow
diagram of method for determining barge-in.

[0043] The general structure of a speech dialog sys-

tem being enabled to deal with barge-in is illustrated
schematically in Fig. 1. First of all, the system comprises
a dialog manager 101. This dialog manager 101 com-
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prises scripts for one or more dialogs. These scripts may
be provided, for example, in VoiceXML.

[0044] The speech dialog system in general may be
provided as part of a telephone system. In other words,
a user may call a server in order to receive information,
for example, flight information, via such a speech dialog.
[0045] Alternatively, the speech dialog system may be
implemented, for example, in a vehicular cabin enabling
the user to control devices via speech. For example a
hands free telephony system or a multimedia device in
a car may be controlled with the help of a speech dialog
between the user and the system. The systemiillustrated
in Fig. 1 particularly corresponds to such a situation.
[0046] The speech dialog system further comprises a
prompter 102 which is responsible for translating the
prompts from text to speech and to initiate output of a
speech prompt via a loudspeaker 103.

[0047] During operation, first of all, the speech dialog
system is started as illustrated in step 201 in Fig. 2. The
system may be started, for example, by calling a corre-
sponding speech dialog server or by activating a device
which may be controlled by a speech command and,
then, pressing a push-to-talk key or a push-to-activate
key. Upon start or activation of the speech dialog system,
the dialog manager loads a corresponding dialog script.
[0048] The speech dialog system further comprises a
speech recogniser 104 for performing speech recogni-
tion on speech input from a user received via microphone
105.

[0049] Upon start of the speech dialog system, the
speech activity detector 106 is activated as well. The
speech activity detector may be provided in form of a
segmentation module. This segmentation module is con-
figured to determine the beginning and the end of a
speech component in aninput signal (microphone signal)
received from the microphone 103. A corresponding step
202 is illustrated in Fig. 2. (The microphone may be part
of amicrophone array; in this case, a beamformer module
would be provided as well.)

[0050] If occurrence of a speech signal is detected by
the segmentation module 106, the speech recogniser
104 is started and processes the utterance in order to
determine an input command or any other kind of input
information. The determined input is forwarded to the
dialog manager which either initiates a corresponding
action or continues the dialog based on this speech input.
[0051] Inordertoincrease reliability of the speech rec-
ogniser, the microphone input signal undergoes an echo
cancellation process using echo canceller 107. The echo
canceller 107 receives the speech prompt signal to be
output via loudspeaker 103. This speech prompt signal
may be subtracted from the input signal to reduce any
echo components in the input signal. Furthermore, an
additional noise reduction component 108 may be pro-
vided to remove additional noise components in the input
signal, for example, using corresponding filters.

[0052] In order to allow the speech dialog system to
detect barge-in, the sensitivity threshold of the speech
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activity detector or the segmentation module has to be
setinasuitable way. The information used to set or adapt
the sensitivity threshold may stem from different sources.
In any case, at the beginning, the sensitivity threshold
may be set to a predefined initial value.

[0053] Then, the sensitivity threshold may be modified
and set depending on whether a speech prompt output
currently is present or not. In particular, if a speech
prompt is output, the current sensitivity threshold may be
increased to avoid that the speech prompt output itself
is detected as speech activity in the input signal. The
increased sensitivity threshold may be a constant (pre-
defined) value or may be a variable value. For example,
the increased sensitivity threshold may further depend
on the volume of the speech prompt output and may be
chosen to be a higher value in case of high volume and
a lower value in case of lower volume.

[0054] Determining whether a speech prompt is cur-
rently output may be performed in different ways. Ac-
cording to a first alternative, the prompter 102 informs
the segmentation module 106 each time outputting of a
speech promptis initiated. In this way, output of a speech
prompt may be determined in a simple and reliable way.
[0055] According to a second alternative, the refer-
ence signal used for the echo cancellation means 107,
i.e. the loudspeaker signal, may be fed to an energy de-
tection module 109. In energy detection module 109, the
signal level of the loudspeaker signal may be determined.
If the signal level exceeds a predetermined threshold, it
may be determined that a speech prompt signal is
present on the loudspeaker path. Then, a corresponding
signal may be forwarded to the segmentation module
106 such that a corresponding adaptation, i.e. an in-
crease, of the sensitivity threshold is performed. As soon
as no speech prompt output is present , the sensitivity
threshold may again be decreased, e.g. to the initial val-
ue.

[0056] In addition or alternatively, the sensitivity
threshold may be adaptedin step 203 based ona speaker
identification. For this purpose, the microphone signal is
fed to speaker identification module 110. In this module,
a speaker is identified such as disclosed, for example,
in Kwon et al., "Unsupervised Speaker Indexing Using
Generic Models", IEEE Trans. on Speech and Audio
Process., Vol. 13, pages 1004 - 1013 (2005).

[0057] In this way, it may be determined which partic-
ular speaker (possibly out of a set of known speakers) is
using the speech dialog system. In speaker identification
module 110, a statistical model may be provided for dif-
ferent speakers with respect to their respective barge-in
behaviour. This statistical model may be established, for
example, by starting with a speaker-independent model
which is then adapted to a particular speaker after each
speech input. Possible parameters for the statistical
model are the speaker identity, the absolute or relative
number that a particular dialog step in a dialog is per-
formed by the speaker, an a priori probability for barge-
in in a particular dialog step, the time of the barge-in in-
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cident and/or the number of rejected barge-in recogni-
tions.

[0058] Via a statistical evaluation of a user behaviour,
the sensitivity threshold may be adapted. It is desirable
to reduce the number of erroneous detections of speech
activity as these lead to an increase of the sensitivity
threshold resulting in an increase of misdetections. This
effect can be reduced by incorporating in the statistical
model the probability for a wrong decision for barge-in
that led to abortion of a dialog step. By adapting the sen-
sitivity threshold based on this information, knowledge
about the speaker identity and his or hertypical behaviour
is used as a basis for the segmentation.

[0059] Detecting whether speech activity is present in
a received input signal (step 204), i.e. segmenting, may
be based on different detection criteria. For example, a
pitch value such as a pitch confidence value may be de-
termined. For this purpose, the microphone signal is fed
to a pitch estimation module 111. Here, based on the
auto-correlation function of the received input signal (mi-
crophone signal), a pitch confidence value, such as a
normalised confidence pitch value, may be determined.
In order to determine whether speech activity is present,
the determined pitch confidence value may be compared
to a predetermined threshold value. If the determined
pitch confidence value is larger than the predetermined
pitch threshold, it is decided that speech input is present.
In this case, alternatively, a probability value or a confi-
dence value with respect to whether speech input is
present may be determined. These value may then com-
bined with corresponding probability or confidence val-
ues stemming from other criteria to obtain an overall de-
tection criterion.

[0060] The pitch threshold may be given in a time-var-
ying and/or speaker-dependent way. In particular, in
case of a speech prompt output, a pitch threshold may
be set to a predefined higher value than in case of no
speech prompt being output. Similarly, the predeter-
mined pitch threshold may be set depending on the de-
termined speaker identity.

[0061] Alternatively or additionally, in order to detect
speech activity, the loudspeaker signal may be fed to
pitch estimation module 111. The (estimated) pitch fre-
quency of the speech prompt signal and of the micro-
phone signal are compared. If both pitch frequencies cor-
respondto each other, itis decided that no speech activity
is present. On the other hand, if the microphone signal
and the loudspeaker signal show different values,
speech activity may be considered to be present. Also
in this case, no decision need be made at that stage; it
is also possible to only determine a corresponding prob-
ability or confidence value with regard to the presence
of speech input.

[0062] Alternatively or additionally, a signal level
based segmentation may be performed. In such a case,
the signal level of the background noise is estimated in
energy detection module 109. Such an estimation usually
is performed during speech pauses. An estimation of the
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noise power density spectrum é,,,,(qu,k) is performedin
the frequency domain wherein Q, denotes the (normal-
ised) centre frequency of the frequency band ., and k
denotes the time index according to a short time Fourier
transform. Such an estimation may be performed in ac-
cordance with R. Martin "Noise Power Spectral Density
Estimation Based on Optimal Smoothing and Minimum
Statistics", IEEE Trans. Speech Audio Process., T-SA-
9(5), pages 504 - 512 (2001).

[0063] In order to detect speech activity, the power
spectral density of the microphone signal may be esti-
mated in energy detection module 109 as well. Speech
activity is considered to be present, if the power spectral
density of the current microphone signal S,,(€2,,,k)in the
different frequency bands is larger than the determined
noise power spegtral density times a predetermined fac-
tor S, (€2, k) > S,(Qu,k)-B. The factor B, similar to the
case of the pitch criterion, may be time-varying. In par-
ticular, the factor may be increased in case of a speech
prompt output and decreased if no speech prompt output
is present. Similar to the criteria discussed above, no
decision need be made based on this estimation only; it
is also possible to only determine a corresponding prob-
ability or confidence value with regard to the presence
of speech input.

[0064] Duringthe whole process, an echo cancellation
may be performedin echo canceller 107. Inpractice, after
starting outputting a speech prompt, converging effects
may occur during which the echo cancellation is not yet
fully adjusted. In this case, the microphone signal after
subtracting the estimated echo signal still contains arte-
facts of the speech prompt output. In order to avoid mis-
classification, the segmentation module 106 may be con-
figured to start processing the signals only after a prede-
termined minimum time has passed after starting to out-
put a speech prompt. For example, segmentation may
start one second after output of a speech prompt has
started. During this time interval, the input signal is stored
in memory, and multiple iterations of the echo canceller
may be performed on this data. Thus, the quality of con-
vergence after this initial time interval can be increased,
resulting in a reliable adjustment of the adaptive filters.

[0065] If the different information sources yield proba-
bility or confidence values, the segmentation module 106
may combine these outcomes using a neural network in
order to finally decide whether speech input is present
or not.

[0066] If segmentation module 106 considers speech
activity being present, the detected utterance is forward-
ed to the speech recogniser 104 for speech recognition
(step 205). At the same time segmentation module 106
may send a signal to prompter 102 to stop output of a
speech prompt.

[0067] According to a further aspect, a speech prompt
may be modified based on a detected speaker identity.
For example, the system may determine, based on the
statistical model for a particular speaker, that this speaker
always interrupts a particular prompt. In this case, this
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prompt may be replaced by a shorter version of the
prompt or even omitted at all.

[0068] Thus, based on different information sources
such as presence or absence of a speech prompt output
or a detected speaker identity (possibly with a corre-
sponding statistical speaker model), the segmentation
sensitivity threshold may be adapted. For adaptation, for
example, a factor used for segmentation based on power
spectral density estimation or a pitch threshold may be
modified accordingly.

Claims

1. Method for determining barge-in in a speech dialog
system, comprising:

determining whether a speech prompt is output
by the speech dialog system,

detecting whether speech activity is present in
an input signal based on a time-varying sensi-
tivity threshold and/or based on speaker infor-
mation,

wherein the sensitivity threshold is increased if out-
put of a speech prompt is determined and decreased
if no output of a speech prompt is determined.

2. Method according to claim 1, wherein the determin-
ing step comprising detecting a speech prompt sig-
nal to be output.

3. Method according to claim 1 or 2, wherein the de-
termining step comprises receiving information from
a dialog control on whether a speech prompt is out-
put.

4. Method according to one of the preceding claims,
further comprising detecting a speaker identity for
the input signal.

5. Method according to claim 4, further comprising
modifying the sensitivity threshold based on the de-
tected speaker identity.

6. Method according to claim 4 or 5, further comprising
modifying a speech prompt based on the detected
speaker identity.

7. Method according to one of the preceding claims,
wherein the detecting step comprises determining
an input signal power density spectrum.

8. Methodaccordingtoclaim7, wherein speech activity
is detected if the input signal power density spectrum
is larger than a predetermined noise signal power
spectrum times a predetermined factor.
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9.

10.

11.

12

13.

14.

15.

16.

17.

18.

19.

Method according to claim 8, wherein the predeter-
mined factor is a time-varying factor.

Method according to one of the preceding claims,
further comprising determining a pitch value for the
input signal.

Method according to claim 10, wherein the detecting
step comprises comparing the determined pitch val-
ue with a predetermined pitch threshold.

Method according to claim 11, wherein the prede-
termined pitch threshold is time-varying and/or
speaker-dependent.

Method accordingto claim 11 or 12, wherein the pre-
determined pitch threshold is based on a pitch value
of the speech prompt signal.

Method according to one of the preceding claims,
wherein the detecting step is based on a plurality of
information sources for a detection criterion, in par-
ticular, on the outcome of the steps of detecting a
speaker identity, determining an input signal power
density spectrum and/or determining a pitch value
for the input signal.

Method according to one of the preceding claims,
wherein the detecting step is not performed before
a predetermined minimum time has passed after
starting a speech prompt output.

Method according to one of the preceding claims,
further comprising performing an echo cancellation
on the input signal.

Method according to one of the preceding claims,
further comprising interrupting or fading out output
of a speech prompt if speech activity is detected.

Computer program product comprising at least one
computer readable medium having computer-exe-
cutable instructions for performing the steps of the
method of one of the preceding claims when run on
a computer.

Apparatus for determining barge-in in a speech dia-
log system comprising:

determining means for determining whether a
speech prompt is output by the speech dialog
system,

a speech activity detector (106) for detecting
speech activity in an input signal based on a
time-varying sensitivity threshold and/or based
on speaker information,

wherein the sensitivity threshold is increased if out-
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put of a speech prompt is determined and decreased
if no output of a speech prompt is determined.
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