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(57) A method of converting the speech rate of a
speech signal (2) with a pitch period below a maximum
expected pitch period comprises the steps of dividing
the speech signal into segments, estimating the pitch
period in a segment, copying a fraction of the speech
signal in the segment, said fraction having a duration
equal to said estimated pitch period, providing from the
fraction an intermediate signal having the same dura-
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A method of converting the speech rate of a speech signal, use of the method, and a device

tion, and expanding the segment by inserting the inter-
mediate signal pitch synchronously into the speech sig-
nal of the segment. A segment size longer than the max-
imum expected pitch period but shorter than twice the
maximum expected pitch period is used. A considerably
smaller amount of data has to be processed for each
segment, so that the method can be implemented with
the limited computational resources of e.g. a mobile tel-
ephone. A similar device is also provided.
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Description

[0001] Theinventionrelates to a method of converting
the speech rate of a speech signal having a pitch period
below a maximum expected pitch period. The method
comprises the steps of dividing the speech signal into
segments, estimating the pitch period of the speech sig-
nal in a segment, copying a fraction of the speech signal
in the segment, said fraction having a duration equal to
said estimated pitch period, providing from said fraction
an intermediate signal having the same duration, and
expanding the segment by inserting said intermediate
signal pitch synchronously into the speech signal of the
segment. The invention also relates to the use of the
method in a mobile telephone. Further, the invention re-
lates to a device adapted to convert the speech rate of
a speech signal.

[0002] In many situations it is desirable to enhance
the intelligibility of speech. Especially elderly people are
often troubled by some hearing impairment, which
among other things lowers their comprehension of
speech uttered rapidly. Also children with language-
learning difficulties could benefit from an improved in-
telligibility. Further, when mobile telephones are used in
noisy environments it can be difficult to fully understand
what is being said. This difficulty occurs not only for
hearing impaired people, but also for anybody else.
Therefore, there is an increasing demand for obtaining
an enhanced intelligibility in mobile telephones.

[0003] One way of enhancing the intelligibility of the
speech is to slow down the speech. The principal objec-
tive of this approach is to give the listener some extra
time to recognize what is being said. This can be ob-
tained by using time-scaling techniques, which means
that the temporal evolution of the signal is changed. The
speech rate is adjusted by adding extra time data to the
signal according to a chosen algorithm.

[0004] Several speech enhancement algorithms exist
that are based on the technique of slowing down input
speech. The fundamental idea of these algorithms is to
perform an extension of the speech that preserves the
natural quality of the speech while the intelligibility is
raised. Thereby most extension algorithms are depend-
enton the pitch periodicity of the speech. However, such
algorithms have not been suitable forimplementation in
mobile telephones.

[0005] A device utilizing such an algorithm is known
from the article Y. Nejime, T. Aritsuka, T. Imamura, T.
Ifukube, and J. Matsushima, "A Portable Digital Speech-
Rate Converter for Hearing Impairment", IEEE Transac-
tions on Rehabilitation Engineering, vol. 4, no. 2, pp.
73-83, June 1996. The device is a hand-sized portable
device that converts the speech rate without changing
the pitch. When the speech speed is slowed, a time de-
lay occurs between the input and the output speech. The
speech signals are recorded into a solid-state memory
while previously recorded signals are being slowed and
generated. The user activates the device by holding
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down a button on the device. The longer the user holds
the button to slow the speech, the longer the delay. Al-
though the delay may be reduced by cutting silent inter-
vals in excess of one second, this is not sufficient to elim-
inate the delay. The user can return to non-delay by re-
leasing the button.

[0006] The speech datainthe memory are partitioned
into frames. The time-scaling process expands the time
scale of the speech data frame by frame. The time ex-
pansion is obtained by inserting a composite pitch pat-
tern created from the signal of three consecutive pitch
periods. The composite pattern is used in order to avoid
reverberation of the expanded signal. Because the time-
scaling process used needs four-pitch-length data ele-
ments, the length of each frame is 48 ms corresponding
to four times the assumed maximum pitch interval which
is setto 12 ms in this document. Other documents men-
tion assumed maximum pitch periods of 16 ms or even
close to 20 ms, which would necessitate even longer
frame lengths and thus larger amounts of data to be
processed for each frame.

[0007] Especially this amount of data to be processed
makes the above algorithm less interesting for use in
mobile telephones, because the computational resourc-
es in a mobile telephone are severely limited. Another
drawback of the algorithm is the time delay that can be
accumulated while the user holds the button of the de-
vice. The use of a mobile phone is almost always a two-
way communication between two persons, and there-
fore it is desired to keep the expanded speech as close
to real time as possible.

[0008] It is an object of the invention to provide a
method of the above-mentioned type in which a consid-
erably smaller amount of data has to be processed for
a frame, so that the method can be implemented with
the limited computational resources of e.g. a mobile tel-
ephone.

[0009] According to the invention, this object is
achieved in that a segment size longer than said maxi-
mum expected pitch period but shorter than twice the
maximum expected pitch period is used.

[0010] Tests have shown that the risk of reverberation
is smaller for speech signals having relatively long pitch
periods, compared to short pitch periods, because they
actually change more slowly. Therefore, a composite
pitch pattern is not needed for these signals, and it will
be sufficient to have a frame or segment length that just
allows a pattern of one full pitch length to be processed.
Consequently, the segment size can be reduced to a
value which is only slightly longer than the maximum ex-
pected pitch period, i.e. between the maximum expect-
ed pitch period and twice the maximum expected pitch
period. Obviously, the shorter segment or frame length
reduces the amount of data to be processed for each
segment, and it is further reduced because the calcula-
tion of the composite signal can be avoided at least for
speech signals with long pitch periods. For speech sig-
nals having a shorter pitch period it may still be possible
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to form a composite pitch pattern from e.g. two consec-
utive pitch periods.

[0011] In an expedient embodiment the method fur-
ther comprises the step of providing, if the actual esti-
mated pitch period of the segment is greater than half
the segment size, the intermediate signal by using the
copied fraction directly as the intermediate signal. This
avoids the extra calculation of a composite signal.
[0012] If the actual estimated pitch period of a seg-
ment is less than half the segment size, the method may
further comprise the steps of copying two consecutive
fractions, each having a duration equal to the estimated
pitch period, and providing the intermediate signal as an
average of the two consecutive fractions. In this way re-
verberation may be minimized for speech with shorter
pitch periods which actually have a higher risk for such
reverberation.

[0013] When the method further comprises the steps
of classifying a segment of the speech signal as a silent
segment, if the content of speech information is below
a preset threshold, and shortening a segment, if that
segment and a number of immediately preceding seg-
ments have been classified as silent segments, to com-
pensate for expansion of previous segments, it is pos-
sible to maintain the delay between the input signal and
the (expanded) output signal at a very low level, thus
providing a substantial real time conversion of the
speech. This makes the algorithm more suited for use
in mobile telephones in which it is desired to keep the
expanded speech as close to real time as possible.
[0014] An embodiment especially expedient for use
in mobile telephones is obtained when a segment size
of 20 ms is used, because this segment size is also used
by the existing speech signal processing in many mobile
telephones, and thus, a great many computational re-
sources can be saved by using the same segments for
the speech expansion algorithm.

[0015] When a segment is expanded by inserting the
intermediate signal pitch synchronously into the speech
signal of the segment a plurality of times, higher expan-
sion rates can be achieved without increasing the use
of computational resources considerably.

[0016] A better result without the introduction of
spikes or similar discontinuities in the insertion may be
achieved when an overlapping window is used when
copying said fraction and inserting said intermediate sig-
nal.

[0017] A typical use of the method is in portable com-
munications devices, and in an expedient embodiment
the method is used in a mobile telephone.

[0018] As mentioned, the invention also relates to a
device adapted to convert the speech rate of a speech
signal having a pitch period below a maximum expected
pitch period. The device comprises means for dividing
the speech signal into segments, means for estimating
the pitch period of the speech signal in a segment,
means for copying a fraction of the speech signal in the
segment, said fraction having a duration equal to said
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estimated pitch period, means for providing from the
fraction an intermediate signal having the same dura-
tion, and means for expanding the segment by inserting
said intermediate signal pitch synchronously into the
speech signal of the segment. When the device is adapt-
ed to use a segment size longer than said maximum ex-
pected pitch period but shorter than twice the maximum
expected pitch period, a considerably smaller amount
of data has to be processed for a frame, so that the
method can be implemented with the limited computa-
tional resources of e.g. a mobile telephone.

[0019] In an expedient embodiment the device is fur-
ther adapted to provide, if the actual estimated pitch pe-
riod of the segment is greater than half the segment size,
the intermediate signal by using the copied fraction di-
rectly as the intermediate signal. This avoids the extra
calculation of a composite signal.

[0020] If the actual estimated pitch period of a seg-
ment is less than half the segment size, the device may
further be adapted to copy two consecutive fractions,
each having a duration equal to the estimated pitch pe-
riod, and to provide the intermediate signal as an aver-
age of the two consecutive fractions. In this way rever-
beration may be minimized for speech with shorter pitch
periods which actually have a higher risk for such rever-
beration.

[0021] When the device is further adapted to classify
a segment of the speech signal as a silent segment, if
the content of speech information is below a preset
threshold, and to shorten a segment, if that segment and
a number of immediately preceding segments have
been classified as silent segments, to compensate for
expansion of previous segments, it is possible to main-
tain the delay between the input signal and the (expand-
ed) output signal at a very low level, thus providing a
substantial real time conversion of the speech. This
makes the algorithm more suited for use in mobile tele-
phones in which it is desired to keep the expanded
speech as close to real time as possible.

[0022] An embodiment especially expedient for use
in mobile telephones is obtained when the device is
adapted to use a segment size of 20 ms, because this
segment size is also used by the existing speech signal
processing in many mobile telephones, and thus, a
great many computational resources can be saved by
using the same segments for the speech expansion al-
gorithm.

[0023] When the device is adapted to expand a seg-
ment by inserting the intermediate signal pitch synchro-
nously into the speech signal of the segment a plurality
of times, higher expansion rates can be achieved with-
out increasing the use of computational resources con-
siderably.

[0024] A better result without the introduction of
spikes or similar discontinuities in the insertion may be
achieved when the device is adapted to use an overlap-
ping window when copying said fraction and inserting
said intermediate signal.
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[0025] In an expedient embodiment of the invention,
the device is a mobile telephone, although it may also
be other types of portable communications devices.
[0026] In another embodiment the device is an inte-
grated circuit which can be used in different types of
equipment.

[0027] The invention will now be described more fully
below with reference to the drawing, in which

figure 1 shows a block diagram of a speech rate
conversion system according to the invention,

figure 2 shows a model for voiced speech produc-
tion and extraction of an excitation signal from
voiced speech,

figure 3 shows an example of a voiced speech sig-
nal and the corresponding autocorrelation of a re-
sidual signal,

figure 4 shows a diagram of a first extension algo-
rithm used for speech signals with relatively short
pitch periods,

figure 5 shows an alternative embodiment of the al-
gorithm of figure 4,

figure 6 shows a diagram of a second extension al-
gorithm used for speech signals with relatively long
pitch periods, and

figure 7 shows an alternative embodiment of the al-
gorithm of figure 6.

[0028] Figure 1 shows a block diagram of an example
of a speech rate conversion system 1 in which the meth-
od and the device of the invention may be implemented.
The shown speech rate conversion system can be used
in a mobile telephone or a similar communications de-
vice.

[0029] A speech signal 2 is sampled in a sampling cir-
cuit 3 with a sampling rate of 8 kHz and the samples are
divided into segments or frames of 160 consecutive
samples. Thus, each segment corresponds to 20 ms of
the speech signal. This is the sampling and segmenta-
tion normally used for the speech processing in a stand-
ard mobile telephone and thus, the sampling circuit 3 is
a normal part of such a telephone.

[0030] Each segment or frame of 160 samples is then
sent to a noise threshold unit 4 in which a classification
step is performed which separates speech from silence.
Frames classified as speech will be further processed
while the others are sent to a silence shortening unit 5,
which will be described later. The separation of speech
from silence is a necessary operation when speech ex-
tension is to operate in real-time, since the extra time
created by the extended speech is compensated by tak-
ing time from the silence or noise part of the signal.
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[0031] The classification is based on an energy meas-
urement in combination with memory in the form of re-
corded history of energy from previous frames. It is pre-
sumed that the background noise changes slowly while
the speech envelope changes more rapidly. First, a
threshold is calculated. The short-time energy of each
frame is calculated, and the short-time energy values of
the latest 150 frames are continuously saved. The en-
ergy values of those frames classified as silence are se-
lected and the mean energy is calculated over these se-
lected energy values. Also the minimum energy value
of the selected energy values is stored. The threshold
is calculated by adding the difference between the mean
value and the minimum value, multiplied by a pre-se-
lected factor, to the mean energy. To decide whether a
given frame is speech or silence the energy of the cur-
rent frame is simply compared with the threshold value.
If the energy of the frame exceeds this value it is clas-
sified as speech, otherwise it is classified as silence.
[0032] The frames classified as speech are then sent
to the voiced/unvoiced classification unit 6, because a
separation of the speech into voiced and unvoiced por-
tions is needed before an extension can be made. This
separation can be performed by several methods, one
of which will be described in detail below.

[0033] First, however, the nature of speech signals
will be mentioned briefly. In a classical approach a
speech signal is modelled as an output of a slowly time-
varying linearfilter. The filter is either excited by a quasi-
periodic sequence of pulses or random noise depending
on whether a voiced or an unvoiced sound is to be cre-
ated. The pulse train which creates voiced sounds is
produced by pressing air out of the lungs through the
vibrating vocal cords. The period of time between the
pulses is called the pitch period and is of great impor-
tance for the singularity of the speech. On the other
hand, unvoiced sounds are generated by forming a con-
striction in the vocal tract and produce turbulence by
forcing air through the constriction at a high velocity.
[0034] As speech is a varying signal also the filter has
to be time-varying. However, the properties of a speech
signal change relatively slowly with time. Itis reasonable
to believe that the general properties of speech remain
fixed for periods of 10-20 ms. This has led to the basic
principle that if short segments of the speech signal are
considered, each segment can effectively be modelled
as having been generated by exciting a linear time-in-
variant system during that period of time. The effect of
the filter can be seen as caused by the vocal tract, the
tongue, the mouth and the lips.

[0035] As mentioned, voiced speech can be interpret-
ed as the output signal from a linear filter driven by an
excitation signal. This is shown in the upper part of figure
2 in which the pulse train 21 is processed by the filter
22 to produce the voiced speech signal 23. A good sig-
nal for the voiced/unvoiced classification is obtained if
the excitation signal can be extracted from the speech.
By estimating the filter parameters A in the block 24 and
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then filtering the speech through an inverse filter 25
based on the estimated filter parameters, a signal 26
similar to the excitation signal can be obtained. This sig-
nal is called the residual signal. This process is shown
in the lower part of figure 2. The blocks 24 and 25 are
included in the voiced/unvoiced classification unit 6 in
figure 1.

[0036] The estimation of the filter parameters is based
on an all-pole modelling which is performed by means
of the method called linear predictive analysis (LPA).
The name comes from the fact that the method is equiv-
alent with linear prediction. This method is well known
in the art and will not be described in further detail here.
[0037] A classifying signal is then produced by calcu-
lating the autocorrelation function of the residual signal
and scaling the result to be between 1. As the inverse
filtering has removed much of the smearing introduced
by the filter, the possibility of a clearer peak is higher
compared to calculating the autocorrelation directly of
the speech frame. A voiced/unvoiced decision is then
made by comparing the value of the highest peak in the
classifying signal to a threshold value, because a suffi-
ciently high peak in the classifying signal means that a
pulse train was actually present in the residual signal
and thus also in the original speech signal of the frame.
[0038] Alternatively, the voiced/unvoiced decision
can be made by a simple comparison of the power or
energy level of the frame with a threshold similar to the
one used in the noise threshold unit 4, just with a higher
threshold value, because signals below a certain power
level primarily contain consonants or semi-vowels,
which are typically unvoiced. However, the results of this
method is not as precise as those obtained by the
above-mentioned classification.

[0039] If the frame is decided as unvoiced it will be
sent directly to a combination or concatenation unit 7.
Otherwise, i.e. if it is decided as voiced, it will be for-
warded to the pitch estimation unit 8, which will be de-
scribed below.

[0040] The pitch is estimated as a preparation for the
extension process which should be pitch synchronous.
The general idea of the estimation originates in the
speech model described above, where the pitch repre-
sents the period of the glottal excitation. As the pitch
expresses the natural quality and singularity of the
speech it is important to carry out a good estimation of
the pitch.

[0041] The estimation of the pitch is based on the au-
tocorrelation of the residual signal, which is obtained by
LPA as described above in the voiced/unvoiced classi-
fication. This can be done because the highest peak in
the autocorrelation of the residual signal represents the
pitch period and can thus be used as an estimate there-
of. By thus reusing data the complexity of the method is
lowered. Figure 3a shows an example of a 20 ms seg-
ment of a voiced speech signal and figure 3b the corre-
sponding autocorrelation function of the residual signal.
It will be seen from figure 3a that the actual pitch period
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is about 5.25 ms corresponding to 42 samples, and thus
the pitch estimation should end up with this value.
[0042] The first step in the estimation of the pitch is to
apply a peak picking algorithm to the autocorrelation
function provided by the unit 6. This is done with a peak
detector which identifies the maximum peak (i.e. the
largest value) in the autocorrelation function. The index
value, i.e. the sample number or the lag, of the maximum
peak is then used as an estimate of the pitch period. In
the case shown in figure 3b it will be seen that the max-
imum peak is actually located at a lag of 42 samples.
The search of the maximum peak is only performed in
the range where a pitch period is likely to be located. In
this case the range is set to 60-333 Hz.

[0043] The result of the estimation is forwarded to the
extension unit 9 along with the speech frame. The ex-
tension algorithm is a time-domain based method which
operates on whole pitch period blocks. The use of this
technique means that unwanted changes of the pitch
can be avoided, and thereby the singularity of the
speech can be preserved.

[0044] The extension algorithm described below is a
modified version of a Pitch Synchronous OverLap Add
(PSOLA) method. In brief, the algorithm makes a copy
of one or two pitch periods and adds it or them to the
original speech data, possibly with some overlap. The
modifications are due to the fact that the relatively short
frame or segment length of 20 ms is used.

[0045] Depending on the estimated pitch period, two
different approaches are used in the extension of the
speech. The first approach is used for relatively short
pitch periods. This could be pitch periods below 8.75 ms
corresponding to 70 samples using a sample rate of 8
kHz. It also corresponds to pitch frequencies above 114
Hz. The second approach is then used for pitch periods
above 8.75ms, i.e. relatively long pitch periods. The rea-
son for using two different approaches is that due to the
short frame or segment length of 20 ms only one full
pitch length of the signal, including a certain overlap,
can be extracted for extension purposes for signals hav-
ing long pitch periods, while two consecutive pitch peri-
ods (and overlap) may be extracted for signals with
shorter pitch periods.

[0046] The first approach utilizes the circumstance
that the pitch period is relatively short. The different
steps performed in this approach are illustrated in figure
4. From the incoming frame, two subsequent pitch pe-
riods T, along with an extra piece corresponding to the
overlapping part L, are copied. The overlapping part
could be set to 10% of Tp. A window is applied to the
two segments | and Il, thereby creating what will be re-
ferred to as segment IWin and segment lIWin. The win-
dow being used could be araised cosine window or trap-
ezoid window. Of the windowed segments an average
is calculated which is denoted MWin. By forming an av-
eraged segment unnecessary repetitions of an already
existing segment can be avoided. Thereby the risk of
undesired artifacts, such as reverberation, can be re-
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duced.

[0047] Inserting the segment MWin with an overlap of
L samples with the original frame now causes the ex-
tension of the speech to be carried out. As will be seen
from the lower part of figure 4 showing the outgoing da-
ta, the extended frame now has a length of 1 60+Tp sam-
ples instead of the original 160 samples. If needed, the
frame can be further extended by a chosen amount of
segments by adding Mwin, including overlap again, the
desired number of times. Figure 5 is similar to figure 4,
but with MWin added twice so that the extended frame
length is 160+2T, samples.

[0048] In the second approach the pitch periods are
longer. The first approach cannot be used as the frame
length is not long enough to include two pitch periods.
A demonstration of the stages in the second approach
can be seen in figure 6. From the incoming frame only
one segment | of the length Tp*L is copied out and win-
dowed with a chosen window. Also in this case the
length of L corresponds to 10% of T,. Then the win-
dowed segment IWin is inserted with an overlap of L
samples with the original samples. The insertion of IWin
can be seen in the lower part of figure 6 showing the
outgoing data, in which it can be seen that the extended
frame now has a length of 160+2T, samples instead of
the original 160 samples, because the original pitch
length segment is used before as well as after the in-
serted IWin.

[0049] Also in this approach, the frame can be further
extended by adding IWin including overlap again. How-
ever, as shown in figure 7, the original pitch length seg-
ment could also be used only twice so that the extended
frame length is 160+Tp samples.

[0050] It should be noted that different overlap per-
centages could be used. A shorter overlap length means
that longer pitch periods can be extended by means of
the first approach. However, if the overlap becomes too
small, the overlapping procedure will lose its effect. The
overlap of 10% used above seems to be good compro-
mise.

[0051] The extended frame is now sent to the con-
catenation unit 7 where it will be merged with the other
frames.

[0052] Asis seen above, the speech extension caus-
es delays in the speech that are not desirable, especially
in a mobile telephone environment. To avoid this delay
some parts of the input signal have to be removed. A
natural choice is to use the speech pauses which consist
of silence only. A shortening algorithm fulfilling the de-
mands for real time is performed in the shortening unit
5 and will be described below.

[0053] Before the shortening of the silent parts can
start, a condition has to be fulfilled. The current frame
and the preceding three frames must be silent frames.
If this condition is satisfied, the number of samples cor-
responding to the extended part is removed. Also frac-
tions of frame can be removed in order to maintain real
time.
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[0054] There are two reasons for the above-men-
tioned condition.

[0055] The first reason is that if the environment is
quite noisy, unvoiced sounds can be misclassified as si-
lence and these misclassified frames must not be re-
moved. The assumption that has been used is that un-
voiced speech often follows voiced speech. If a frame
of unvoiced speech is misclassified as silence, it is rea-
sonable to believe that either a voiced sound will occur
soon after or that the speech portion has ended. In
whichever case the utilization of the above-mentioned
condition prevents these unvoiced frames from being
removed.

[0056] The second reason for the condition is that
there are pauses in the speech which are necessary for
the natural flow of the speech. If they are removed, the
speech is harder to understand, which is the opposite
result of what is wanted.

[0057] When the frames classified as silence have
been shortened to compensate for the extension of the
voiced frames, they are sent to the combination unit 7.
[0058] As is seen above, an incoming frame can take
three ways in the system to the concatenation or com-
bination unit 7 depending on whether the frame is clas-
sified as silence, unvoiced speech or voiced speech. In-
dependent of which way the frames have taken, the in-
coming frames must be sent out in the same order as
they arrived, irrespective of whether they have been al-
tered or not. Therefore, the combination unit 7 can be
viewed as a First In First Out (FIFO) buffer.

[0059] Although a preferred embodiment of the
present invention has been described and shown, the
invention is not restricted to it, but may also be embodied
in other ways within the scope of the subject-matter de-
fined in the following claims.

[0060] Thus, the autocorrelation function may be cal-
culated directly of the speech signal instead of the re-
sidual signal, or other conformity functions may be used
instead of the autocorrelation function. As an example,
a cross correlation could be calculated between the
speech signal and the residual signal. Further, different
sampling rates may be used.

Claims

1. A method of converting the speech rate of a speech
signal (2) having a pitch period below a maximum
expected pitch period, said method comprising the
steps of:

» dividing the speech signal into segments,

* estimating the pitch period of the speech signal
in a segment,

* copying a fraction of the speech signal in the
segment, said fraction having a duration equal
to said estimated pitch period,

*  providing from said fraction an intermediate sig-
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nal having the same duration, and

* expanding the segment by inserting said inter-
mediate signal pitch synchronously into the
speech signal of the segment,

characterized in that a segment size longer than
said maximum expected pitch period but shorter
than twice the maximum expected pitch period is
used.

A method according to claim 1, characterized in
that it further comprises the step of:

* providing, if the actual estimated pitch period of
the segment is greater than half the segment
size, said intermediate signal by using the cop-
ied fraction directly as the intermediate signal.

A method according to claim 1 or 2,
characterized in that it further comprises the steps
of:

e copying, if the actual estimated pitch period of
the segment is less than half the segment size,
two consecutive fractions, each fraction having
a duration equal to said estimated pitch period,
and

* providing said intermediate signal as an aver-
age of the two consecutive fractions.

A method according to any one of claims 1 to 3,
characterized in that it further comprises the steps
of:

e classifying a segment of said speech signal as
a silent segment, if the content of speech infor-
mation is below a preset threshold,

* shortening a segment, if that segment and a
number of immediately preceding segments
have been classified as silent segments, to
compensate for expansion of previous seg-
ments.

A method according to any one of claims 1 to 4,
characterized in that a segment size of 20 ms is
used.

A method according to any one of claims 1 to 5,
characterized in that the segment is expanded by
inserting the intermediate signal pitch synchronous-
ly into the speech signal of the segment a plurality
of times.

A method according to any one of claims 1 to 6,
characterized in that an overlapping window is
used when copying said fraction and inserting said
intermediate signal.
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8.

10.

11.

12.

13.

14.

Use of the method according to any one of claims
1 to 7 in a mobile telephone.

A device adapted to convert the speech rate of a
speech signal (2) having a pitch period below a
maximum expected pitch period, said device com-
prising:

* means (3) for dividing the speech signal into
segments,

* means (8) for estimating the pitch period of the
speech signal in a segment,

* means for copying a fraction of the speech sig-
nal in the segment, said fraction having a dura-
tion equal to said estimated pitch period,

* means for providing from said fraction an inter-
mediate signal having the same duration, and

* means (9) for expanding the segment by insert-
ing said intermediate signal pitch synchronous-
ly into the speech signal of the segment,

characterized in that the device is adapted to use
a segment size longer than said maximum expected
pitch period but shorter than twice the maximum ex-
pected pitch period.

A device according to claim 9, characterized in
that it is further adapted to provide, if the actual es-
timated pitch period of the segment is greater than
half the segment size, said intermediate signal by
using the copied fraction directly as the intermedi-
ate signal.

A device according to claim 9 or 10, characterized
in that it is further adapted to copy, if the actual es-
timated pitch period of the segment is less than half
the segment size, two consecutive fractions, each
fraction having a duration equal to said estimated
pitch period, and to provide said intermediate signal
as an average of the two consecutive fractions.

A device according to any one of claims 9 to 11,
characterized in that it is further adapted to

» classify a segment of said speech signal as a
silent segment, if the content of speech infor-
mation is below a preset threshold,

e shorten a segment, if that segment and a
number of immediately preceding segments
have been classified as silent segments, to
compensate for expansion of previous seg-
ments.

A device according to any one of claims 9 to 12,
characterized in that it is adapted to use a seg-

ment size of 20 ms.

A device according to any one of claims 9 to 13,
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characterized in that it is adapted to expand the
segment by inserting the intermediate signal pitch
synchronously into the speech signal of the seg-
ment a plurality of times.

A device according to any one of claims 9 to 14,
characterized in that it is adapted to use an over-
lapping window when copying said fraction and in-
serting said intermediate signal.

A device according to any one of claims 9 to 15,
characterized in that the device is a mobile tele-
phone.

A device according to any one of claims 9 to 15,
characterized in that the device is an integrated
circuit.
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