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METHOD AND RECOGNI ZER FOR RECOGNI ZI NG TONAL ACQUSTI C
SOUND SI GNALS Field of the Invention 5

The present invention relates, in general, to sound recognition, and
in particul ar, wosssad recognition of tonal acousti c spffsotosd! S-
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10 Background of the Invention

In the complex technology of speech recognition, one of
the most compiex and difficult challenges is to recognize sounds
spoken in . a language having tonal fluctuations and

15 = voiced/unvoiced sounds. In languages such as Latin or
- Germanic based languages or Japanese, tones are not a problem.
These languages may be spoken in a monotone voice, and
although the effect is uninteresting, the meaning is the same as
if inflexion was added. This is not the case in tonal languages
20 such as Chinese.
~ Mandarin Chinese is generally understood to have 5
tones. A first tone is monotone, a second rises, a third falls for
a short time then rises, and a fourth falls. The length of the
tones vary with the first usually being the iongest, the second
25 and third tones are usually similar in length of time, and the
fourth is generally the shortest. The fifth tone, although not
actually a tone, is neutral and is used on some syllables that are
suffix to words.
As with nearly all languages, Mandarin uses voiced and
30 . unvoiced sounds. A voiced sound is one generated by the vocal
cords opening and closing at a constant rate giving off pulses of
air. The distance between the peaks of the pulses is known as
the pitch period. An example of voiced sounds would be an "i"
sound as found in the word "pill". An unvoiced sound is one
35 generated by a single rush of air which results in turbulent air
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10 Speech recognition for tonal languages such as Mandarin
in conventional speech recognizers usually attempt to estimate
pitch frequency. First, the speech recognizer must determine if
the sound was voiced or unvoiced. This is performed using a
voicing ‘detector. Unfortunately, detecting voicing is very

15  difficult-and the process is prone to error. Even if the voicing is
decided "correctly, the recognizer must next estimate the pitch
frequency to determine tone using a pitch estimator.
Conventional pitch estimators generally use a process based
upon auto-correlation, although other methods are used such as

20 auto-regression methods.

Auto correlation is essentially the matching of peaks in a
sampled signal such as a sound signal. A sampled digital
speech signal is divided into segments. The auto correlation
method then compares the sampled speech signal for each

25 segment with the sampled speech signal over all values of t for
the same segment at time t-T for negative, positive and zero
values of T, where T is a time lag. For T=0, the signal will be
compared with itself providing a measure of signal power. The
auto correlation” function has a peak value at T when the signal

30 at time t aligns well with the signal at time t-t. The equation
for auto correlation is:

Rxx(T) = Z xi() xi(t - T)
where Ry,(T) is the auto correlation at a lag T, xi(t) is the speech
signal at a segment "i" and time "t", x;j(t - T) is the speech signal

35 segment "i" and time (t - T) (a version of x;(t) delayed by <
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highest value. The criteria for determining if this potential
peak value is the correct pitch frequency is if the peak value is
reasonable given the established comstraints. These constraints
will always vary but  generally include whether the frequency

15 of the peak is reasonably in the range known to be produced
by human speech and whether the frequency of the peak is
reasonable given previous pitch frequencies.

This process of defining rules and constraints is known as
a heuristic method of analysis. Unfortunately, a heuristic

20 method when applied to pitch frequency estimation is prone to
error. For instance, the process may not distinguish between
an actual peak and a harmonic. Additionally, there is never a
clear definition of what a good rule is, and those rules that are
established generally do not apply in all circumstances.

25 An example of a voiced tonal sound signal would be the
syllable Ta3 representing the pronunciation of the letters "ta"
with tone 3 mentioned above. Ta3 has both voice and unvoiced
sounds as well as a moving tone. Part of Ta3 has pitch and part
‘does not. To adequately. analyze Ta3, many rules must be

30 generated which would have any number of exceptions to the
rules.

The complex sets of changing rules result in high
probabilities of error. Coupled with a requirement to
determine properly whether a syllable is voiced or unvoiced,

35 the conventional tonal sound recognizers cannot supply a high
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present invention.

FIG. 3 is a flow diagram of the calculation of feature
vectors according to a preferred embodiment of the present
invention.

20

Detailed Description of the Invention

Key to building a tonal sound recognizer that increases
the probability of accuracy is eliminating voicing recognizers

25 and eliminating the need for determining pitch frequency. To
do this, there must be a way to compute tone trends for all
sounds, voiced and unvoiced. Additionally, peak picking must
be avoided thus eliminating the need for the complex and

-cumbersome peak picking rules.

30 The present invention eliminates the. voicing recognizer
and the complex sets of rules of conventional tonal recognizers
by tracking the trend, or movement, of the tone to determine if
it is rising, falling, constant, or some combination of these. The
trend is determined from segment to segment of the sampled

35 sound signal.
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the process, the probability of accuracy drops. Therefore, it is
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according to a pref eghiffe ©PRA8E "Ehp@ing e HEESEP where théVéithpled sound
signal is segmented into a number of segments, preferably into
segments equal in width, for analysis. Feature vectors for each
10 segment of the sampled sound signal are computed (210 of FIG.
2) in feature vector computing device 120. The feature vectors
are vectors containing information that describes the tone
trend of the sampled sound signal.
In the preferred embodiment of the present invention,
15 -each segment is an analysis frame where a sampled signal is
divided into any number of analysis frames. These analysis
frames may overlap, be joined end-to-end, or be spaced apart,
depending upon the needs of the design. In the preferred
embodiment, the analysis frames overlap.
20 Each of the analysis frames are multiplied by samples of
a window function or weighting function. Any window function
may be applied. In the preferred embodiment, the values of
the hamming window are described by

=0.54-0. %co{Lmﬂ-‘L-)

25 where w_ is the wmdo_w function at sample index "ipdex'' and

"lwindow” 1S the length of the window.
In the preferred embodiment, the feature vectors for
each analysis frames are Cepstral vectors or Cepstral
- coefficients. To obtain the Cepstral coefficients of an analysis
30 frame, with reference to FIG. 3, the Fourier transform of the
sampled sound signal in an analysis frame (s(t)) is calculated
(310) to yield the spectrum (s(w)) of the sampled sound signal
in the analysis frame. The spectrum is then squared (320)
yielding the power spectrum (S(w)) and the log of the power
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Cepstral coefficients or Cepstral vector C(n).

Referring again to FIG. 1, the feature vectors calculated in
feature vector computing device 120 are sent to cross-
correlator 130. Cross-correlator 130 compares the feature
vectors in any one of the segments (a first) with the feature
vectors of the next segment (a second) in time to determine if
the tone of the sampled -tonal sound signal is moving up, down,
staying constant, or some combination of the three (220 of FIG.
2) between the segments. For instance, the feature vectors of a
first segment would be compared with the feature vectors of a
second segment to determine the direction of movement
between the segments over time. The process of comparing
feature vectors in different segments is known as the cross-
correlation method and is defined by the equation:

Rxyi(T) = = FVi(t) FV(e1)(t — T)
where R,yi(T) is the cross-correlation value Ryy at one of the
number of segments "i" for a sampled tonal sound signal at a
lag "t", FVi(t) is one of the feature vectors at the "ith" one of the
number of segments and at time ™", FV(.1)(t — T) is one of the
feature vectors at the "i+1" one of the number of segments and
at time t — T, and £ is a summation of FVi(t) FV(.)(t — 7T) for a
range of values of "t". The range is determined to be that range
generally recognized to contain tonal trend information.

The lag "t" is a shift in time in either direction from time
™" of the analyzed segment.

The cross-correlation method defines peaks which
correlate from segment to segment. These peaks are
conceptually plotted segment by segment, or in other words,
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| og of the power having peaks moving to the right would define a second tone as
discussed previously. Movement to the left for a short time
and then back to the right would define the third tone
15 discussed earlier. No movement, or insignificant movement
would define the first tone, whereas movement only to the left
over time would define the fourth previously discussed tone.

The trend of the tone is an element used by a word
récognizer such as word recognizer 140 to recognize a word or

20 syllable. Word recognizer 140, according to the preferred
embodiment of the present invention, recognizes sounds or
words in a tonal language using the tone trend as one input
with other acoustic features to the recognition process. Word
recognizer 140 then determines a word or part of a word using

25 the input information.

There is no recognizable trend in tone in unvoiced
segments of a tonal language over time. Instead, any tone
pattern will be randomly moving about. Word recognizer 140
can identify random movement and will categorize the

30 segments having random movement as unvoiced segments.

By computing feature vectors for a sampled tonal sound
signal, such as Cepstral vectors, and comparing these feature
vectors across segments of the sample tonal sound signal over
time, the movement of the tone may be determined which

35 defines a tone trend. The tone trend is then used in place of
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6 spectrumis calculated ([err]([err])) (330). At this point,
[err](0) (frequency equals zero) is set to zero, or [err](0) =0
(340). The zero el enent of the power spectrumis a nmeasure of the DC
energy in thgad.fip@y and carries no infornmation related to _tone. 5
Therefore, [er"ﬁ"(%3 is elimnated fromthe anal ysis. PCT/USYIYEPTSe ¢
elimnating [err](0) fromthe anal ysis, the inverse Fourier transform
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signal at a 25 lag "[err]™, FV[err](t) is one of the feature vectors at
the "i[err]" one of the nunber of segnents and at time "t", FV(i+1)(t
- [err]) is one of the




feature vectors at the "i+ 1" ane of the nunber of segnents and at
timet - Ferr], and [err] is a summation of FVerr](t) FV(i+1)(t - [err])
for a range of val ues of mulluﬂ'ﬂum:w“u determined to be that
range 3 0 general ly recogni zed" " &l trend information.

The lag "[err] 'woonsashift in time in either direction fromti',(faﬁu 06075 L
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peaks which correlate fromsegnment to segnment. These peaks are 3 5
conceptual Iy plotted segment by segment, or i%h other words, WO
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7 the correl aggAIngsiks of the segnents are |ined up over tine.

The position of the peaks in the segnents will define the di rection
the tone of the sampled tonal sound signal is noving. For instance, if
correlating peaks flom aAf methodcg@mprising:a 5 second segnent are noving
to the right, the tone of theoniypiifg featurt OvedtosOfior a inpmaber ©fMOVi ng up.

rovi ng donn 11 3t heSpanRlss' 8F a sppedcnal sBull HaRal, Sohercll inb "Rirk
segment to segment. vectors tcioptainninformatiani describing sargonak ¢randc ofr theat or 130

tracks a 10  trendsghpa ¢omdll s€nd Nighake (230 of FIG 2). Using the

Mandari n tones as an exanple,_ a saupl tonal sound signal,. avi ng
peaks noving to the right V\DLﬁO(?%ﬁ*Dg'I % @@%ﬁd‘“‘t‘:&w@ g a first of Bxe
number of segments with the feature vectors of a second of the

10 number of segments to determine a trend of a movement of a
tone of the sampled tonal sound signal; and
using the trend as an input to determine a word or
part of a word of the sampled tonal sound signal.

15 2 A method according to claim 1 wherein the step of
“comparing the feature vectors of a first of the number of
segments with the feature vectors of a second of the number of
segments is a cross-correlation method.

20 3. A method according to claim 2 wherein the cross-
correlation method uses an equation:
Ryxyi(T) = Z FVi(t) FVay(t — T)
where Ryyi(T) is a cross-correlation value Ry at one
of the number of segments "i" for a sampled tonal sound signal
25 at lag "t", FVj(t) is one of the feature vectors at an "ith" one of
the number of segments at time "t", FV(j.1)(t — T) is one of the
feature vectors at an "i+1" one of the number of segments at
time t — T, and Z is a summation of FVi(t) FV ,1)(t — ) for
values of "t".
30
4, A method according to claim 1 wherein the step of
computing feature vectors for a number of segments of a
sampled tonal sound signal comprises computing Cepstral
vectors for each of the number of segments.
35
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6. A method according to claim 5 wherein the step of

calculating a log of the power spectrum further includes setting

the log of the power spectrum at a frequency of zero to equal
15 zero.

7. A device comprising:'
' a feature vector computing device for computing
feature vectors for a number of segments of a sampled tonal
20 sound signal;
a cross-correlator for comparing the feature vectors
of a first of the number of segments with the feature vectors of
a second of the number of segments to determine a trend of a
movement of a tone of the sampled tonal sound signal; and
25 a word recognizer for using the trend as an input to
determine a word or part of a word of the sampled tonal sound
signal.

8. An article of manufacture having stored thereon data and
30 instructions which, when loaded into a computer, cause the
execution of the steps of:
computing feature vectors for a number of
segments of a sampled tonal sound signal wherein the feature
vectors contain information describing a tonal trend of the
35 sampled tonal sound signal;
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