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PITCH-SYNCHRONOUS SPEECH 
PROCESSING 

STATEMENT OF GOVERNMENT INTEREST 

The invention described herein may be manufactured and 
used by or for the Government for governmental purposes 
Without the payment of any royalty thereon. 

BACKGROUND OF THE INVENTION 

The present invention relates generally to synthetic 
speech systems and more speci?cally to a pitch synchronous 
method of transforming speech into vectors for speech 
processing. 

Signal processing for speech, speaker, or language 
recognition, or for other speech applications, generally con 
sists of a pre-processing step that reduces the speech to a 
series of vectors, on per time interval, Where that interval is 
typically chosen to lie betWeen ?ve and tWenty msec, and 
successive intervals may overlap. The most commonly used 
vector representation is the mel cepstrum, Which is the 
Discrete Fourier Transform (DFT) of the logarithm of the 
non-uniformly loW-pass ?ltered sampled magnitude of the 
spectrum of that speech segment. The non-uniform ?ltering 
and sampling provide roughly constant Q for each channel. 
A typical output vector might have tWenty-eight scalar 
elements. 

The task of processing speech into preprocessing vectors 
is alleviated, to some extent, by the systems disclosed in the 
following US. Patent, the disclosures of Which are incor 
porated herein by reference: 
US. Pat. No. 5,008,941 issued to Sejnoha 
US. Pat. No. 5,148,489 issued to Erell et al 

US. Pat. No. 5,337,301 issued to Rosenberg et al 
US. Pat. No. 5,469,529 issued to Bimbot et al 
US. Pat. No. 5,598,505 issued to Austin et al 

US. Pat. No. 5,727,124 issued to Lee et al 

US. Pat. No. 5,745,872 issued to SonmeZ et al 

US. Pat. No. 5,768,474 issued to Neti 
US. Pat. No. 5,924,065 issued to Eberman 
US. Pat. No. 6,059,602 issued to Stadin 
The Stadin is interesting as it is for a poWered roller 

skating system using speech recognition sensors and syn 
thesiZed speech data processing. 

The best reference is the Eberman patent Which shoWs a 
computerized speech processing system With speech signals 
stored in a vector codebook and processed to produce 
corrected vectors. 

Generally, speech processing includes the folloWing 
steps. In a ?rst step, digitiZed speech signals are partitioned 
into time-aligned portions (frames) Where acoustic features 
can generally be represented by linear predictive coef?cient 
(LPC) “feature” vectors. In a second step, the vectors can be 
cleaned up using environmental acoustic data. That is, 
processes are applied to the vectors representing dirty 
speech signals so that a substantial amount of the noise and 
distortion is removed. The cleaned-up vectors, using statis 
tical comparison methods, more closely resemble similar 
speech produced in a clean environment. Then in a third 
step, the cleaned feature vectors can be presented to a speech 
processing engine Which determines hoW the speech is going 
to be used. Typically, the processing relies on the use of 
statistical models or neural netWorks to analyZe and identify 
speech signal patterns. 

In an alternative approach, the feature vectors remain 
dirty. Instead, the pre-stored statistical models or netWorks 
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2 
Which Will be used to process the speech are modi?ed to 
resemble the characteristics of the feature vectors of dirty 
speech. This Way a mismatch betWeen clean and dirty 
speech, or their representative feature vectors can be 
reduced. 
By applying the compensation on the processes (or speech 

processing engines) themselves, instead on the data, i.e., the 
feature vectors, the speech analysis can be con?gured to 
solve a generaliZed maximum likelihood problem Where the 
maximization is over both the speech signals and the envi 
ronmental parameters. 
The present invention is an alternate method and means 

for performing this ?rst step of transforming speech into a 
standard series of vectors Where each vector represents the 
sampled magnitude of the spectrum of one pitch period for 
voiced speech or one pseudo pitch period for unvoiced 
speech. The subsequent speech processing steps can then be 
performed With these neW vectors as inputs. 

SUMMARY OF THE INVENTION 

The present invention is an alternate method and means 
for performing the ?rst step of transforming speech into a 
standard series of vectors Where each vector represents the 
sampled magnitude of the spectrum of one pitch period for 
voiced speech or one pseudo pitch period for unvoiced 
speech. The subsequent speech processing steps can then be 
performed With these neW vectors as inputs, provided these 
subsequent steps are adapted to the neW vectors With suit 
able training protocols and data. 
The invention involves tWo main steps: 

1. divide the speech into pitch periods, or into pseudo 
pitch periods for unvoiced speech, Where the breaks 
occur, for example, at the ?rst Zero-crossing preceding 
each glottal pulse for voiced speech and at any arbitrary 
point for unvoiced speech, and 

2. compute the log-magnitude of the Discrete Fourier 
Transform (DFT) of each pitch-period Waveform, and 
interpolate each log-magnitude spectrum to a common 
regular grid Which can accommodate the spectrum of a 
Waveform having the longest pitch period anticipated. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is an illustration of a complete speech preprocess 
ing system of the present invention; 

FIG. 2 is a diagram of the pitch estimation component; 
and 

FIG. 3 is a diagram of the output of the pitch period 
segmentor of the present invention. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENT 

The present invention is a speech processing system and 
process for transforming speech into a standard series of 
vectors Where each vector represents the sampled magnitude 
of the spectrum of one pitch period for voiced speech or one 
pseudo pitch period for unvoiced speech. The subsequent 
speech processing steps can then be performed With these 
neW vectors as inputs, provided these subsequent steps are 
adapted to the neW vectors With suitable training protocols 
and data. A block diagram of the proposed process is 
illustrated in FIG. 1. 

The process of FIG. 1 has tWo main steps: 
1. divide the speech into pitch periods, or into pseudo 

pitch periods for unvoiced speech, Where the breaks 
occur, for example, at the ?rst Zero-crossing preceding 



US H2172 H 
3 

each glottal pulse for voiced speech and at any arbitrary 
point for unvoiced speech, and 

2. compute the log-magnitude of the Discrete Fourier 
Transform (DFT) of each pitch-period Waveform, and 
interpolate each log-magnitude spectrum to a common 
regular grid Which can accommodate the spectrum of a 
Waveform having the longest pitch period anticipated. 

The process of FIG. 1 begins as acoustic data is processed 
for silence detection 100 to determine Which part of the data 
stream has speech or silence. The speech sequence is con 
verted into a stream of WindoWs of LW speech samples each. 
The length LW should be comparable to the duration of a 
syllable. A given WindoW is said to contain speech if its 
average poWer exceeds a suitably chosen threshold POWi 
TH and is otherWise classi?ed as silence, e.g. POWiTH 
may equal the noise variance per sample. 

Once the portion of the data stream containing speech is 
?agged the pitch estimator 200 can process the ?agged data 
stream. 

The pitch estimation component is illustrated in FIG. 2. 
The input data used to estimate the pitch is the stream of 
classi?ed speech/silence WindoWs, and the minimum and 
maximum anticipated pitch period, PiMlN and PiMAX 
respectively. Aregister of length K=[2PiMAX/LW] LWl is 
sequentially ?lled With samples from a contiguous sequence 
of WindoWs containing speech until the capacity of the buffer 
is reached or a silence WindoW is found on the input stream. 
Then the following operations are performed on the 
retrieved speech segment: 

1. The N-point DFT of the speech segment is computed 
With 

logK +1 

2 

and the square-magnitude of each transform coef?cient 
is computed to yield a poWer spectrum. 

2. The frequencies at Which the poWer spectrum has local 
maxima are determined. 

3. A locally normaliZed spectral envelope is computed by 
dividing the value of the poWer spectrum at each peak 
by the geometric mean of the tWo adjacent peaks. For 
the ?rst and last peaks the poWer spectrum is normal 
iZed by the value of the single adjacent peak. 

4. If there are no frequencies at Which the normaliZed 
spectral envelope is greater than ten, the speech seg 
ment is declared to be unvoiced; otherWise it is 
declared to be voiced. 

5. For unvoiced speech segments the pitch is set to the 
default pitch PiDEF. 

6. For voiced speech segments a primary pitch estimate is 
extracted from the normaliZed spectral envelope using 
the folloWing heuristic. If there are feWer than ?ve 
normaliZed spectral peaks Which exceed a threshold of 
ten, then the loWest frequency in that set of spectral 
values yields the primary pitch estimate. Alternatively, 
if there are ?ve or more normaliZed spectral peaks 
greater than ten, one ?rst ?nds the maximum normal 
iZed spectral peak from the set of frequencies Which are 
loWer than the loWest frequency satisfying the thresh 
old condition. If such a maximum exists and is greater 
than ?ve and occurs at a frequency Which is Within 
tWenty percent of half the loWer frequency at Which the 
normaliZed spectrum is greater than ten, then the loWer 
of the tWo frequencies gives the primary pitch estimate, 
otherWise the higher of the tWo frequencies is used as 
the primary pitch estimate. 
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4 
7. If the current and previous speech segments are not 

separated by silence and they Were both declared as 
voiced, a secondary pitch estimate for the current 
segment is computed. First the means and standard 
deviation of the ensemble of pitch period lengths of the 
previous speech segment are computed. If the standard 
deviation is less than ten percent of the mean and the 
mean is less than PiMAX, then the mean pitch period 
length for the previous segment is used as the second 
ary pitch estimate for the current speech segment. 

8. The ?nal pitch estimate piest for voiced speech 
segments is obtained as folloWs. If only the primary 
pitch estimate is available, it is used as the ?nal 
estimate. When the secondary pitch estimate is also 
available the ratio of the primary estimate to the 
secondary estimate determines Which of the tWo esti 
mates is used as the ?nal estimate. If the ratio is less 
than 1.3 and greater than 0.7, the primary estimate is 
used; otherWise the secondary estimate is used. 

The speech segments are segmented further into pitch 
periods as folloWs. 

1. If the current speech segment is starting and the current 
and previous speech segments are separated by silence, 
?nd the maximum peak of the speech Waveform in the 
time interval of duration PiMAX starting at the begin 
ning of the current speech segment. OtherWise, ?nd the 
maximum peak Within the time interval starting 0.7*pi 
est time units ahead of the last located peak and ending 
1.3*piest time units ahead of the last located peak. 
Let simax and timax be the value and the time index 
of the located maximum, respectively. 

. Find the minimum value of the speech Waveform in the 
time interval of duration piest/2 ending at timax. 
Let sf min be the value of the located minimum. 

. Position the time cursor at timax. 

. Move back along the time axis until a peak is found 
Which lies above a line of slope 0.5*(simax—simin)/ 
piest passing through the current peak and is con 
tained in the time interval of length 0.3*piest ending 
at timax. 

. Repeat step 4 until another peak satisfying the speci?ed 
conditions is not found. Let tip be the time index of the 
last located peak. 

6. If the current speech segment is declared as unvoiced, 
the start of the current pseudo pitch period is the 
minimum of tip and the start of the previous pitch 
period (pseudo pitch period) plus PiMAX if there is a 
preceding pitch period (pseudo pitch period), or the 
maximum of tip and the start of the current speech 
segment if the current pseudo pitch period is the ?rst 
one in the current speech segment if the current pseudo 
pitch period is the ?rst one in the current speech 
segment and the current and previous speech segments 
are separated by silence. 

TABLE 1 

parameter values used to generate the example discussed below. 
The symbol denotes rounding to the nearest integer. The 

sampling rate Was Fis = 48000 samples sec. 

Parameter Value 

POWLTH 1000 
LW [16 * Isis/1000] 
PiMIN [1.4 * Isis/1000] 
PLMAX [25 * Isis/1000] 
PLDEF [6 * Isis/1000] 
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7. If the current speech segment is declared as voiced the 
following rules are used to determine the start of the 
current pitch period. 
(a) If the current and previous speech segments are 

separated by silence and the current pitch period is 
the ?rst one in the current speech segment, the start 
of the current pitch period is the maximum of the 
Zero-crossing preceding tip and the start of the 
current speech segment. If there is no Zero-crossing, 
the start of the current pitch period is the start of the 
current speech segment. 

(b) If the current and previous speech segments are 
adjacent in time and there is a Zero-crossing betWeen 
tip and the start of the previous pitch period, the 
start of the current pitch period is the minimum of 
trhe Zero-crossing immediately preceding tip and 
the start of the previous pitch period plus PiMAX. 
If there is no Zero-crossing betWeen tip and the start 
of the previous pitch period, the start of the current 
pitch period is the start of the previous pitch period 
plus piest. 

This procedure is repeated until the end of the current 
speech segment is reached. FIG. 3 shoWs the segmentation 
into pitch periods and pseudo pitch periods of a speech 
segment 100 msec long, Where the breaks are indicated by 
asterisks. 

For each pitch period or pseudo pitch period the N-point 
DFT is computed With N equal to the length of the period in 
question and the log-magnitude of each transform coef?cient 
is computed. Finally, each log-magnitude spectrum is lin 
early interpolated to a common regular grid With frequency 
resolution l/PiMAX. 
One example of the invention illustrated the pitch 

synchronous spectral representation of the sentence “The 
little blankets lay around on the ?oor.” as delivered by a 
female speaker. The speech Was sampled at a rate of Fis= 
48000 samples/ sec With 16-bit resolution. The values of the 
parameters used to generate this example are listed in Table 
1. 
While the invention has been described in its presently 

preferred embodiment it is understood that the Words Which 
have been used are Words of description rather than Words 
of limitation and that changes Within the purvieW of the 
appended claims may be made Without departing from the 
scope and spirit of the invention in its broader aspects. 
What is claimed is: 
1. A pitch-synchronous speech processing method for 

converting an acoustic data stream that contains periods of 
speech and periods of silence into a series of vectors that 
constitute a vector representation of the speech the proves 
comprising the steps of: 

dividing the speech into pitch periods, or into pseudo 
pitch periods for unvoiced speed, Where breaks occur, 
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6 
for example, at a ?rst Zero-crossing preceding each 
glottal pulse for voiced speech and at any arbitrary 
point for unvoiced speech, and 

computing log-magnitude of the Discrete Fourier Trans 
form (DFT) of each pitch-period Waveform, and inter 
polate each log-magnitude spectrum to a common 
regular grid Which can accommodate a spectrum of a 
Waveform have a pitch period. 

2. A method as de?ned in claim 1, Wherein said dividing 
step further comprises: 

a silence detection subset in Which periods of speech in 
the acoustic data stream are ?agged With a speech 
identi?er ?ag, and Wherein the periods of silence in the 
acoustic data stream are ?agged With a silence identi?er 
?ag. 

3. A method as de?ned in claim 2, Wherein said dividing 
step further comprises a pitch estimation substep in Which 
samples of the acoustic data stream are taken and used to 
estimate pitch in the periods of speech identi?ed With a 
speech identi?er ?ag, and not in the periods of silence 
identi?ed by a silence identi?er ?ag, the pitch estimation 
substep outputting thereby a set of pitch estimates. 

4. A method as de?ned in claim 3, Wherein said dividing 
step further comprises a pitch period segmentor substep in 
Which the acoustic data stream, pitch estimate, speech 
identi?er ?ags and silence identi?er ?agger are used to 
compute measurements of pitch period lengths and pitch 
period Waveforms in the acoustic data stream. 

5. A method as identi?ed in claim 4, Wherein said com 
puting step further comprises: 

a Fourier transform substep Which produces output sig 
nals by performing Fourier transforms on the pitch 
period Waveforms and outputting said Fourier trans 
forms and pitch period lengths. 

6. Amethod as de?ned in claim 5 Wherein said computing 
step further comprises: 

a log-magnitude computing step Which operates on the 
output signals of the Fourier transform substep to 
output thereby a log-magnitude spectra of the acoustic 
data stream. 

7. Amethod as de?ned in claim 6 Wherein said computing 
step further comprises and interpolator substep Which pro 
duces an output by interpolating the log-magnitude spectra 
of the acoustic data stream With the pitch period lengths of 
the acoustic data stream, the output signals of the interpo 
lator step being the series of vectors of the acoustic data 
thereon de?ned as a set of interpolated log-magnitude spec 
tra values. 


