
EP 0 259 950 B1 Description Technical Field Our invention relates to speech
processing, and more particularly to digital speech coding and decoding
arrangements directed to the replication of speech, utilizing a sinusoidal
model for the voiced portion of the speech, using only the fundamental
frequency and a subset of harmonics from the analyzer section of the
vocoder and an excited linear predictive coding filter for the unvoiced
portion of the speech. 70  Problem Digital speech communication systems
including voice storage and voice response facilities utilize signal
compression to reduce the bit rate needed for storage and/or transmission.
One known digital speech encoding scheme is disclosed in the article by R.
J. McAulay, et al., "Magnitude-Only Reconstruction Using 15  a Sinusoidal
Speech Model", Proceedings of IEEE International Conference on Acoustics,
Speech, and Signal Processing, 1984, Vol. 2, p. 27.6.1-27.6.4 (San Diego,
U.S.A.). This article discloses the use of a sinusoidal speech model for
encoding and decoding of both voiced and unvoiced portions of speech. The
speech waveform is analyzed in the analyzer portion of a vocoder by
modeling the speech waveform as a sum of sine waves. This sum of sine waves
comprises the fundamental and the harmonics of the speech 20  wave and is
expressed as [err]  (1) The terms [err] and [err] are the time varying
amplitude and phase of the speech waveform, respectively, at 25  any given
point in time. The voice processing function is performed by determining
the amplitudes and the phases in the analyzer portion and transmitting
these values to a synthesizer portion which reconstructs the speech
waveform using equation 1. The McAulay article discloses the determination
of the amplitudes and the phases for all of the harmonics by the analyzer
portion of the vocoder and the subsequent transmission of this information
to the 30  synthesizer section of the vocoder. By utilizing the fact that
the phase is the integral of the instantaneous frequency, the synthesizer
section determines from the fundamental and the harmonic frequencies the
corresponding phases. The analyzer determines these frequencies from the
fast Fourier transform, FFT, spectrum since they appear as peaks within
this spectrum by doing simple peak-picking to determine the frequencies and
amplitudes of the fundamental and the harmonics. Once the analyzer has
determined the 35 fundamental and all harmonic frequencies plus amplitudes,
the analyzer transmits that information to the synthesizer. Since the
fundamental and all of the harmonic frequencies plus amplitudes are being
transmitted, a problem exists in that a large number of bits per second is
required to convey this information from the analyzer to the synthesizer.
In addition, since the frequencies and amplitudes are being directly
determined 40  solely from peaks within the resulting spectrum, another
problem exists in that the FFT calculations performed must be very accurate
to allow detection of these peaks resulting in extensive computation.
Solution 45     The present invention solves the above described problem
and deficiencies of the prior art and a technical advance is achieved by
provision of a method and structural embodiment in which voice analysis and
synthesis is facilitated by determining only the fundamental and a subset
of harmonic frequencies in an analyzer and by replicating the speech in a
synthesizer by using a sinusoidal model for the voiced portion of speech.
This model is constructed using the fundamental and the subset of harmonic
frequencies with 50  the remaining harmonic frequencies being determined
from the fundamental frequency using computations that give a variance from
the theoretical harmonic frequencies. The amplitudes for the fundamental
and harmonics are not directly transmitted from the analyzer to the
synthesizer; rather, the amplitudes are determined at the synthesizer from
the linear predictive coding, LPC, coefficients and the frame energy
received from the analyzer. This results in significantly fewer bits being
required to transmit information for 55  reconstructing the amplitudes than
the direct transmission of the amplitudes. In order to reduce computation,
the analyzer determines the fundamental and harmonic frequencies from the
FFT spectrum by finding the peaks and then doing an interpolation to more
precisely determine where the peak would occur within the spectrum. This
allows the frequency resolution of the FFT 3   



EP 0 259 950 B1 calculations to remain low. Advantageously, for each voiced
speech frame the synthesizer is responsive to encoded information that
consists of frame energy, a set of speech parameters, the fundamental
frequency, and offset signals representing the difference between each
theoretical harmonic frequency as derived from the fundamental 5  frequency
and a subset of actual harmonic frequencies. The synthesizer is responsive
to the offset signals and the fundamental frequency signal to calculate a
subset of the harmonic phase signals corresponding to the offset signals
and further responsive to the fundamental frequency for computing the
remaining harmonic phase signals. The synthesizer is responsive to the
frame energy and the set of speech 10   parameters to determine the
amplitudes of the fundamental signal, the subset of harmonic phase signals,
and the remaining harmonic phase signals. The synthesizer then replicates
the speech in response to the fundamental signal and the harmonic phase
signals and the amplitudes of these signals. Advantageously, the
synthesizer computes the remaining harmonic frequency signals in one
embodi- ment by multiplying the harmonic number times the fundamental
frequency and then varying the resulting frequencies to calculate the
remaining harmonic phase signals. Advantageously, in a second embodiment,
the synthesizer generates the remaining harmonic frequency signals by first
determining the theoretical harmonic frequency signals by multiplying the
harmonic number times the fundamental frequency signal. The synthesizer
then groups the theoretical harmonic frequency signals corresponding to the
remaining harmonic frequency signals into a plurality of subsets each
having the same number of harmonics as the original subsets of harmonic
phase signals and then adds each of the offset signals to the corresponding
remaining theoretical frequency signals of each of the plurality of subsets
to generate varied remaining harmonic frequency signals. The synthesizer
then utilizes the varied remaining harmonic frequency signals to calculate
the remaining harmonic phase signals. Advantageously, in a third
embodiment, the synthesizer computes the remaining harmonic frequency
signals similar to the second embodiment with the exception that the order
of the offset signals is permuted 25  before these signals are added to the
theoretical harmonic frequency signals to generate varied remaining
harmonic frequency signals. In addition, the synthesizer determines the
amplitudes for the fundamental frequency signals and the harmonic frequency
signals by calculating the unscaled energy of each of the harmonic
frequency signals from the set of speech parameters for each frame and sums
these unscaled energies for all of the harmonic 30 frequency signals. The
synthesizer then uses the harmonic energy for each of the harmonic signals,
the summed unscaled energy, and the frame energy to compute the amplitudes
of each of the harmonic phase signals. To improve the quality of the
reproduced speech, the fundamental frequency signal and the computed
harmonic frequency signals are considered to represent a single sample in
the middle of the speech frame; 35 and the synthesizer uses interpolation
to produce continuous samples throughout the speech frame for both the
fundamental and harmonic frequency signals. A similar interpolation is
performed for the amplitudes of both the fundamental and harmonic
frequencies. If the adjacent frame is an unvoiced frame, then the frequency
of both the fundamental and the harmonic signals are assumed to be constant
from the middle of the voiced frame to the unvoiced frame whereas the
amplitudes are assumed to be "O" at the boundary 40  between the unvoiced
and voiced frames. Advantageously, the encoding for frames which are
unvoiced includes a set of speech parameters, multipulse excitation
information, and an excitation type signal plus the fundamental frequency
signal. The synthesizer is responsive to an unvoiced frame that is
indicated to be noise-like excitation by the excitation type signal to
synthesize speech by exciting a filter defined by the set of speech
parameters with noise-like 45 excitation. Further, the synthesizer is
responsive to the excitation type signal indicating multipulse to use the
multipulse excitation information to excite a filter constructed from the
set of speech parameters signals. In addition, when a transition is made
from a voiced to an unvoiced frame the set of speech parameters from the
voice frame is initially used to set up the filter that is utilized with
the designated excitation information during the unvoiced region. 50 Brief
Description of the Drawing FIG. I illustrates, in block diagram form, a
voice analyzer in accordance with this invention; 



FIG. 2 illustrates, in block diagram form, a voice synthesizer in
accordance with this invention; 65  FIG. 3 illustrates a packet containing
information for replicating speech during voiced regions; FIG. 4
illustrates a packet containing information for replicating speech during
unvoiced regions utilizing noise excitation; FIG. 5 illustrates a packet
containing information for replicating voice during unvoiced regions
utilizing 4    EP 0 259 950 B1 pulse excitation; FIG. 6 illustrates the
manner in which voice frame segmenter 141 of FIG. I overlaps speech frames
with segments; FIG. 7 illustrates, in graph form, the interpolation
performed by the synthesizer of FIG. 2 for the 5    fundamental and
harmonic frequencies; FIG. 8 illustrates, in graph form, the interpolation
performed by the synthesizer of FIG. 2 for amplitudes of the fundamental
and harmonic frequencies; FIG. 9 illustrates a digital signal processor
implementation of FIG. I and 2; FIGS. 10 through 13 illustrate, in
flowchart form, a program for controlling signal processor 903 of FIG. 9 70
to allow implementation of the analyzer circuit of FIG. I; FIGS. 14 through
19 illustrate, in flowchart form, a program to control the execution of
digital signal processor 903 of FIG. 9 to allow implementation of the
synthesizer of FIG. 2 and FIGS. 20, 21, and 22 illustrate, in flowchart
form, other program routines to control the execution of digital signal
processor 903 of FIG 9 to allow the implementation of high harmonic
frequency calculator 211 of 15    FIG. 2. Detailed Description FIGS. I and
2 show an illustrative speech analyzer and speech synthesizer,
respectively, which are the 20  focus of this invention. Speech analyzer
100 of FIG. I is responsive to analog speech signals received via path 120
to encode these signals at a low-bit rate for transmission to synthesizer
200 of FIG. 2 via channel 139. Advantageously, channel 139 may be a
communication transmission path or may be storage media so that voice
synthesis may be provided for various applications requiring synthesized
voice at a later point in time. Analyzer 100 encodes the voice received via
channel 120 utilizing three different encoding techniques. 26  During
voiced regions of speech, analyzer 100 encodes information that will allow
synthesizer 200 to perform a sinusoidal modeling and reproduction of the
speech. A region is classified as voiced if a fundamental frequency is
imparted to the air stream by the vocal cords. During unvoiced regions,
analyzer 100 encodes information that allows the speech to be replicated in
synthesizer 200 by driving a linear predictive coding, LPC, filter with
appropriate excitation. The type of excitation is determined by analyzer 30
100 for each unvoiced frame. Multipulse excitation is encoded and
transmitted to synthesizer 200 by analyzer 100 during unvoiced regions that
contain plosive consonants and transitions between voiced and unvoiced
speech regions which are, nevertheless, classified as unvoiced. If
multipulse excitation is not encoded for an unvoiced frame, then analyzer
100 transmits to synthesizer 200 a signal indicating that white noise
excitation is to be used to drive the LPC filter. 35  The overall operation
of analyzer 100 is now described in greater detail. Analyzer 100 processes
the digital samples received from analog-to-digital converter 101 in terms
of frames, segmented by frame segmenter 102 and with each frame
advantageously consisting of 180 samples. The determination of whether a
frame is voiced or unvoiced is made in the following manner. LPC calculator
III is responsive to the digitized samples of a frame to produce LPC
coefficients that model the human vocal tract and residual 40  signal. The
formation of these latter coefficients and energy may be performed
according to the arrange- ment disclosed in U. S. Patent 3,740,476 and
assigned to the same. assignees as this application, or in other
arrangements well known in the art. Pitch detector 109 is responsive to the
residual signal received via path 122 and the speech samples receive via
path 121 from frame segmenter block 102 to determine whether the frame is
voiced or unvoiced. If pitch detector 109 determines that a frame is
voiced, then blocks 141 45 through 147 perform a sinusoidal encoding of the
frame. However, if the decision is made that the frame is unvoiced, then
noise/multipulse decision block 112 determines whether noise excitation or
multipulse 



excitation is to be utilized by synthesizer 200 to excite the filter
defined by the LPC coefficients that are also calculated by LPC calculator
block 111. If noise excitation is to be used, then this fact is transmitted
via parameter encoding block 113 to synthesizer 200. However, if multipulse
excitation is to be used, block 110 50 determines a pulse train location
and amplitudes and transmits this information via paths 128 and 129 to
parameter encoding block 113 for subsequent transmission to synthesizer 200
of FIG. 2. If the communication channel between analyzer 100 and
synthesizer 200 is implemented using packets, than  a packet transmitted
for a voiced  frame is illustrated  in FIG. 3, a  packet transmitted
during  the unvoiced frame utilizing white noise excitation is illustrated
in FIG. 4, and  a packet transmitted during an 55  unvoiced frame utilizing
multipulse excitation is illustrated in FIG. 5. Consider now the operation
of analyzer 100 in greater detail for unvoiced frames. Once pitch detector
109 has signaled via path 130 that the frame is unvoiced, noise/multipulse
decision  block 112 is responsive to this signal to determine whether noise
or multipulse excitation is to be utilized. If multipulse excitation is 5
EP 0 259 950 B1 utilized, the signal indicating this fact is transmitted to
multipulse analyzer block 110 via path 124. The latter nalyzer is
responsive to that signal on path 124 and two sets of pulses transmitted
via paths 125 and 126 from pitch detector 109. Multipulse analyzer block
110 transmits the locations of the selected pulses along with the amplitude
of the selected pulses to parameter encoder 113. The latter encoder is also
responsive to 5  the LPC coefficients received via path 123 from LPC
calculator III to form the packet illustrated in FIG. 5. If
noise/multipulse decision block 112 determines that noise excitation is to
be utilized, it indicates this fact by transmitting a signal via path 124
to parameter encoder 113. The latter encoder is responsive to this signal
to form the packet illustrated in FIG. 4 utilizing the LPC coefficients
from block III and the gain as calculated from the residue signal by block
115. 10     Consider now in greater detail the operation of analyzer 100
during a voiced frame. During such a frame, FIG. 3 illustrates the
information that is transmitted from analyzer 100 to synthesizer 200. The
LPC coefficients are generated by LPC calculator III and transmitted via
path 123 to parameter encoder 113; and the indication of the fact that the
frame is voiced is transmitted from pitch detector 109 via path 130. The
fundamental frequency of the voiced region which is transmitted as a pitch
period via path 131 by pitch 15  detector 109. Parameter encoder 113 is
responsive to the period to convert it to the fundamental frequency before
transmission on channel 139. The total energy of speech within frame, eo,
is calculated by energy calculator 103. The latter calculator generates eo
by taking the square root of the summation of the digital samples squared.
The digital samples are received from frame segmenter 102 via path 121, and
energy calculator 103 transmits the resulting calculated energy via path
135 to parameter encoder 113. Each frame, such as frame A illustrated in
FIG. 6, consists of advantageously 180 samples. Voice frame segmenter 141
is responsive to the digital samples from analog-to-digital converter 101
to extract segments of data samples with each segment overlapping a frame
as illustrated in FIG. 6 by segment A and frame A. A segment may
advantageously comprise 256 samples. The purpose of overlapping the frames
before performing the sinusoidal analysis is to provide more information at
the endpoints of the frames. Down 26  sampler 142 is responsive to the
output of voiced frame segmenter 141 to select every other sample of the
256 sample segment, resulting in a group of samples having advantageously
128 samples. The purpose of this down sampling is to reduce the complexity
of the calculations which are performed by blocks 143 and 144. Hamming
window block 143 is responsive to data from block 142, [err] to perform the
windowing operation 30 as given by the following equation: [err] 35  The
purpose of the windowing operation is to eliminate disjointness at the end
points of a frame and to improve spectral resolution. After the windowing
operation has been performed, block 144 first pads zeros to the resulting
samples from block 143. Advantageously, this padding results in a new
sequence of 256 data points as defined in the following equation: 40 [err] 



Next, block 144 performs the discrete Fourier transform, which is defined
by the following equation: 45 255 [err] 50    where [err] is the nth point
ofthe padded sequence [err]. The evaluation of equation 4 is done using
fast Fourier transform method. After performing the FFT calculations, block
144 then obtains the spectrum, [err] by calculating the magnitude squared
of each complex frequency data point resulting from the calculation
performed in equation 4; and this operation is defined by the following
equation: [err] where * indicates complex conjugate. Harmonic peak locator
145 is responsive to the pitch period calculated by pitch detector 109 and
the    EP 0 259 950 B1 spectrum calculated by block 144 to determine the
peaks within the spectrum that correspond to the first five harmonics after
the fundamental frequency. This searching is done by utilizing the
theoretical harmonic frequency which is the harmonic number times the
fundamental frequency as a starting point in the spectrum and then climbing
the slope to the highest sample within a predefined distance from the 5
theoretical harmonic. Since the spectrum is based on a limited number of
data samples, harmonic interpolator 146 performs a second order
interpolation around the harmonic peaks determined by harmonic peak locator
145. This adjusts the value determined for the harmonic so that it more
closely represents the correct value. The following equation defines this
second order interpolation used for each harmonic: 10 [err] 15     where M
is equal to 256. S(q) is the sample point closer to the located peak, and
the harmonic frequency equals Pk times the sampling frequency. Harmonic
calculator 147 is responsive to the adjusted harmonic frequencies and the
pitch to determine the offsets between the theoretical harmonics and the
calculated harmonic peaks. These offsets are then 20  transmitted to
parameter encoder 113 for subsequent transmission to synthesizer 200.
Synthesizer 200 is illustrated in FIG. 2 and is responsive to the vocal
tract model and excitation information or sinusoidal information received
via channel 139 to produce a replica of the original analog speech that has
been encoded by analyzer 100 of FIG. 1. If the received information
specifies that the frame is voiced, blocks 211 through 214 perform the
sinusoidal synthesis to recreate the original voiced frame 25 information
in accordance with equation I and this reconstructed speech is then
transferred via selector 206 to digital-to-analog converter 208 which
converts the received digital information to an analog signal. If the
encoded information received is designated as unvoiced, then either noise
excitation or multipulse excitation is used to drive synthesis filter 207.
The noise/multipulse, N/M, signal transmitted via path 227 determines
whether noise or multipulse excitation is utilized and also operates
selector 205 to transmit the 30  output of the designated generator 203 or
204 to synthesis filter 207. Synthesis filter 207 utilizes the LPC
coefficients in order to model the vocal tract. In addition, if the
unvoiced frame is the first frame of an unvoiced region, then the LPC
coefficients from the subsequent voiced frame are obtained by path 225 and
are utilized to initialize synthesis filter 207. Consider further the
operations performed upon receipt of a voiced frame. After a voiced
information 35  packet has been received, as illustrated in FIG. 3, channel
decoder 201 transmits the fundamental frequency (pitch) via path 221 and
harmonic frequency offset information via path 222 to low harmonic
frequency calculator 212 and to high harmonic frequency calculator 211. The
speech frame energy, eo, and the LPC coefficients are transmitted to
harmonic amplitude calculator 213 via paths 220 and 216, respectively. The
voiced/unvoiced, V/U, signal is transmitted to harmonic frequency
calculators 211 and 212. The V/U signal 40  being equal to a "I" indicates
that the frame is voiced. Low harmonic frequency calculator 212 is
responsive to the V/U equaling a "I" to calculate the first five harmonic
frequencies in response to the fundamental frequency and harmonic frequency
offset information. The latter calculator then transfers the first five 



harmonic frequencies to blocks 213 and 214 via path 223. High harmonic
frequency calculator 211 is responsive to the fundamental frequency and the
V/U signal to 45 generate the remaining harmonic frequencies of the frame
and to transmit these harmonic frequencies to blocks 213 and 214 via path
229. Harmonic amplitude calculator 213 is responsive to the harmonic
frequencies from calculators 212 and 211, the frame energy information
received via path 220, and the LPC coefficients received via path 216 to
calculate the amplitudes of the harmonic frequencies. Sinusoidal generator
214 is responsive to the 50 frequency information received from calculators
211 and 212 to determine the harmonic phase information and then use this
phase Information and the harmonic amplitudes received from calculator 213
to perform the calculations indicated by equation 1. If channel decoder 201
receives a noise excitation packet such as illustrated in FIG. 4, channel
decoder 201 transmits a signal, via path 227, causing selector 205 to
select the output of white noise generator 203 55 and a signal, via path
215, causing selector 206 to select the output of synthesis filter 207. In
addition, channel decoder 201 transmits the gain to white noise generator
203 via path 228. The gain is generated by gain calculator 115 of analyzer
100 as illustrated in FIG. 1. Synthesis filter 207 is responsive to the LPC
coefficients received from channel decoder 201 via path 216 and the output
of white noise generator 203 7    EP 0 259 950 B1 eceived via selector 205
to produce digital samples of speech. If channel decoder 201 receives from
channel 139 a pulse excitation packet, as illustrated in FIG. 5, the latter
decoder transmits the locations and amplitudes of the received pulses to
pulse generator 204 via path 210. In addition, channel decoder 201
conditions selector 205 via path 227, to select the output of pulse 5
generator 204 and transfer this output to synthesis filter 207. Synthesis
filter 207 and digital-to-analog converter 208 then reproduce the speech.
Converter 208 has a self-contained low-pass filter at the output of the
converter. Consider now in greater detail the operations of blocks 211,
212, 213, and 214 in performing the sinusoidal synthesis of voiced frames.
Low harmonic frequency calculator 212 is responsive to the fundamental lo
frequency, Fr, received via path 221 to determine a subset of harmonic
frequencies which advantageously is 5 by utilizing the harmonic offsets,
ho,, received via path 222. The theoretical harmonic frequency, [err] is
obtained by simply multiplying the order of the harmonic times the
fundamental frequency. The following equation defines the ith harmonic
frequency for each of the harmonics. [err] where fr is the frequency
resolution between spectral sample points,. Calculator 211 is responsive to
the fundamental frequency, Fr, to generate the harmonic frequencies, 20
hf,,where [err] by using the following equation: [err] where h is maximum
number of harmonics in the present frame. 25   An alternative embodiment of
calculator 211 is responsive to the fundamental frequency to generate the
harmonic frequencies greater than the 5th harmonic using the equation:
[err] so  where h is maximum number of harmonics and a is the frequency
resolution allowed in the synthesizer. Advantageously, variable a can be
chosen to be 2Hz. The integer number n for the ith frequency is found by
minimizing the expression [err] where iFr represents the ith theoretical
harmonic frequency. Thus, a varying pattern of small offsets is generated.
Another embodiment of calculator 211 is responsive to the fundamental
frequency and the offsets for advantageously the first 5 harmonic
frequencies to generate the harmonic frequencies greater than 40
advantageously the 5th harmonic by adding the offsets to the theoretical
harmonic frequencies for the remaining harmonics by grouping the remaining
harmonics in groups of five and adding the offsets to those groups. The
groups are  [err] etc. where advantageously [err] = 5. The following 



equation defines this embodiment for a group of harmonics indexed from
[err] through [err] [err] 50 where m is an integer. The permutations can be
a function of the variable m (the group index). Note that in general, the
last group will not be complete if the number of harmonics is not a
multiple of [err]. The permutations could be either randomly,
deterministically, or heuristically defined for each speech frame using
well known techniques. Calculators 211 and 212 produce one value for the
fundamental frequency and each of the harmonic 55 frequencies. This value
is assumed to be located in the center of a speech frame that is being
synthesized. The remaining per-sample frequencies for each sample in the
frame are obtained by linearly interpolating between the frequencies of
adjacent voiced frames or predetermined boundary conditions for adjacent
unvoiced frames. This interpolation is performed in sinusoidal generator
214 and is described in subsequent 8    EP 0259 950 B1 paragraphs. Harmonic
amplitude calculator 213 is responsive to the frequencies calculated by
calculators 211 and 212, the LPC coefficients received via path 216, and
the frame energy, eo, received via path 220 to calculate the harmonic
amplitudes. The LPC reflection coefficients for each voiced frame define an
acoustic tube model 5 representing the vocal tract during each frame. The
relative harmonic amplitudes can be determined from this information.
However, since the LPC coefficients are modeling the structure of the vocal
tract they do not contain information with respect to the amount of energy
at each of these harmonic frequencies. This information is determined by
calculator 213 using the frame energy received via path 220. For each
frame, calculator 213 calculates the harmonic amplitudes which, like the
frequency calculations, assumes that this 10 amplitude is located in the
center of the frame. Linear interpolation is then used to determine the
remaining amplitudes throughout the frame by using amplitude information
from adjacent voiced frames or predeter- mined boundary conditions for
adjacent unvoiced frames. These amplitudes can be found by recognizing that
the vocal tract can be described by an all-pole filter, 15 [err] By
definition, the coefficient [err] equals I. The coefficients   [err]
necessary to describe the all-pole filter can be obtained from the
reflection coefficients received via path 216 by using the recursive
step-up procedure described in Markel, J. D., and Gray, Jr., A. H., Linear
Prediction of Speech, Springer-Berlag, 30 New York, New York, 1976. The
filter described in equations 11 and 12 is used to compute the amplitudes
of the harmonic components for each frame in the following manner. Let the
harmonic amplitudes to be computed be designated as [err] where h is the
number of harmonics. An unscaled harmonic contribution value, [err] can be
obtained for each harmonic frequency, [err] by [err] 40 where sr is the
sampling rate. The total unscaled energy of all harmonics, E, can be
obtained by h 45 [err] By assuming that 50 [err] 55 it follows that the ith
scaled harmonic amplitude, ha,, can be computed by 9   



EP 0 259 950 B1 [err] where eo is the transmitted speech frame energy
calculated by analyzer 100. Now consider how sinusoidal generator 214
utilizes the information received from calculators 211, 212, and 213 to
perform the calculations indicated by equation 1. For a given frame,
calculators 211, 212, and 213 provide to generator 214 a single frequency
and amplitude for each harmonic in that frame. Generator 214 10  performs
the linear interpolation for both the frequencies and amplitudes and
converts the frequency information to phase information so as to have
phases and amplitudes for each sample point throughout the frame. The
linear interpolation is performed in the following manner. FIG. 7
illustrates 5 speech frames and the linear interpolation that is performed
for the fundamental frequency which is also considered to be the 0th
harmonic frequency. For the other harmonics, there would be a similar
representation. In general, there are three boundary conditions that can
exist for a voiced frame. First, the voiced frame can have a preceding
unvoiced frame and a subsequent voiced frame. Second, the voiced frame can
be surrounded by other voiced frames. Third, the voiced frame can have a
preceding voice frame and a subsequent unvoiced frame. As illustrated in
FIG. 7, frame c, points 701 through 703, represent the first condition; and
the 20   frequency hfi is assumed to be constant from the beginning of the
frame which is defined by 701. For the fundamental frequency, i is equal to
0. The c refers to the fact that this is the c frame. Frame b, which is
after frame c and defined by points 703 through 705, represents the second
case; and linear interpolation is performed between points 702 and 704
utilizing frequencies [err] and [err] which occur at points 702 and 704,
respectively. The third condition is represented by frame a which extends
from points 705 through 707, and 25 the frame following frame a is an
unvoiced frame, points 707 to 708. In this situation the harmonic
frequencies [err] are constant to the end of frame a at point 707. FIG. 8
illustrates the interpolation of amplitudes. For consecutive voiced frames
such as defined by frames c and b, the interpolation is identical to that
performed with respect to the frequencies. However, when the previous frame
is unvoiced, such as is the relationship of frame c to frame 800 through
801, then 30; the start of the frame is assumed to have 0 amplitude as
illustrated at the point 801. Similarly, if a voiced frame is followed by
an unvoiced frame, such as illustrated by frame a and frame 807 and 808,
then the end point, such as point 807, is assumed to have 0 amplitude.
Generator 214 performs the above described interpolation using the
following equations. The per-sample phases of the nth sample, where [err]
is the per-sample phase of the ith harmonic, are defined by 2 W [err] 40
where sr is the output sample rate. It is only necessary to know the
per-sample frequencies, [err] to solve for the phases and these per-sample
frequencies are found by doing interpolation. The linear interpolation of
frequencies for voiced frame with adjacent voiced frames such as frame b of
FIG. 7 is defined by [err] 55  where [err] is the minimum number of
harmonics in either adjacent frame. The transition from an unvoiced to a
voiced frame, such as frame c, is handled by determining the per-sample
harmonic frequency by 10    EP 0 259 950 B1 [err] The transition from a
voiced frame to an unvoiced frame, such as frame a, is handled by
determining 5 per-sample harmonic frequencies by [err] 10  If [err]
represents the minimum number of harmonics in either of two adjacent
frames, then, for the case where frame b has more harmonics than frame c,
equation 20 is used to calculate the per-sample harmonic frequencies for
harmonics greater than [err]. If frame b has more harmonics than frame a,
equation 21 is used to calculate the per-sample harmonics frequency for
harmonics greater than [err] The per-sample harmonic amplitudes, [err] can
be determined from [err] in a similar manner as defined 



15 by the following equations for voiced frame b. [errr] When a frame is
the start of a voiced   region such as at the beginning of frame c, the
per-sample harmonics amplitude are determined by [err] 35 and [err] 40
where h is the number of harmonics in frame c. When a frame is the end of a
voiced region such as frame a, the per-sample amplitudes are determined by
[err] where h is number of harmonics in frame a. For the case where a frame
b has more harmonics than the 50preceding voiced frame, such as frame c,
equations 24 and 25 are used to calculate the harmonic amplitudes for the
harmonics greater than [err] If frame b has more harmonics than frame a,
equation 18 is used to calculate the harmonic amplitude for the harmonics
greater than [err] Consider now in greater detail the analyzer illustrated
in FIG. I. FIGS. 10 and II shown the steps necessary to implement the frame
segmenter 141 of FIG. I. As each example, s, is received from A/D block ss
101, segmenter 141 stores each sample into a circular buffer B. Blocks 1001
through 1005 continue to store the sample into circular buffer B utilizing
the index. Decision block 1002 determines when the end of circular buffer B
has been reached by comparing i against N which defines the end of the
buffer and also N is the number of points in the spectral analysis.
Advantageously, N is equal to 256, and W is equal to 180. When    EP
0259950 B1 exceeds the end of the circular buffer, i is set to 0 by block
100-101 and then, the samples are stored starting at the beginning of
circular buffer B. Decision block 1005 counts the number of samples being
stored in circular buffer B; and when advantageously 180 samples as defined
by W have been stored, designating a frame, block 1006 is executed;
otherwise 1007 is executed, and the steps illustrated in FIG. 10 simply
wait for 5  the next sample from block 101. When 180 points have been
received, blocks 1006 through 1106 of FIGS. 10 and 11 transfer the
information from circular buffer B to array C, and the information in array
C then represents one of the segments illustrated in FIG. 6. Downsampler
142 and Hamming Window block 143 are implemented by blocks 1107 through
1110 of FIG. 11. The downsampling performed by block 142 is implemented by
block 1108; and the Hamming windowing 10 function, as defined by equation
2, is performed by block 1109. Decision block 1107 and connector block 1110
control the performance of these operations for all of the data points
stored in array C. Blocks 1201 through 1207 of FIG. 12 implement the
functions of FFT spectrum magnitude block 144. The zero padding, as defined
by equation 3, is performed by blocks 1201 through 1203. The implementation
of the fast Fourier transform on the resulting data points from blocks 1201
through 1203 is performed by 1204 15. giving the same results as defined by
equation 4. Blocks 1205 through 1207 are used to obtain the spectrum
defined by equation 5. Blocks 145, 146 and 147 of FIG. I are implemented by
the steps illustrated by blocks 1208 through 1314 of FIGS. 12 and 13. The
pitch period received from pitch detector 109 via path 131 of FIG. I is
converted to the /  fundamental frequency, Fr, by block 1208. This
conversion is performed by both harmonic peak locator 145 and harmonic
calculator 147. If the fundamental frequency is less than or equal to a
predefined frequency, Q, which advantageously may be 60 Hz, then decision
block 1209 passes control to blocks 1301 and 1302 which set the harmonic
offsets equal to 0. If the fundamental frequency is greater than the
predefined value Q, then control is passed by decision block 1209 to
decision block 1303. Decision block 1303 and connector block 1314 control
the calculation of the subset of harmonic offsets which advantageously may
be for 25  harmonics I through 5. The initial harmonic defined by [err]
which is set equal to 1, and the upper harmonic value defined by [err]
which is set equal to 5. Block 1304 determines the initial estimate of
where the harmonic presently being calculated will be found within the
spectrum, S. Blocks 1305 through 1308 search and find the location of the
peak associated with the present harmonic being calculated. These latter
blocks implement harmonic peak locator 145. After the peak has been
located, block 1309 performs the harmonic 



30  interpolation functions of block 146. Harmonic calculator 147 is
implemented by blocks 1310 through 1313. First, the unscaled offset for the
harmonic currently being calculated is obtained by the execution of block
1310. Then, the results of block 1310 are scaled by 1311 so that an integer
number is obtained. Decision block 1312 checks to make certain that the
offset is within a predefined range to prevent an erroneous harmonic peak
having been located. If the 35  calculated offset is greater than the
predefined range, the offset is set equal to 0 by execution of block 1313.
After all the harmonic offsets have been calculated, control is passed to
parameter encoder 113 of FIG. 1. FIGS. 14 through 19 detail the steps
executed by processor 803 in implementing synthesizer 200 of FIG. 2.
Harmonic frequency calculators 212 and 211 of FIG. 2 are implemented by
blocks 1418 through 1424 of FIG. 14. Block 1418 initializes the parameters
to be utilized in this operation. Blocks 1419 through 1420 initially 40
calculate each of the harmonic frequencies, [err] by multiplying the
fundamental frequency, which is obtained as the transmitted pitch, times k
+ I. After all of the theoretical harmonic frequencies have been
calculated, the scaled transmitted offsets are added to the first five
theoretical harmonic frequencies by blocks 1421 through 1424. The constants
ko and [err] are set equal to "I" and 5", respectively, by block 1421.
Harmonic amplitude calculator 213 is implemented by processor 803 of FIG. 8
executing blocks 1401 45  through 1417 of FIGS. 14 and 15. Blocks 1401
through 1407 implement the step-up procedure in order to convert the LPC
reflection coefficients for the all-pole filter description of the vocal
tract which is given in equation 11. Blocks 1408 through 1412 calculate the
unscaled harmonic energy for each harmonic as defined in equation 13.
Blocks 1413 through  1415 are used  to calculate the total unscaled energy,
E, as defined  by equation 14. Blocks 1416 and 1417 calculate the ith frame
scaled harmonic amplitude, [err] defined by equation 50  16. Blocks 1501
through 1521 and blocks 1601 through 1614 of FIGS. 15 through 18 illustrate
the operations which are performed by processor 803 in doing the
interpolation for the frequency and amplitudes for each of the harmonics as
illustrated in FIGS. 7 and 8. These operations are performed by the first
part of the frame being processed by blocks 1501 through 1521 and the
second part of the frame being processed by 55  blocks 1601 through 1614.
As illustrated in FIG. 7, the first half of frame c extends from point 701
to 702, and the second half of frame c extends from point 702 to 703. The
operation performed by these blocks is to first determine whether the
previous frame was voiced or unvoiced. Specifically block 1501 of FIG. 15
sets up the initial values. Decision block 1502 makes the determination 12
EP 0 259 950 B1 of whether the previous frame had been voiced or unvoiced.
If the previous frame had been unvoiced, then decision blocks 1504 through
1510 are executed. Blocks 1504 and 1507 of FIG. 17 initialize the first
data point for the harmonic frequencies and amplitudes for each harmonic at
the beginning of the frame to [err] for the phases and [err] 10   for the
amplitudes. This corresponds to the illustrations in FIGS. 7 and 8. After
the initial values for the first data points of the frame are set up, the
remaining values for a previous unvoiced frame are set by the execution of
blocks 1508 through 1510. For the case of the harmonic frequency, the
frequencies are set equal to the center frequency as illustrated in FIG. 7.
For the case of the harmonic amplitudes each data point is set equal to the
linear approximation starting from zero at the beginning of the frame to
the midpoint 15 amplitude, as illustrated for frame c of FIG. 8. If the
decision is made by block 1502 that the previous frame was voiced, then
decision block 1503 of FIG. 16 is executed. Decision block 1503 determines
whether the previous frame had more or less harmonics than the present
frame. The number of harmonics is indicated by the variable, sh. Depending
on which frame has the most harmonics determines whether blocks 1505 or
1506 is executed. The variable, hmin, is 20 set equal to the least number
of harmonic of either frame. After either block 1505 or 1506 has been
executed, blocks 1511 and 1512 are executed. The latter blocks determine
the initial point of the present frame by calculating the last point of the
previous frame for both frequency and amplitude. After this operation has
been performed for all harmonics, blocks 1513 through 1515 calculate each
of the per-sample values for both the frequencies and the amplitudes for
all of the harmonics as defined by equation 22 and equation 26, 



25 respectively. After all of the harmonics, as defined by variable hmin
have had their per-sample frequencies and amplitudes calculated, blocks
1516 through 1521 are calculated to account for the fact that the present
frame may have more harmonics than than the previous frame. If the present
frame has more harmonics than the previous frame, decision block 1516
transfers control to blocks 1517. Where there are more harmonics in the 30
present frame than the previous frames, blocks 1517 through 1521 are
executed and their operation is identical to blocks 1504 through 1510, as
previously described. The calculation of the per-sample points for each
harmonic for frequency and amplitudes for the second half of the frame is
illustrated by blocks 1601 through 1614. The decision is made by block 1601
whether the next frame is voiced or unvoiced. If the next frame is
unvoiced, blocks 1603 through 1607 are executed. 35  Note, that it is not
necessary to determine initial values as was performed by blocks 1504 and
1507, since the initial point is the midpoint of the frame for both
frequency and amplitudes. Blocks 1603 through 1607 perform similar
functions to those performed by blocks 1508 through 1510. If the next frame
is a voiced frame, then decision block 1602 and blocks 1604 or 1605 are
executed. The execution of these blocks is similar to that previously
described for blocks 1503, 1505, and 1506. Blocks 1608 through 1611 are
similar in 40:: operation to blocks 1513 through 1516 as previously
described. Note, that it is not necessary to set up the initial conditions
for the second half of the frame for the frequencies and amplitudes. Blocks
1612 through 1614 are similar in operation to blocks 1519 through 1521 as
previously described. The final operation performed by generator 214 is the
actual sinusoidal construction of the speech utilizing the per-sample
frequencies and amplitudes calculated for each of the harmonics as
previously 45  described. Blocks 1701 through 1707 of FIG. 19 utilize the
previously calculated frequency information to calculate the phase of the
harmonics from the frequencies and then to perform the calculation defined
by equation 1. Blocks 1702 and 1703 determine the initial speech sample for
the start of the frame. After this initial point has been determined, the
remainder of speech samples for the frame are calculated by blocks 1704
through 1707. The output from these blocks is then transmitted to
digital-to-analog converter 208. 50 Another embodiment of calculator 211
reuses the transmitted harmonic offsets to vary the calculated theoretical
harmonic frequencies for harmonics greater than 5 and is illustrated in
FIG. 20. Blocks 2003 through 2005 are used to group the harmonics above the
5th harmonic into groups of 5, and blocks 2006 and 2007 then add the
corresponding transmitted harmonic offset to each of the theoretical
harmonic frequencies in these groups. 55  FIG. 21 illustrates a second
alternate embodiment of calculator 211 which differs from the embodiment
shown in FIG. 20 in that the order of the offsets is randomly permuted for
each group of harmonic frequencies above the first five harmonics by block
2100. Blocks 2101 through 2108 of FIG. 21 perform similar functions to
those of corresponding blocks of FIG. 20. 13    EP 0 259 950 B1 A third
alternate embodiment is illustrated in FIG. 22. That embodiment varies the
harmonic frequencies from the theoretical harmonic frequencies transmitted
to calculator 213 and generator 214 of FIG. 2 by performing the
calculations illustrated in blocks 2203 and 2204 for each harmonic
frequency under control of blocks 2202 and 2205. 5 claims 1 A processing
system for encoding human speech comprising: a segmentor (102,141) for
segmenting the speech into a plurality of speech frames, each having a 10
predetermined number of evenly spaced samples of instantaneous amplitudes
of speech and each of which overlaps by a predefined number of samples with
the previous and subsequent frames; a LPC calculator (111) for calculating
a set of speech parameter signals defining a vocal tract for each frame; a
energy calculator (103) for calculating the frame energy per frame of the
speech samples; CHARACTERIZED BY a spectral analyzer (142,143,144) for
performing during voiced speech periods a spectral analysis of 



said speech samples of each frame to produce a spectrum for each frame; a
pitch detector (109) for detecting the fundamental frequency signal for
each frame from the spectrum corresponding to each frame; a harmonic peak
locator (145) for determining a subset of harmonic frequency signals for
each frame from the spectrum corresponding to each frame; a harmonic
calculator (147) for determining offset signals representing the difference
between each of said harmonic frequency signals and multiples of said
fundamental frequency signal; and a parameter encoder (113) for
transmitting encoded representations of said frame energy and said 25
set of speech parameters and said fundamental frequency signal and said
offset signals for subsequent speech synthesis. 2. The system of claim I
wherein said spectral analyzer comprises a sampler (142) for downsampling
said speech samples thereby reducing the amount of computation. 30 3. The
system of claim 2 wherein said pitch detector further designates frames as
voiced and unvoiced, said system further comprises a noise/multipulse
decision circuit (112) for transmitting a signal to indicate the use of
noise-like excitation upon speech of said one of said frames resulting from
noise-like source in the human larynx and said designating means indicating
an unvoiced frame; 35   a multipulse analyzer (110) for forming excitation
information from a multipulse excitation source upon the absence of the
noise-like source and upon said designating means indicating an unvoiced
frame; and said parameter encoder further responsive to said multipulse
excitation information and said set of speech parameters for transmitting
encoded representations of multipulse excitation information and 40
said set of speech parameters for subsequent speech synthesis. 4;  A method
for synthesizing voice from encoded information representing speech frames
each having a predetermined number of evenly spaced samples of
instantaneous amplitude of speech with said encoded information for each
voiced frame comprising frame energy and a set of speech parameters 45
and a fundamental frequency of speech and offset signals representing the
difference between the theoretical harmonic frequencies as derived from a
fundamental frequency signals and a subset of actual harmonic frequencies
CHARACTERIZED BY calculating a subset of harmonic phase signals
corresponding to said offset signals; 50       computing the remaining
harmonic phase signals for said one of said frames from said fundamental
frequency signal; determining the amplitudes of said fundamental signal and
said subset of harmonic phase signals and said remaining harmonic phase
signals from the frame energy and the set of speech parameters of said one
of said frame; and 55      generating replicated speech in response to said
fundamental signal and said subset and remaining harmonic phase signals and
said determined amplitudes for said one of said frames. 5.  The method of
claim 4 wherein said computing step comprises the steps of multiplying each
harmonic 14    EP 0 259 950 B1 A third alternate embodiment is illustrated
in FIG. 22. That embodiment varies the harmonic frequencies from the
theoretical harmonic frequencies transmitted to calculator 213 and
generator 214 of FIG. 2 by performing the calculations illustrated in
blocks 2203 and 2204 for each harmonic frequency under control of blocks
2202 and 2205. Claims 1. A processing system for encoding human speech
comprising: a segmentor (102,141) for segmenting the speech into a
plurality of speech frames, each having a 10     predetermined number of
evenly spaced samples of instantaneous amplitudes of speech and each of
which overlaps by a predefined number of samples with the previous and
subsequent frames; a LPC calculator (111) for calculating a set of speech
parameter signals defining a vocal tract for 



each frame; a energy calculator (103) for calculating the frame energy per
frame of the speech samples; 15        CHARACTERIZED BY a spectral analyzer
(142,143,144) for performing during voiced speech periods a spectral
analysis of said speech samples of each frame to produce a spectrum for
each frame; a pitch detector (109) for detecting the fundamental frequency
signal for each frame from the 20       spectrum corresponding to each
frame; a harmonic peak locator (145) for determining a subset of harmonic
frequency signals for each frame from the spectrum corresponding to each
frame; a harmonic calculator (147) for determining offset signals
representing the difference between each of said harmonic frequency signals
and multiples of said fundamental frequency signal; and a parameter encoder
(113) for transmitting encoded representations of said frame energy and
said 25     set of speech parameters and said fundamental frequency signal
and said offset signals for subsequent speech synthesis. 2. The system of
claim I wherein said spectral analyzer comprises a sampler (142) for
downsampling said speech samples thereby reducing the amount of
computation. 30 3. The system of claim 2 wherein said pitch detector
further designates frames as voiced and unvoiced, said system further
comprises a noise/multipulse decision circuit (112) for transmitting a
signal to indicate the use of noise-like excitation upon speech of said one
of said frames resulting from noise-like source in the human larynx and
said designating means indicating an unvoiced frame; a multipulse analyzer
(110) for forming excitation information from a multipulse excitation
source upon the absence of the noise-like source and upon said designating
means indicating an unvoiced frame; and said parameter encoder further
responsive to said multipulse excitation information and said set of speech
parameters for transmitting encoded representations of multipulse
excitation information and 40     said set of speech parameters for
subsequent speech synthesis. 4 A method for synthesizing voice from encoded
information representing speech frames each having a predetermined number
of evenly spaced samples of instantaneous amplitude of speech with said
encoded information for each voiced frame comprising frame energy and a set
of speech parameters 45    and a fundamental frequency of speech and offset
signals representing the difference between the theoretical harmonic
frequencies as derived from a fundamental frequency signals and a subset of
actual harmonic frequencies CHARACTERIZED BY calculating a subset of
harmonic phase signals corresponding to said offset signals; 50
computing the remaining harmonic phase signals for said one of said frames
from said fundamental frequency signal; determining the amplitudes of said
fundamental signal and said subset of harmonic phase signals and said
remaining harmonic phase signals from the frame energy and the set of
speech parameters of said one of said frame; and generating replicated
speech in response to said fundamental signal and said subset and remaining
harmonic phase signals and said determined amplitudes for said one of said
frames. 5. The method of claim 4 wherein said computing step comprises the
steps of multiplying each harmonic 14    EP 0 259 950 B1 number with said
fundamental frequency signal to generate a frequency for each of said
remaining harmonic phase signals; arithmetically varying the generated
frequencies; and calculating said remaining phase signals from said varied
frequencies. 5 6. The method of claim 4 wherein said computing step
comprises the steps of generating the remaining 



harmonic frequency signals corresponding to said remaining harmonic phase
signals by multiplying said fundamental frequency signal by the harmonic
number for each of said remaining harmonic signals; 10 grouping the
multiplied frequency signals into a plurality of subsets, each having the
same number of harmonics as said subset of harmonic phase signal; adding
each of said offset signals to the corresponding grouped frequency signals
of each of said plurality of subsets to generate varied remaining harmonic
frequency signals; and calculating said remaining harmonic phase signals
from said varied harmonic frequency signals. . 15 7. The method of claim 6
wherein said step of adding comprises the step of permuting the order of
said offset signals before adding said signals to said corresponding
grouped frequency signals of each of said plurality of subsets to generate
said varied remaining harmonic frequency signals. 20  8. The method of
claim 4 wherein said determining step comprises the steps of calculating
the unscaled energy of each of said harmonic phase signals from said set of
speech parameters for said one of said frames; summing said unscaled energy
for all of said harmonic phase signals for said one of said frames; and 25
computing the amplitudes of said harmonic phase signals in response to said
harmonic energy of each of said harmonic signals and the summed unscaled
energy and said frame energy for said one of said frames. Revendications 30
1. Un systbme de traitement pour le codage de la parole humaine,
comprenant: une unit6 de segmentation (102, 141) qui est destinde a
segmenter 1a parole en un ensemble de trames de parole, chacune d'elles
comprenant un nombre predetermine d'chantillons uniformement espac6s
d'amplitudes instantan6es de parole, et chacune d'elles pr6sentant un
chevauchement d'un 35     nombre d'4chantillons pr6defini vis-a-vis des
trames pr6cedente et suivante; un calculateur de codage predictif lineaire
(ou LPC) (111) qui est destin6 a calculer un ensemble de signaux de
parambtres de parole definissant un conduit vocal pour chaque trams; un
calculateur d'6nergie (103) qui est destin6 a calculer l'energie de trame
pour chaque trame des 6chantillons de parole; 40         CARACTERISE PAR un
analyseur spectral (142, 143, 144) qui est destin6 A effectuer, pendant des
periodes de parole vois6e, une analyse spectrale des 6chantillons de parole
de chaque trame, pour produire un spectre pour chaque trame; un d6tecteur
de fondamental (109) qui est destin6 a d6tecter le signal de fr6quence
fondamentale 45     pour chaque trame, a partir du spectre correspondent a
chaque trame; une unite de localisation de pics d'harmoniques (145) qui est
destinde a d6terminer un sous- ensemble de signaux de frdquences
harmoniques pour chaque trame, a partir du spectre correspon- dant a chaque
trame; un calculateur d'harmoniques (147) qui est destin6 a d6terminer des
signaux de decalage 50     reprdsentant la difference entre chacun des
signaux de frequences harmoniques et des multiples du signal de frequence
fondamentale; et un codeur de parametres (113) qui est destine A 6mettre
des representations codees de l'6nergie de trame et de l'ensemble de
parambtres de parole, ainsi que du signal de frequence fondamentale et des
signaux de decalage, pour une synthbse de parole ulterieure. 55 2. Le
systeme de la revendication 1, dans lequel l'analyseur spectral comprend un
dchantillonneur (142) qui est destind a effectuer un sous-6chantillonnage
des 6chantillons de parole, pour reduire ainsi le volume de calculs. 15    
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M   S   * y. Le systeme de la revendication 2, dans lequel le d6tecteur de
fondamental designe en outre des trames comme 6tant vois6es et non voisees,
et ce systeme comprend en outre un circuit de decision bruit/impulsions
multiples (112) qui est destin6 a 6mettre un signal pour indiquer
l'utilisation d'une excitation semblable a du bruit, lorsque de la parole
de l'une des trames resulte d'une source s      semblable a du bruit dans
le larynx humain, et lorsque les moyens de d6signation indiquent une trame
non voisee; un analyseur a impulsions multiples (110) qui est destin6 a
former une information d'excitation a partir d'une source d'excitation par
impulsions multiples, en l'absence de la source semblable a du bruit et
lorsque les moyens de designation indiquent une trame non voisee; et 70.1.
le codour de parambtres reagit en outre a l'information d'excitation par
impulsions multiples et a -   I'ensemble de parametres de parole, en
emettant des representations cod6es de l'information d'excita- tion par
impulsions multiples et de l'ensemble de parametres de parole, pour une
synthese de parole ulterieure. -  75  4. Un proced6 de synthese vocale a
partir d'une information codee representant des tramies de parole, ayant
chacune un nomnbre predeterminn d'echantillons uniform6ment espaces
d'amplitude de parole instantanee, ['information cod~e pour chaque trame
voisee comprenant l'Nnergie de trame et un ensemble de parambtres de
parole, ainsi qu'une frequence fondamentaie de la parole et des signaux K-'
de d6calage representant la difference entre les fr6quences harmoniques
th6oriques, calcul6es a partir 20     d'un signal de fr6quence
fondamentale, et un sous-ensemble de fr6quences harmoniques reolles,
CARACTERISE EN CE QUE on calcule un sous-ensemble de signaux de phases
d'harmoniques correspondant aux signaux de d~calage; on calcule les signaux
de phases d'harmoniques restants pour la trame precit~e, a partir du signal
25     de frequence fondamentale; on determine les amplitudes du signal de
frequence fondamentale et du sous-ensemble de signaux de phases
d'harmoniques, ainsi que des signaux de phases d'harmoniques restants, a
partir de :   'nergie de trame et de l'ensemble de parametres de parole
pour la trame precitee; et on g6nere une information de parole reproduite
sous la d6pendance du signal de fr6quence - - 30 fondamentale et du
sous-ensemble de signaux de phases d'harmoniques ainsi que dos signaux de
phases d'harmoniques restants, et des amplitudes determinees, pour la trame
precitee. 5. Le proced6 de la revendication 4, dans loquel l'tMape de
calcul comprend les etapes qui consistent a -     multiplier chaque rang
d'harmonique par le signal de frequence fondamentale, pour gen6rer une -
. 35  -frequence pour chacun des signaux de phases d'harmoniques restants;
a faire varier ou a modifier arithmetiquement les frequences g6nerees; et a
calculer les signaux de phases restants a partir des frequences ainsi
modifiees. - . Le procede de la revendication 4, dans lequel l'etape de
calcul comprend les etapes qui consistent a : 40      generer les signaux
de frequences harmoniques restants, correspondant aux signaux de phases
d'harmoniques restants, en multipliant le signal de frequence fondamentale
par le rang d'harmonique, pour chacun des signaux d'harmoniques restants; -
grouper en une multiplicite de sous-ensembles les signaux de fr6quences
multiplies, chacun de -;   ces sous-ensembles contenant le m8me nombre
d'harmoniques quo le sous-ensemble de signaux de .45    phases
d'harmoniques; -    a additionner chacun des signaux de decalage aux
signaux de frequences group~s correspondants de chaque sous-onsemble de la
multiplicite do sous-ensembles, pour gen6rer des signaux de -
frequences harmoniques restants modifi6s; et a calculer les signaux de
phases d'harmoniques restants a partir des signaux de frequences s5o0
harmoniques modifies. 7. -Le procede de la revendication 6, dans lequel
l'etape d'addition comprend l'etape qui consiste a permuter l'ordre des
signaux de d6calage avant d'additionner ces signaux aux signaux de
frequences -   groupes correspondants de chaque sous-ensemble de la
multiplicite de sous-ensembles, pour gen6rer ss     les signaux de
fr6quences harmoniques restants modifi6s. ::_ Le procede de la
revendication 4, dans loquel l'etape de determination comprend les etapes
qui 



consistent a calculer l'energie non ajustee de chacun des signaux de phases
d'harmoniques a partir de 16    EP 0 259 950 BI             olI 111111
11111 Hll 11 M IS I'ensemble de parametres de parole, pour la trame
precitee; ! >         a sommer l'6nergie non ajust6e pour tous les signaux
de phases d'harmoniques, pour la trame precitee; et a calculer les
amplitudes des signaux de phases d'harmoniques sous la dependance de
l'energie *  5   harmonique de chacun des signaux d'harmoniques et de
l'nergie non ajust6e et sommee, ainsi que de tNnergie de trame pour la
trame pr6citee. PatentansprUche :d0 1. Verarbeitungssystem zum Codieren
menschlicher Sprache mit einem Segmentierer (102, 141) zum Zerlegen der
Sprache in eine Vielzahl von Sprachrahmen, wobei jeder Rahmen eine
vorbestimmte Anzahl Aquidistanter Abtastwerte der momentanen
Sprachamplituden enthalt und mit dem vorgehenden und nachfolgenden Rahmen
in einer vordefinierten Anzahl von Abtastwerten Oberlappt, 15     mit einem
LPC Rechner (111) zum Berechnen elnes Satzes von Sprachparametersignalen,
die far jeden Rahmen einen Vokaltrakt festlegen, einem Energieberechner
(103) zum Berechnen der Rahmenenergie flr jeden Rahmen der Sprachab-
tastwerte, gekennzeichnet durch 20:    einen Spektrumanalysator (142, 143,
144), der wahrend stimmhafter Sprachperioden eine Spektralana- lyse mit den
Sprachabtastwerten eines jeden Rahmens durchfUhrt, um so ein Spektrum far
jeden Rahmen zu erzeugen, einen Grundtondetektor (109), der das
Grundfrequenzsignal fUr jeden Rahmen aus dem Spektrum des jeweiligen
Rahmens feststellt, einen harmonischen Spitzenwertlokalisator (145), der
eine Untermenge 2S     harmonischer Frequenzsignale ff.r jeden Rahmen aus
dem Spektrum des jeweiligen Rahmens be- stimmt, einen harmonischen
Auswerter (147), der versetzte Signale bestimmt, die die Differenz zwischen
jedem harmonischen Frequenzsignal und Vielfachen des Grundfrequenzsignals
darstelit, und einen Parametercodierer (113), der codierte Darstellungen
der Rahmenenergie, den Satz Sprachpara- -   3o  meter, das
Grundfrequenzsignal und die versetzten Signale fUr eine nachfolgende
Sprachsynthese Obermittelt. 2: , System nach Anspruch 1, ;   dadurch
gekennzeichnet, daR der Spektrumsanalysator einen Abtaster (142) aufweist,
der die Sprachab- : 35:    tastwerte herunterabtastet und dadurch den
Berechnungsaufwand reduziert. 3  System nach Anspruch 2, cldadurch
gekennzeichnet, daB der Grundtondetektor die Rahmen als stimmhaft und
stimmlos kennzeich- net, wobei das System eine
Rausch/Mehrimpulsentscheidungsschaltung (112) zur Obertragung eines 40
Signals enth~lt, das die Verwendung einer rauschahnlichen Erregung fUr die
Sprache des einen Rahmens anzeigt, die aus einer rauschahnlichen Quelle im
menschlichen Kehlkopf herrUhrt und emn stimmioser Rahmen angezeigt wird und
einen Mehrimpulsanalysator (110) enthalt, der eine Erregungs- information
aus einer Mehrimpuls-Errogerquelle auf das Fehlen der rauschahnlichen
Quelle und auf die einen stimmlosen Rahmen anzeigende
Kennzeichnungseinrichtung hin bildet, und daB der Parameter- 45
codierer auf die Mehrimpuls-Erregerinformation und den Satz von
Sprachparametern anspricht, um codierte Darstellungen der
Mehrimpuls-Erregerinformation und des Satzes von Sprachparametern fOr eine
nachFolgende Sprachsynthese zu Ubermitteln. 4. Verfahren zur
Synthetisierung von Sprache aus einer die Sprachrahmen darstellenden
codierten so     Information, wobei jeder Rahmen eine vorbestimmte Anzahl
Aquidistanter Abtastwerte der momentanen Sprachamplitude mit der codierten
Information fUr jeden stimmhaften Rahmen mit einer Rahmenenergie enthalt,
einem Satz von Sprachparametern, einer Sprachgrundfrequenz und versetzten
Signalen, die die Differenz zwischen den theoretischen harmonischen
Frequenzen, wie sie 



aus den Grundfrequenzsignalen abgeleitet werden, und einer Untermenge
aktueller harmonischer S5:    Frequenzen darstellt, gekennzeichnet durch
Berechnen einer Untermenge harmonischer Phasensignale, die den versetzten
Signalen entsprechen, Errechnen der restlichen harmonischen Phasensignale
fMr den einen Rahmen aus dem Grundfrequenz- signal, 17    EP 0 259 950 Bi
*       L  N   S  * :;:Bestimmen der Amplituden des Grundfrequenzsignals,
der Untermenge harmonischer Phasensignale, der verbleibenden harmonischen
Phasensignalen aus der Rahmenenergie und des Satzes von Sprach- parametern
des einen Rahmens, und Erzeugen einer nachgebildeten Sprache aufgrund des
Grundfrequenzsignals, der Untermenge, der :   5  verblelbenden harmonischen
Phasensignale und der bestimmten Amplituden fOr den einen Rahmen. 5.
Verfahren nach Anspruch 4, 'dadurch gekennzeichnet, daB das Errechnen
folgende Schritte umfagt: ultiplizieren jeder harmonischen Anzahl mit dem
Grundfrequenzsignal, um elne Frequenz fUr jades :   0O    verbleibende
harmonische Phasensignal zu erzeugen, arithmetisches Verandern der
erzeugten Frequenzen, - und Berechnen der restlichen Phasensignale aus den
veranderten Frequenzen. 6. Verfahren nach Anspruch 4, ; :5     - dadurch
gekennzeichnet, daBl das Errechnen folgenden Verfahrensschritt aufweist: ;
- Erzeugen der verblelbenden harmonischen Frequenzsignale, die den
verblelbenden harmonischen :  '        Phasensignalen entsprechen, indem
das Grundfrequenzsignal mit der harmonischen Anzahl jades verbielbenden
harmonischen Signals multipliziert wird, gruppenmEtiiges Zusammenfassen der
multipli- *   zierten Frequenzsignale in eine Vielzahl von Untermengen, von
der jade die gleiche Anzahl von ?-       Fla~rmonischen, wie die Untermenge
des harmonischen Phasensignals aufweist, Addieren eines jeden versetzten
Signals zu den entsprechenden, in Gruppen zusammengefalten Frequenzsignalen
von jeder Vielzahl von Untermengen, um veranderte, verbleibende harmonische
-* -- Frequenzsignale zu erzeugen, und Berechnen der verblelbenden
harmonischen Phasensignale aus den veranderten harmonischen Fre-
quenzsignalen. 7. Verfahren nach Anspruch 6, dadurch gekennzeichnet, daB
das Addieren folgende Verfahrensschritte umfalt: :Permutieren der
Reihenfolge der versetzten Signale bevor diese Signale zu den
entsprechenden, in ..30 ...Gruppen zusammengefalten Frequenzsignale jeder
Vielzahl der Teilmengen addiert werden, um die verSnderten verbleibenden
harmonischen Frequenzsignale zu erzeugen. 8. Verfahren nach Anspruch 4,
dadurch gekennzeichnet, dali das Bestimmen folgende Verfahrensschritte
umfait: Berechnien der nichtskalierten Energie eines jeden harmonischen
Phasensignals aus dem Satz von - Sprachparametern fOr den eanen Rahmen, -
aufsummieren der nichtskalierten Energie ftr alle harmonischen
Phasensignale fUr den einen Rahmen, -   - '    ~- und Errechnen der
Amplituden der harmonischen Phasensignale fur den einen Rahmen aufgrund der
40    : harmonischen Energie eines jeden harmonischen Signals, der
aufsummierten nichtskalierten Energie - *    und der Rahmenenergie. .45 5.
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