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[57] ABSTRACT 

A sinusoidal model for acoustic Waveforms is applied to 
develop a neW analysis/synthesis technique Which charac 
teriZes a Waveform by the amplitudes, frequencies, and 
phases of component sine Waves. These parameters are 
estimated from a short-time Fourier transform. Rapid 
changes in the highly-resolved spectral components are 
tracked using the concept of “birth” and “death” of the 
underlying sine Waves. The component values are interpo 
lated from one frame to the neXt to yield a representation that 
is applied to a sine Wave generator. The resulting synthetic 
Waveform preserves the general Waveform shape and is 
perceptually indistinguishable from the original. 
Furthermore, in the presence of noise the perceptual char 
acteristics of the Waveform as Well as the noise are main 
tained. The method and devices are particularly useful in 
speech coding, time-scale modi?cation, frequency scale 
modi?cation and pitch modi?cation. 
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PROCESSING OF ACOUSTIC WAVEFORMS 

Matter enclosed in heavy brackets [ ] appears in the 
original patent but forms no part of this reissue speci? 
cation; matter printed in italics indicates the additions 
made by reissue. 

This a Reissue ofSer. No. 07/339,957, ?ledApn 18, 1989, 
now US Pat. No. 4,885,790, Dec. 5, 1989 which is a 
continuation of Sen No. 06/712,866, ?led Mar. 18, 1985, 
abandoned. 

The US. Government has rights in this invention pur 
suant to the Department of the Air Force Contract No. 
F19-028-80-C-0002. 

TECHNICAL FIELD 

The ?eld of this invention is speech technology generally 
and, in particular, methods and devices for analyzing, 
digitally-encoding, modifying and synthesizing speech or 
other acoustic waveforms. 

BACKGROUND OF THE INVENTION 

Typically, the problem of representing speech signals is 
approached by using a speech production model in which 
speech is viewed as the result of passing a glottal excitation 
waveform through a time-varying linear ?lter that models 
the resonant characteristics of the vocal tract. In many 
speech applications it suf?ces to assume that the glottal 
excitation can be in one of two possible states corresponding 
to voiced or unvoiced speech. In the voiced speech state the 
excitation is periodic with a period which is allowed to vary 
slowly over time relative to the analysis frame rate (typically 
10—20 msecs). For the unvoiced speech state the glottal 
excitation is modelled as random noise with a ?at spectrum. 
In both cases the power level in the excitation is also 
considered to be slowly time-varying. 

While this binary model has been used successfully to 
design narrowband vocoders and speech synthesis systems, 
its limitations are well known. For example, often the 
excitation is mixed having both voiced and unvoiced com 
ponents simultaneously, and often only portions of the 
spectrum are truly harmonic. Furthermore, the binary model 
requires that each frame of data be classi?ed as either voiced 
or unvoiced, a decision which is particularly difficult to 
make if the speech is also subject to additive acoustic noise. 

Speech coders at rates compatible with conventional 
transmission lines (i.e. 2.4—9.6 kilobits per second) would 
meet a substantial need. At such rates the binary model is 
ill-suited for coding applications. Additionally, speech pro 
cessing devices and methods that allow the user to modify 
various parameters in reconstructing waveform would ?nd 
substantial usage. For example, time-scale modi?cation 
(without pitch alteration) would be a very useful feature for 
a variety of speech applications (i.e. slowing down speech 
for translation purposes or speeding it up for scanning 
purposes) as well as for musical composition or analysis. 
Unfortunately, time-scale (and other parameter) modi?ca 
tions also are not accomplished with high quality by devices 
employing the binary model. 

Thus, there exists a need for better methods and devices 
for processing audible waveforms. In particular, speech 
coders operable to mid-band rates and in noisy environments 
as well as synthesizers capable of maintaining their percep 
tual quality of speech while changing the rate of articulation 
would satisfy long-felt needs and provide substantial con 
tributions to the art. 

SUMMARY OF THE INVENTION 

It has been discovered that speech analysis and synthesis 
as well as coding and time-scale modi?cation can be accom 
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2 
plished simply and effectively by employing a time 
frequency representation of the speech waveform which is 
independent of the speech state. Speci?cally, a sinusoidal 
model for the speech waveform is used to develop a new 
analysis-synthesis technique. 
The basic method of the invention includes the steps of: 

(a) selecting frames (i.e. windows of about 20—40 
milliseconds) of samples from the waveform; (b) analyzing 
each frame of samples to extract a set of frequency compo 
nents; (c) tracking the components from one frame to the 
next; and (d) interpolating the values of the components 
from one frame to the next to obtain a parametric represen 
tation of the waveform. A synthetic waveform can then be 
constructed by generating a series of sine waves correspond 
ing to the parametric representation. 

In one simple embodiment of the invention, a device is 
disclosed which uses only the amplitudes and frequencies of 
the component sine waves to represent the waveform. In this 
so-called “magnitude-only” system, phase continuity is 
maintained by de?ning the phase to be the integral of the 
instantaneous frequency. In a more comprehensive 
embodiment, explicit use is made of the measured phases as 
well as the amplitudes and frequencies of the components. 

The invention is particularly useful in speech coding and 
time-scale modi?cation and has been demonstrated success 
fully in both of these applications. Robust devices can be 
built according to the invention to operate in environments 
of additive acoustic noise. The invention also can be used to 
analyze single and multiple speaker signals, music or even 
biological sounds. The invention will also ?nd particular 
applications, for example, in reading machines for the blind, 
in broadcast journalism editing and in transmission of music 
to remote players. 

In one illustrated embodiment of the invention, the basic 
method summarized above is employed to choose 
amplitudes, frequencies, and phases corresponding to the 
largest peaks in a periodogram of the measured signal, 
independently of the speech state. In order to reconstruct the 
speech waveform, the amplitudes, frequencies, and phases 
of the sine waves estimated on one frame are matched and 
allowed to continuously evolve into the corresponding 
parameter set on the successive frame. Because the number 
of estimated peaks are not constant and slowly varying, the 
matching process is not straightforward. Rapidly varying 
regions of speech such as unvoiced/voiced transitions can 
result in large changes in both the location and number of 
peaks. To account for such rapid movements in spectral 
energy, the concept of “birth” and “death” of sinusoidal 
components is employed in a nearest-neighbor matching 
method based on the frequencies estimated on each frame. 
If a new peak appears, a “birth” is said to occur and a new 
track is initiated. If an old peak is not matched, a “death” 
said to occur and the corresponding track is allowed to decay 
to zero. Once the parameters on successive frames have been 
matched, phase continuity of each sinusoidal component is 
ensured by unwrapping the phase. In one preferred embodi 
ment the phase is unwrapped using a cubic phase interpo 
lation function having parameter values that are chosen to 
satisfy the measured phase and frequency constraints at the 
frame boundaries while maintaining maximal smoothness 
over the frame duration. Finally, the corresponding sinusoi 
dal amplitudes are simply interpolated in a linear manner 
across each frame. 

In speech coding applications, pitch estimates are used to 
establish a set of harmonic frequency bins to which the 
frequency components are assigned. (Pitch is used herein to 
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mean the fundamental rate at Which a speaker’s vocal cords 
are vibrating). The amplitudes of the components can be 
coded directly using adaptive pulse code modulation 
(ADPCM) across frequency or indirectly using linear pre 
dictive coding. In each harmonic frequency bin the peak 
having the largest amplitude is selected and assigned to the 
frequency at the center of the bin. This results in a harmonic 
series based upon the coded pitch period. The phases can 
then be coded by using the frequencies to predict phase at 
the end of the frame, unWrapping the measured phase With 
respect to this prediction and then coding the phase residual 
using 4 bits per phase peak. If there are not enough bits 
available to code all of the phase peaks (eg for loW-pitch 
speakers), phase tracks for the high frequency peaks can be 
arti?cially generated. In one preferred embodiment, this is 
done by translating the frequency tracks of the base band 
peaks to the high frequency of the uncoded phase peaks. 
This neW coding scheme has the important property of 
adaptively allocating the bits for each speaker and hence is 
self-tuning to both loW- and high-pitched speakers. 
Although pitch is used to provide side information for the 
coding algorithm, the standard voice-excitation model for 
speech is not used. This means that recourse is never made 
to a voiced-unvoiced decision. As a consequence the inven 
tion is robust in noise and can be applied at various data 
transmission rates simply by changing the rules for the bit 
allocation. 
The invention is also Well-suited for time-scale 

modi?cation, Which is accomplished by time-scaling the 
amplitudes and phases such that the frequency variations are 
preserved. The time-scale at Which the speech is played back 
is controlled simply by changing the rate at Which the 
matched peaks are interpolated. This means that the time 
scale can be speeded up or sloWed doWn by any factor and 
this factor can be time-varying. This rate can be controlled 
by a panel knob Which alloWs an operator complete ?ex 
ibility for varying the time-scale. There is no perceptual 
delay in performing the time-scaling. 

The invention Will next be described in connection With 
certain illustrated embodiments. HoWever, it should be clear 
that various changes and modi?cations can be made by those 
skilled in the art Without departing from the spirit and scope 
of the invention. For example other sampling techniques can 
be substituted for the use of a variable frame length and 
Hamming WindoW. Moreover the length of such frames and 
WindoWs can vary in response to the particular application. 
LikeWise, frequency matching can be accomplished by 
various means. A variety of commercial devices are avail 
able to perform Fourier analysis; such analysis can also be 
performed by custom hardWare or specially-designed pro 
grams. 

Various techniques for extracting pitch information can be 
employed. For example, the pitch period can be derived 
from the Fourier transform. Other techniques such as the 
Gold-Malpass techniques can also be used. See generally, 
M. L. Malpass, “The Gold Pitch Detector in a Real Time 
Environment” Proc. of EASCON 1975 (September 1975); 
B. Gold, “Description of a Computer Program for Pitch 
Detection”, Fourth International Congress on Acoustics, 
Copenhagen Aug. 21—28, 1962 and B. Gold, “Note on 
BuZZ-Hiss Detection”, J. Acoust. Soc. Amer. 365, 
1659—1661 (1964), all incorporated herein by reference. 

Various coding techniques can also be used interchange 
ably With those described beloW. Channel encoding tech 
niques are described in J. N. Holmes, “The JSRU Channel 
Vocoder”, Inst. of Electrical Eng. Proceedings (British), 27, 
53—60 (1980). Adaptive pulse code modulation is described 
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4 
in L. R. Rabiner and R. W. Schafer Digital Processing of 
Signal, (Prentice Hall 1978). Linear predictive coding is 
described by J. D. Markel, Linear Prediction of Speech, 
(Springer-Verlog, 1967). These teachings are also incorpo 
rated by reference. 

It should be appreciated that the term “interpolation” is 
used broadly in this application to encompass various tech 
niques for ?lling in data values betWeen those measured at 
the frame boundaries. In the magnitude-only system linear 
interpolation is employed to ?ll in amplitude and frequency 
values. In this simple system phase values are obtained by 
?rst de?ning a series of instantaneous frequency values by 
interpolating matched frequency components from one 
frame to the next and then integrating the series of instan 
taneous frequency values to obtain a series of interpolated 
phase values. In the more comprehensive system the phase 
value of each frame is derived directly and a cubic polyno 
mial equation preferably is employed to obtain maximally 
smooth phase interpolations from frame to frame. 

Other techniques that accomplish the same purpose are 
also referred to in this application as interpolation tech 
niques. For example, the so-called “overlap and add” 
method of ?lling in data values can also be used. In this 
method a Weighted overlapping function can be applied to 
the resulting sine Waves generated during each frame and 
then the overlapped values can be summed to ?ll in the 
values betWeen those measured at the frame boundaries. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a schematic block diagram of one embodiment 
of the invention in Which only the magnitude and frequen 
cies of the components are used to reconstruct a sampled 
Waveform. 

FIG. 2 is an illustration of the extracted amplitude and 
frequency components of a Waveform sampled according to 
the present invention. 

FIG. 3 is a general illustration of the frequency matching 
method of the present invention. 

FIGS. 4A—4F are detailed schematic illustrations of a 
frequency matching method according to the present inven 
tion. 

FIG. 5 is an illustration of tracked frequency components 
of an exemplary speech pattern. 

FIG. 6 is a schematic block diagram of another embodi 
ment of the invention in Which magnitude and phase of 
frequency components are used to reconstruct a sampled 
Waveform. 

FIG. 7 is an illustrative set of cubic phase interpolation 
functions for smoothing the phase functions useful in con 
nection With the embodiment of FIG. 6 from Which the 
“maximally smooth” phase function is selected. 

FIG. 8 is a schematic block diagram of another embodi 
ment of the invention particularly useful for time-scale 
modi?cation. 

FIG. 9 is a schematic block diagram shoWing an embodi 
ment of the system estimation function of FIG. 8. 

FIG. 10 is a block diagram of one real-time implemen 
tation of the invention. 

DETAILED DESCRIPTION 

In present invention the speech Waveform is modelled as 
a sum of sine Waves. If s(n) represents the sampled speech 
Waveform then 
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Where al-(n) and q>,(n) are time-varying amplitudes and 
phases of the i’th tone. 

In a simple embodiment the phase can be de?ned to be the 
integral of the instantaneous frequency fl-(n) and therefore 
satis?es the recursion 

Where f5 is the sampling frequency. If the tones are harmoni 
cally related, then 

Where fO(n) represents the fundamental frequency at time n. 
One particularly attractive property of the above model is 
the fact that phase continuity, hence Waveform continuity, is 
guaranteed as a consequence of the de?nition of phase in 
terms of the instantaneous frequency. This means that Wave 
form reconstruction is possible from the “magnitude-only” 
spectrum since a high-resolution spectral analysis reveals 
the amplitudes and frequencies of the component sine 
Waves. 

Ablock diagram of an analysis/synthesis system accord 
ing to the invention is illustrated in FIG. 1. As shoWn in FIG. 
1, system 10 includes sampling WindoW 11, a discrete 
Fourier transform (DFT) analyZer 12, magnitude computer 
13, a frequency amplitude estimator 14, and an optional 
coder 16 in the transmitter segment and a frequency match 
ing means 18, an interpolator 20 and a sine Wave generator 
22 in the receiver segment of the system. The peaks of the 
magnitude of the discrete Fourier transform (DFT) of a 
WindoWed Waveform are found simply by determining the 
locations of a change in slope (concave doWn). In addition, 
the total number of peaks can be limited and this limit can 
be adapted to the expected average pitch of the speaker. 

In a simple embodiment the speech Waveform can be 
digitiZed at a 10 kHZ sampling rate, loW-passed ?ltered at 5 
kHZ, and analyZed at 20 msec frame intervals With a 20 msec 
Hamming WindoW. Speech representations according to the 
invention can also be obtained by employing an analysis 
WindoW of variable duration. For some applications it is 
preferable to have the Width of the analysis WindoW be pitch 
adaptive, being set, for example, at 2.5 times the average 
pitch period With a minimum Width of 20 msec. 

Plotted in FIG. 2 is a typical periodogram for a frame of 
speech along With the amplitudes and frequencies that are 
estimated using the above procedure. The DFT Was com 
puted using a 512-point fast Fourier transform Dif 
ferent set of these parameters Will be obtained for each 
analysis frame. To obtain a representation of the Waveform 
over time, frequency components measured on one frame 
must be matched With those that are obtained on a successive 
frame. 

FIG. 3 illustrates the basic process of frequency compo 
nent matching. If the number of peaks Were constant and 
sloWly varying from frame to frame, the problem of match 
ing the parameters estimated on one frame With those on a 
successive frame Would simply require a frequency ordered 
assignment of peaks. In practice, hoWever, there Will be 
spurious peaks that come and go due to the effects of 
sidelobe interaction; the locations of the peaks Will change 
as the pitch changes; and there Will be rapid changes in both 
the location and the number of peaks corresponding to 
rapidly-varying regions of speech, such as at voiced/ 
unvoiced transitions. In order to account for such rapid 
movements in the spectral peaks, the present invention 
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6 
employs the concept of “birth” and “death” of sinusoidal 
components as part of the matching process. 
The matching process is further explained by consider 

ation of FIG. 4. Assume that peaks up to frame k have been 
matched and a neW parameter set for frame k+1 is generated. 
Let the chosen frequencies on frames k and k+1 be denoted 
by 000k, 001k, . . . uuN_1k and 000k“, uulkn, . . . uuM_1k+1 
respectively, Where N and M represent the total number of 
peaks selected on each frame (N#M in general). One process 
of matching each frequency in frame k, u) k to some 
frequency in frame k+1, (on/“+1, is given in the folloWing 
three steps. 

Step 1 

Suppose that a match has been found for frequencies 000k, 
001k . . . uun_1k. A match is noW attempted for frequency UJnk. 
FIG. 4(a) depicts the case Where all frequencies uumk+1 in 
frame K+1 lie outside a “matching interval” A of (?nk, i.e., 

lwnkwmhllgA (4) 

for all m. In this case the frequency track associated With (Dnk 
is declared “dead” on entering frame k+1, and (Dnk is 
matched to itself in frame k+1, but With Zero amplitude. 
Frequency (Dnk is then eliminated from further consideration 
and Step 1 is repeated for the next frequency in the list, 
uumlk. 

If on the other hand there exists a frequency uumk+1 in 
frame k+1 that lies Within the matching interval about (?nk, 
and is the closest such frequency, i.e., 

|®~ (5) 

for all i#m, then uumk+1 is declared to be candidate match to 
UJnk. Ade?nitive match is not yet made, since there may exist 
a better match in frame k to the frequency (on/“1, a contin 
gency Which is accounted for in Step 2. 

Step 2 

In this step, a candidate match from Step 1 is con?rmed. 
Suppose that a frequency wk” of frame k has been tentatively 
matched to frequency uumk+1 of frame k+1. Then, if uumk+1 
has no better to the remaining unmatched frequencies of 
frame k, then the candidate match is declared to be a 
de?nitive match. This condition, illustrated in FIG. 4(c), is 
given by 

(6) 

Where the ?rst bracketed value in Equation 6 is illustrated as 
02 in FIG. 4 and the second bracketed value of Equation 6 
is illustrated as 01. When this occurs, frequencies (Dnk and 
uumk+1 are eliminated from further consideration and Step 1 
is repeated for the next frequency in the list, wkml. 

If the condition (6) is not satis?ed, then the frequency 
uumk+1 in frame k+1 is better matched to the frequency wkml 
in frame k than it is to the test frequency UJnk. TWo additional 
cases are then considered. In the ?rst case, illustrated in FIG. 
4(d), the adjacent remaining loWer frequency wk+1m+1 (if 
one exists) lies beloW the matching interval, hence no match 
can be made. As a result, the frequency track associated With 
(Dnk is declared “dead” on entering frame k+1, and (Dnk is 
matched to itself With Zero amplitude. In the second case, 
illustrated in FIG. 4(e), the frequency wk+1m_1 is Within the 
matching interval about 00k” and a de?nitive match is made. 
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After either case Step 1 is repeated using the next frequency 
in the frame k list, 00ml. It should be noted that many other 
situations are possible in this step, but to keep the tracker 
alternatives as simple as possible only the tWo cases are 
discussed. 

Step 3 

When all frequencies of frame k have been tested and 
assigned to continuing tracks or to dying tracks, there may 
remain frequencies in frame k+1 for Which no matches have 
been made. Suppose that uumk+1 is one such frequency, then 
it is concluded that (on/“"1 Was “born” in frame k and its 
match, a neW frequency, (on/“+1, is created in frame k With 
Zero magnitude. This is done for all such unmatched fre 
quencies. This last step is illustrated in FIG. 

The results of applying the tracker to a segment of real 
speech is shoWn in FIG. 5, Which demonstrates the ability of 
the tracker to adapt quickly through transitory speech behav 
ior such as voiced/unvoiced transitions, and mixed voiced/ 
unvoiced regions. 

In the simple “magnitude-only” system, synthesis is 
accomplished in a straightforWard manner. Each pair of 
match frequencies (and their corresponding magnitudes) are 
linearly interpolated across consecutive frame boundaries. 
As noted above, in the magnitude-only system, phase con 
tinuity is guaranteed by the de?nition of phase in terms of 
the instantaneous frequency. The interpolated values are 
then used to drive a sine Wave generator Which yields the 
synthetic Waveform as shoWn in FIG. 1. It should be noted 
that performance is improved by reducing the correlation 
WindoW siZe, A, at higher frequencies. 

Afurther feature shoWn in FIG. 1 (and discussed in detail 
beloW) is that the present invention is ideally suited for 
performing time-scale modi?cation. From FIG. 3 it can be 
seen that by simply expanding or compressing the time 
scale, the locations and magnitudes are preserved While 
modifying their rate of change in time. To effect a rate of 
change b, the synthesiZer interpolation rate R‘ (see FIG. 1) 
is given by R‘=bR. Furthermore, With this system it is 
straightforWard to invoke a time-varying rate of change 
since frequencies may be stretched or compressed by vary 
ing the interpolation rate in time. 

FIG. 6 shoWs a block diagram of a more comprehensive 
system in Which phases are measured directly. As shoWn in 
FIG. 6, the more comprehensive system 30 includes a 
sampling WindoW 32, a discrete Fourier transform (DFT) 
analyZer 34, peak estimator 36, and phase calculator 38, in 
the analysis section, and a cubic phase interpolator 40, a 
linear amplitude interpolator 42, a sine Wave generator 44, 
amplitude modulator 46 and summer 48 in the synthesis 
section. In this system the frequency components and their 
amplitudes are determined in the same manner as the 
magnitude-only system described above and illustrated in 
FIG. 1. Phase measurements, hoWever, are derived directly 
from the discrete Fourier transform by computing the arct 
angents at the estimated frequency peaks. 

Since in the comprehensive system of FIG. 6 a set of 
amplitudes, frequencies and phases are estimated for each 
frame, it might seem reasonable to estimate the original 
speech Waveform on the k’th frame by generating synthetic 
speech using the equation, 
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for kN<n§(k+1)N. Due to the time-varying nature of the 
parameters, hoWever, this straightforWard approach leads to 
discontinuities at the frame boundaries Which seriously 
degrades the quality of the synthetic speech. Therefore, a 
method must be found for smoothly interpolating the param 
eters measured from one frame to those that are obtained on 
the next. 
As a result of the frequency matching algorithm described 

in the previous section, all of the parameters measured for an 
arbitrary frame k are associated With a corresponding set of 
parameters for frame k+1. Letting [A1]“, 00/“, 61k] and [A,k+1, 
[M1, 6,k+1] denote the successive sets of parameters for the 

l’th frequency track, (21) then an obvious solution to the 
amplitude interpolation problem is to take 

(Ak+l _ Ak) (8) 
in A : Ak + (I1) N 

Where n=1,2, . . . , N is the time sample into the k’th frame. 

(The track subscript “I” has been omitted for convenience). 
Unfortunately such a simple approach cannot be used to 

interpolate the frequency and phase because the measured 
phase, 6k, is obtained modulo 2 at. Hence, phase unWrapping 
must be performed to insure that the frequency tracks are 
“maximally smooth” across frame boundaries. The ?rst step 
in solving this problem is to postulate a phase interpolation 
function that is a cubic polynomial, namely 

6(t)=‘§+yt+ott2+[5t3 (9) 

It is convenient to treat the phase function as though it Were 
a function of a continuous time variable t, With t=0 corre 
sponding to frame k and t=T corresponding to frame k+1. 
The parameters of the polynomial must be chosen to satisfy 
the frequency and phase measurements obtained at the frame 
boundaries. Since the instantaneous frequency is the deriva 
tive of the phase, then 

and it folloWs that at the starting point, t=0, 

and at the terminal point, t=T 

Where again the track subscript “l” is omitted for conve 
nience. 

Since the terminal phase is measured modulo 275, it 
is necessary to augment it by the term 275M (M is an integer) 
in order to make the resulting frequency function “maxi 
mally smooth”. At this point M is unknoWn, but for each 
value of M, Whatever it may be, (12) can be solved for ot(M) 
and [3(B), (the dependence on M has noW been made 
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explicit). The solution is easily shown to satisfy the 
equation: 

matrix 

In order to determine M and ultimately the solution to the 
phase unwrapping problem, an additional constraint needs to 
be imposed that quanti?es the “maximally smooth” crite 
rion. FIG. 7 illustrates a typical set of cubic phase interpo 
lation functions for a number of values of M. It seems clear 
on intuitive grounds that the best phase function to pick is 
the one that Would have the least variation. This is What is 
meant by a maximally smooth frequency track. In fact, if the 
frequencies Were constant and the vocal tract Were 
stationary, the true phase Would be linear. Therefore a 
reasonable criterion for “smoothness” is to choose M such 
that 

is a minimum, Where 6(t;M) denotes second derivative of 
6(t;M) With respect to the time variable t. 

Although M is integer valued, since f(M) is quadratic in 
M, the problem is most easily solved by minimiZing f(x) 
With respect to the continuous variable x and then choosing 
M to be the integer closest to x. After straightforWard but 
tedious algebra, it can be shoWn that the minimiZing value 
of x is 

from this M* is determined and used in (13) to compute 
ot(M*) and [3(M*), and in turn, the unWrapped phase inter 
polation function 

6(t)=0k+(nkt+(1(M*)t2+[5(M*)t3 (16) 

This phase function not only satis?es all of the measured 
phase and frequency endpoint constraints, but also unWraps 
the phase in such a Way that 6(t) is maximally smooth. 

Since the above analysis began With the assumption of an 
initial unWrapped phase 6k corresponding to frequency wk at 
the start of frame k, it is necessary to specify the initialiZa 
tion of the frame interpolation procedure. This is done by 
noting that at some point in time the track under study Was 
born. When this event occurred, an amplitude, frequency 
and phase Were measured at frame k+1 and the parameters 
at frame k to Which these measurements correspond Were 
de?ned by setting the amplitude to Zero (i.e., Ak=0) While 
maintaining the same frequency (i.e., wk=uuk+1). In order to 
insure that the phase interpolation constraints are satis?ed 
initially, the unWrapped phase is de?ned to be the measured 
phase 6k+1 and the start-up phase is de?ned to be 

ek=ek+1_mk+1N (17) 

Where N is the number of samples traversed in going from 
frame k+1 back to frame k. 
As a result of the above phase unWrapping procedure, 

each frequency track Will have associated With it an instan 
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10 
taneous unWrapped phase Which accounts for both the rapid 
phase changes due to the frequency of each sinusoidal 
component, and the sloWly varying phase changes due to the 
glottal pulse and the vocal track transfer function. Letting 
6,(t) denote the unWrapped phase function for the l’th track, 
then the ?nal synthetic Waveform Will be given by 

1:1 

Where kN<n§(k+1)N, Al(n) is given by (8), 6,(n) is the 
sampled data version of (16), the LG“) is the number of sine 
Waves estimated for the k’th frame. 

The invention as described in connection With FIG. 6 has 
been used to develop a speech coding system for operation 
at 8 kilobits per second. At this rate, high-quality speech 
depends critically on the phase measurements and, thus, 
phase coding is a high priority. Since the sinusoidal repre 
sentation also requires the speci?cation of the amplitudes 
and frequencies, it is clear that relatively feW peaks can be 
coded before all of the available bits Were used. The ?rst 
step, therefore, is to signi?cantly reduce the number of 
parameters that must be coded. One Way to do this is to force 
all of the frequencies to be harmonic. 

During voiced speech one Would expect all of the peaks 
to be harmonically related and therefore, by coding the 
fundamental, the locations of all of the frequencies Will be 
available at the receiver. During unvoiced speech the fre 
quency locations of the peaks Will not be harmonic in this 
case. HoWever, it is Well knoWn from random process theory 
that noise-like Waveforms can be represented (in an 
ensemble mean-squared error sense) in terms of a harmonic 
expansion of sine Waves provided the spacing betWeen 
adjacent harmonics is small enough that there is little change 
in the poWer spectrum envelope (i.e. intervals less than 
about 100 HZ). This representation preserves the statistical 
properties of the input speech provided the amplitudes and 
phases are randomly varying from frame to frame. Since the 
amplitudes and phases are to be coded, this random variation 
inherent in the measurement variables can be preserved in 
the synthetic Waveform. 
As a practical matter it is preferable to estimate the 

fundamental frequency that characteriZes the set of frequen 
cies in each frame, Which in turn relates to pitch extraction. 
For example, pitch extraction can be accomplished by 
selecting the fundamental frequency of a harmonic set of 
sine Waves to produce the best ?t to the input Waveform 
according to a perceptual criterion. Other pitch extraction 
techniques can also be employed. 
As an immediate consequence of using the harmonic 

frequency model, it folloWs that the number of sine Wave 
components to be coded is the bandWidth of the coded 
speech divided by the fundamental. Since there is no guar 
antee that the number of measured peaks Will equal this 
harmonic number, provision should be made for adjusting 
the number of peaks to be coded. Based on the fundamental, 
a set of harmonic frequency bins are established and the 
number of peaks falling Within each bin are examined. If 
more than one peak is found, then only the amplitude and 
phase corresponding to the largest peak are retained for 
coding. If there are no peaks in a given bin, then an arti?cial 
peak is created having an amplitude and phase obtained by 
sampling the short-time Fourier Transform at the frequency 
corresponding to the center of the bin. 
The amplitudes are then coded by applying the same 

techniques used in channel vocoders. That is, a gain level is 
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set, for example, by using 5 bits With 2 dB per level to code 
the amplitude of a ?rst peak (i.e. the ?rst peak above 300 
HZ). Subsequent peaks are coded logarithmically using 
delta-modulation techniques across frequency. In one simu 
lation 3.6 kbps Were assigned to code the amplitudes at a 50 
HZ frame rate. Adaptive bit allocation rules can be used to 
assign bits to peaks. For example, if the pitch is high there 
Will be relatively feW peaks to code, and there Will be more 
bits per peak. Conversely When the pitch is loW there Will be 
relatively feW bits per peak, but since the peaks Will be 
closer together their values Will be more correlated, hence 
the ADPCM coder should be able to track them Well. 

To code the phases a ?xed number of bits per peak 
(typically 4 or 5) is used. One method for coding the phases 
is to assign the measured phase to one of 2” equal subdivi 
sions of —J'|§ to at region, Where n=4 or 5. Another method 
uses the frequency track corresponding to the phase (to be 
coded) to predict the phase at the end of the current frame, 
unWrap the value, and then code the phase residual using 
ADPCM techniques With 4 or 5 bits per phase peak. Since 
there remains only 4.4 kbps to code the phases and the 
fundamental (7 bits are used), then at a 50 HZ frame rate, it 
Will be possible to code at most 16 peaks. At a 4 kHZ speech 
bandWidth and four bits per phase, all of the phases Will be 
coded provided the pitch is greater than 250 HZ. If the pitch 
is less than 250 HZ provision has to be made for regenerating 
a phase track for the uncoded high frequency peaks. This is 
done by computing a differential frequency that is the 
difference betWeen the derivative of the instantaneous cubic 
phase and the linear interpolation of the end point frequen 
cies for that track. The differential frequency is translated to 
the high frequency region by adding it to the linear inter 
polation of the end point frequencies corresponding to the 
track of the uncoded phase. The resulting instantaneous 
frequency function is then integrated to give the instanta 
neous phase function that is applied to the sine Wave 
generator. In this Way the phase coherence intrinsic in the 
voiced speech and the phase incoherence characteristic of 
unvoiced speech is effectively translated to the uncoded 
frequency regions. 

In FIG. 8 another embodiment of the invention is shoWn, 
particularly adapted for time-scale modi?cation. As shoWn 
in FIG. 8, the time-scale modi?cation system 50 includes a 
sampling WindoW 52, a fast Fourier system 50 includes a 
sampling WindoW 52, a fast Fourier transform (FFT) ana 
lyZer 54, a system contribution estimator 56, an excitation 
magnitude estimator 58, an excitation phase calculator 60, a 
linear interpolator 62 (for interpolating the system “magni 
tudes” and “phases”, as Well as the excitation “magnitudes” 
of the spectral components from frame-to-frame), and a 
cubic interpolator 64 (for interpolating the excitation phase 
values from frame-to-frame). The system 50 also includes a 
peak detector 68 and frequency matcher 68 Which control 
the interpolators 62 and 64 in a manner analogous to the 
techniques discussed above in connection With the other 
embodiments. 

Time-scale modi?cation is achieved by rate controller 70 
Which provides adjustments to the rate of interpolation in 
interpolators 62 and 64 to sloW doWn or speed up the 
processing of the Waveforms. The modi?ed Waveforms are 
then synthesiZed by sine Wave generator 72 and summer 74. 
In this illustration, the representative sine Waves are further 
de?ned to consist of system contributions (i.e. from the 
vocal tract) and excitation contributions (i.e. from the vocal 
chords). The excitation phase contributions are singled out 
for cubic interpolation. The procedure generally folloWs that 
described above in connection With other embodiments; 

1O 

15 

25 

35 

45 

55 

65 

12 
hoWever, in a further step the measured amplitudes Alk and 
phases 6/“ are decomposed into vocal tract and excitation 
components. The approach is to ?rst form estimates of the 
vocal tract amplitude and phase as functions of frequency at 
each analysis frame (i.e., M(u), kR) and @(u), kR)). System 
amplitude and phase estimates at the selected frequencies 
00/“ are then given by: 

and 

(Dlk=(0‘)lk>kR) (20) 

Finally, the excitation parameter estimates at each analysis 
frame boundary are obtained as 

alk=Alk/M 1k (21) 

and 

s2,’<=e,’<-<1>,’< (22) 

The decomposition problem then becomes that of esti 
mating M(u), kR) and @(u), kR) as functions of frequency 
from the high resolution spectrum X(u),kR). (In practice, of 
course, uniformly spaced frequency samples are available 
from the DFT.) There exist a number of established Ways for 
separating out the system magnitude from the high 
resolution spectrum, such as all-pole modeling and homo 
morphic deconvolution. If the vocal tract transfer function is 
assumed to be minimum phase then the logarithm of the 
system magnitude and the system phase form a Hilbert 
transform pair. Under this condition, a phase estimate @(u), 
kR) can be derived from the logarithm of a magnitude 
estimate M(u),kR) of the system function through the Hilbert 
transform. Furthermore, the resulting phase estimate Will be 
smooth and unWrapped as a function of frequency. 
One approach to estimation of the system magnitude, and 

the corresponding estimation of the system phase through 
the use of the Hilbert Transform is shoWn in FIG. 9 and is 
based on a homomorphic transformation. In FIG. 9, a 
homomorphic analysis system 90 is shoWn consisting of a 
logarithmic operator 92, a fast Fourier transform (FFT) 
calculator 94, a right-sided WindoW 95, an inverse FFT 
calculator 96 and an exponential operator 98. In this 
technique, the separation of the system amplitude from the 
high-resolution spectrum and the computation of the Hilbert 
transform of this amplitude estimate are in effect performed 
simultaneously. The Fourier transform of the logarithm of 
the high-resolution magnitude is ?rst computed to obtain the 
“cepstrum”. A right-sided WindoW, With duration propor 
tional to the average pitch period, is then applied. The 
imaginary component of the resulting inverse Fourier trans 
form is the desired phase and the real part is the smooth 
log-magnitude. In practice, uniformly spaced samples of the 
Fourier transform are computed With the FFT. The length of 
the FFT Was chosen at 512 Which Was suf?ciently large to 
avoid aliasing in the cepstrum. Thus, the high-resolution 
spectrum used to estimate the sineWave frequencies is also 
used to estimate the vocal-tract system function. 

The remaining analysis steps in the time-scale modifying 
system of FIG. 8 are analogous to those described above in 
connection With the other embodiments. As a result of the 
matching algorithm, all of the amplitudes and phases of the 
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excitation and system components measured for an arbitrary 
frame k are associated With a corresponding set of param 
eters for frame k+1. The next step in the synthesis is to 
interpolate the matched excitation and system parameters 
across frame boundaries. The interpolation procedures are 
based on the assumption that the excitation and system 
functions are sloWly-varying across frame boundaries. This 
is consistent With the assumption that the model parameters 
are sloWly-varying relative to the duration of the vocal tract 
impulse response. Since this sloWly-varying constraint maps 
to a sloWly-varying excitation and system amplitude, it 
suffices to interpolate these functions linearly. 

Since the vocal tract system is assumed sloWly-varying 
over consecutive frames, it is reasonable to assume that its 
phase is sloWly-varying as Well as thus linear interpolation 
of the phase samples Will also suf?ce. However, the char 
acteristic of “sloWly-varying” is more difficult to achieve for 
the system phase than for the system magnitude. This is 
because an additional constraint must be imposed on the 
measured phase; namely that the phase be smooth and 
unWrapped as a function of frequency at each frame bound 
ary. There it is shoWn that if the system phase is obtained 
module 275 then linear interpolation can result in a (falsely) 
rapidly-varying system phase between frame boundaies. The 
importance of the use of a homomorphic analyser of FIG. 9 
is noW evident. The system phase estimate derived from the 
homomorphic analysis is unWrapped in frequency and thus 
sloWly-varying When the system amplitude (from Which it 
Was derived) is sloWly-varying. Linear interpolation of 
samples of this function results then in a phase trajectory 
Which re?ects the underlying vocal tract movement. This 
phase function is referred to as (I>l(t) Where (I>l(o) corre 
sponds to the CIDIk of Equation 22. Finally, as before, a cubic 
polynomial is employed to interpolate the excitation phase 
and frequency. This Will be referred to Q,(t) Where 91(0) 
corresponds to 9/“ of Equation 22. 

The goal of time-scale modi?cation is to maintain the 
perceptual quality of the original speech While changing the 
apparent rate of articulation. This implies that the frequency 
trajectories of the excitation (and thus the pitch contour) are 
stretched or compressed in time and the vocal tract changes 
at a sloWer or faster rate. The synthesis method of the 
previous section is ideally suited for this transformation 
since it involves summing sine Waves composed of vocal 
cord excitation and vocal tract system contributions for 
Which explicit functional expressions have been derived. 

Speech events Which take place at a time to according to 
the neW time scale Will have occured at p_1t0 in the original 
time scale. To apply the above sine Wave model to time-scale 
modi?cation, the “events” Which are time-scaled are the 
system amplitudes and phases, and the excitation amplitudes 
and frequencies, along each frequency track. Since the 
parameter estimates of the unmodi?ed synthesis are avail 
able as continuous functions of time, then in theory, any rate 
change is possible. In conjunction With the Equations 
(19)—(22) the time scaled synthetic Waveform can be 
expressed as: 

(23) 

Where L (n) is the number of sine Waves estimated at time 
n. The required values in equation (23) are obtained by 
simply scaling A,(t), Ql(t) and (I>,(t) at a time p_1n and 
scaling the resulting excitation phase by p_1. 

With the proposed time-scale modi?cation system, it is 
also straightforWard to apply a time-varying rate change. 
Here the time-Warping transformation is given by 
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Where p(T) is the desired time-varying rate change. In this 
generalization, each time-differential dT is scaled by a 
different factor p(T). Speech events Which take place at a 
time to in the neW time scale Will noW occur at a time 

tO‘=W_1(tO) in the original time scale. If to maps back to to‘, 
then one approximation is given by: 

Since the parameters of the sinusoidal components are 
available as continuous functions of time, they can alWays 
be found at the required t1‘. 

Letting tn‘ denote the inverse to time tn=n, the synthetic 
Waveform is then given by: 

Where u),(t) is a quadratic function given by the ?rst deriva 
tive of the cubic phase function Ql(t). 
And Where 

to'=O (29) 

At the time a particular track is born, the cubic phase 
function Ql‘(n) is initialiZed by the value p(tn‘)§2,(tn‘) 

Where Ql(tn‘) is the initial excitation phase obtained using 
(17). 

It should also be appreciated that the invention can be 
used to perform frequency and pitch scaling. The short time 
spectral envelope of the synthetic Waveform can be varied 
by scaling each frequency component and the pitch of the 
synthetic Waveform can be altered by scaling the excitation 
contributed frequency components. 

In FIG. 10 a ?nal embodiment 100 of the invention is 
shoWn Which has been implemented and operated in real 
time. The illustrated embodiment Was implemented in 16-bit 
?xed point arithmetic using four Lincoln Digital Signal 
Processor (LDSPs). The foreground program operates on 
every input A/D sample collecting 100 input speech samples 
into 10 msec buffers 102. At the same time a 10 msec buffer 
of synthesized speech is played out through a D/A converter. 
At the end of each frame, the most recent speech is pushed 
doWn into a 600 msec buffer 104. It is from this buffer that 
the data for the pitch-adaptive Hamming WindoW 106 is 
draWn and on Which a 512 point Fast Fourier Transform 
(FFT) is applied by FFt calucoator 108. Next a set of 
amplitudes and frequencies is obtained magnitude estimator 
110 and peak detector 112 by locating the peaks of the 
magnitude of the FFT. The data is supplied to the pitch 
extraction module 114 from Which is generated the pitch 
estimate that controls the pitch-adaptive WindoWs. This 
parameter is also supplied to the coding module 116 in the 
data compression application. Once the pitch has been 
estimated another pitch adaptive Hamming WindoW 118 is 
buffered and the data transferred by I/O operator 120 to 
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another LDSP for parallel computation. Another 512 point 
FFT is taken by FFT calculator 122 for the purpose of 
estimating the amplitudes, frequencies and phases, to Which 
the coding and speech modi?cation methods Will be applied. 
Once these peaks have been determined the frequency 
tracking and phase interpolation methods are implemented. 
Depending upon the application, these parameters Would be 
coded by coder 116 or modi?ed to effect a speech transfor 
mation and transferred to another pair of LDSPs, Where the 
sum of sine Waves synthesis is implemented. The resulting 
synthetic Waveform is then transferred back to the master 
LDSP Where it is put into the appropriate buffer to be 
accessed by the foreground program for D/A output. 
We claim: 
1. A method of processing an acoustic Waveform, the 

method comprising: 
sampling the Waveform to obtain a series of discrete 

samples and constructing therefrom a series of frames, 
each frame spanning a plurality of samples; 

analyZing each frame of samples to extract a set of 
variable frequency components having individual 
amplitudes; 

matching said variable components from one frame to a 
next frame such that a component in one frame is 
matched With a component in a successive frame that 
has a similar value regardless of shifts in frequency and 
spectral energy; and 

interpolating the matched values of the components from 
the one frame to the next frame to obtain a parametric 
representation of the Waveform Whereby a synthetic 
Waveform can be constructed by generating a set of 
sine Waves corresponding to the interpolated values of 
the parametric representation. 

2. The method of claim 1 Wherein the step of sampling 
further includes determining a pitch period for said Wave 
form and varying the length of the frame in accordance With 
the pitch period, the length being at least tWice the pitch 
period of the Waveform. 

3. The method of claim 2 Wherein the step of sampling 
further includes sampling the Waveform according to a 
pitch-adaptive Hamming WindoW. 

4. The method of claim 1 Wherein the step of analyZing 
further includes analyZing each frame by Fourier analysis. 

5. The method of claim 1 Wherein the step of analyZing 
further includes selecting a harmonic series to approximate 
the frequency components. 

6. The method of claim 5 Wherein the step of selecting a 
harmonic series further includes determining a pitch period 
for the Waveform and varying the number of frequency 
components in the harmonic series in accordance With the 
pitch period of the Waveform. 

7. The method of claim 1 Wherein the step of matching 
includes matching a frequency component of nonZero ampli 
tude from the one frame With a frequency component of 
nonZero amplitude in the next frame having a similar 
frequency value. 

8. The method of claim 7 Wherein said matching further 
provides for the birth of neW frequency components and the 
death of old frequency components. 

9. The method of claim 1 Wherein the step of interpolating 
values further includes de?ning a series of instantaneous 
frequency values by interpolating matched frequency com 
ponents from the one frame to the next frame and then 
integrating the series of instantaneous frequency values to 
obtain a series of interpolated phase values. 

10. The method of claim 1 Wherein the step of interpo 
lating further includes deriving phase values from frequency 
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and phase measurements taken at each frame and then 
interpolating the phase measurements. 

11. The method of claim 1 Wherein the step of interpo 
lating is achieved by performing an overlap and add func 
tion. 

12. The method of claim 1 Wherein the method further 
includes coding the frequency components for digital trans 
mission. 

13. The method of claim 12 Wherein the frequency 
components are limited to a predetermined number de?ned 
by a plurality of harmonic frequency bins. 

14. The method of claim 13 Wherein the amplitude of only 
one of said components is coded for gain and the amplitudes 
of the others are coded relative to the neighboring compo 
nent at the next loWest frequency. 

15. The method of claim 12 Wherein the phases are coded 
by applying pulse code modulation techniques to a predicted 
phase residual. 

16. The method of claim 12 Wherein high frequency 
regeneration is applied. 

17. The method of claim 1 Wherein the method further 
comprises constructing a synthetic Waveform by generating 
a series of constituent sine Waves corresponding in fre 
quency and amplitude to the extracted components. 

18. The method of claim 17 Wherein the time-scale of said 
reconstructed Waveform is varied by changing the rate at 
Which said series of constituent sine Waves are interpolated. 

19. The method of claim 18 Wherein the time-scale is 
continuously variable over a de?ned range. 

20. The method of claim 17 Wherein the pitch of the 
synthetic Waveform is varied by adjusting the frequency of 
each frequency component While maintaining the overall 
spectral envelope. 

21. The method of claim 1 Wherein the method further 
comprises constructing a synthetic Waveform by generating 
a series of constituent sine Waves corresponding in 
frequency, amplitude, and phase to the extracted compo 
nents. 

22. The method of claim 21 Wherein the time-scale of said 
reconstructed Waveform is varied by changing the rate at 
Which said series of constituent sine Waves are interpolated. 

23. The method of claim 22 Wherein the time-scale is 
continuously variable over a de?ned range. 

24. The device of claim 22 Wherein the device further 
comprises means for constructing a synthetic Waveform by 
generating a series of constituent sine Waves corresponding 
in frequency and amplitude to the extracted components. 

25. The device of claim 24 Wherein the device further 
includes means for varying the time-scale of said recon 
structed Waveform by changing the rate at Which said series 
of constituent sine Waves are interpolated. 

26. The device of claim 25 Wherein the means for varying 
the time-scale is continuously variable over a de?ned range. 

27. The device of claim 24 Wherein the constituent sine 
Waves are further de?ned by system contributions and 
excitation contributions and Wherein the means for varying 
the time-scale of said reconstructed Waveform further 
includes means for changing the rate at Which parameters 
de?ning the system contributions of the sine Waves are 
interpolated. 

28. The device of claim 27 Wherein the device further 
includes a scaling means for scaling the frequency compo 
nents. 

29. The device of claim 27 Wherein the device further 
includes a scaling-means for scaling the excitation 
contributed frequency components. 

30. The method of claim 21 Wherein the constituent sine 
Waves are further de?ned by system contributions and 










