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A time variable spectral analysis for speech coding based upon interpolation between speech frames. A speech signal is
modeled by a linear filter which is obtained by a time variable linear predictive coding analysis algorithm. Interpolation between
adjacent speech frames is used in order to express a time variation of the speech signal. In addition, interpolation between adja-
cent frames secures a continuous track of filter parameters across different speech frames.




FIELD OF THE | NVENTION  The present invention relates to a tinme variable

spectral anal ysis algorithn1basé S 2 ®tion of parameters between
adj acent \ghFaAdigkhanes, with an i I low bit rate spefairosaRsiy.
BACKGROUND OF THE I NVENTION In comuni cati on systens,
speech codi ng devices

TIME VARIABLE SPECTRAL ANALYSIS BASED ON
INTERPOLATION FOR SPEECH CODING

FIELD OF THE INVENTION

The present invention relates to a time variable spectral

5 analysis algorithm based upon interpolation of parameters between
adjacent signal frames, with an application to low bit rate
speech coding.

BACKGROUND OF THE INVENTION

In modern digital communication systems, speech coding devices

10 and algorithms.play a central role. By means of these speech
coding devices and algorithms, a speech signal is compressed so
that it can be transmitted over a digital communication channel
using a low number of information bits per unit of time. As a
result, the bandwidth requirements are reduced for the speech

15 channel which, in turn, increases the capacity of, for example,
a mobile telephone system.

In order to achieve higher capacity, speech coding algorithms
that are able to encode speech with high quality at lower bit
rates are needed. Recently, the demand for high quality and low
20 bit rate has sometimes lead to an increase of the frame length
used in the speech coding algorithms. The frame contains speech
samples residing in the time interval that is currently being
processed in order to calculate one set of speech parameters.
The frame 1length is typically increased from 20 to 40
25 milliseconds.

As a consequence of the increase of the frame length, fast
transitions of the speech signal cannot be tracked as accurately
as before. For example, the linear spectral filter model that
models the movements of the vocal tract, is generally assumed to
30 be constant during one frame when speech is analyzed. However,



and algorithns play a central role. By means of these speech coding
devices and algorithns, a speech signal is conpressed so that it can be
transm t WQ 94048602 di gi t al communi cation channel using a | oWGT/SESB/08639
information bits per unit of tinme. As a result, the bandw dth requirenments
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order to calcula?e one set of speech parangters. ) L

by a linear filter, that 'is obtained by a linear predictive

5 coding (LPC) analysis algorithm. Linear predictive coding is
disclosed in "Digital Processing of Speech Signals," L.R. Rabiner

and R.W. Schafer, Prentice Hall, Chapter 8, 1978, and is
incorporated herein by reference. The LPC analysis algorithms
operate on a frame of digitized samples of the speech signal, and

10 produces a linear filter model describing the effect of the vocal
tract on the speech signal. The parameters of the linear filter
model are then quantized and transmitted to the decoder where

they, together with other information, are used in order to
reconstruct the speech signal. Most LPC analysis algorithms use

15 a time invariant filter model in combination with a fast update
of the filter parameters. The filter parameters are usually
transmitted once per frame, typically 20 milliseconds long. When

the updating rate of the LPC parameters is reduced by increasing

the LPC analysis frame length above 20 ms, the response of the

20 decoder is slowed down and the reconstructed speech sounds less
clear. The accuracy of the estimated filter parameters is also
reduced because of the time variation of the spectrum.
Furthermore, the other parts of the speech coder are affected in

a negative sense by the mis-modeling of the spectral filter.

25 Thus, conventional LPC analysis algorithms, that are based on
linear time invariant filter models have difficulties with
tracking formants in the speech when the analysis frame length is
increased in order to reduce the bit rate of the speech coder.

A further drawback occurs when very noisy speech is to be

30 encoded. It may then be necessary to use long speech frames
which contain many speech samples in order to obtain a sufficient
accuracy of the parameters of the speech model. With a time
invariant speech model, this may not be possible because of the
formant tracking capabilities described above. This effect can

35 be counteracted by making the linear filter model explicitly time

variable.
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Time variable spectral estimation algorithms can be constructed
from various transform techniques which are disclosed in "The
Wigner Distribution-A Tool for Time~Frequency Signal Analysis,"
T.A.C.G. Claasen and W.F.G. Mecklenbraduker, Philips J. Res., Vol.
35, pp. 217-250, 276-300, 372-389, 1980, and "Orthonormal Bases

of Compactly Supported Wavelets," I. Daubechies, Comm. e.
Appl. Math., Vol. 41, pp. 929-996, 1988, which are incorporated
herein by reference. Those algorithms are, however, less

suitable for speech coding since they do not possess the
previously described linear filter structure. Thus, the
algorithms are not directly interchangeable in existing speech
coding schemes. Some time variability may also be obtained by
using conventional time invariant algorithms in combination with
so called forgetting factors, or equivalently, exponential
windowing, which are described in "Design of Adaptive Algorithms
for the Tracking of Time-Varying Systems," A. Benveniste, Int. J.
Adaptive Control Signal Processing, Vol. 1, no. 1, pp. 3-29,
1987, which is incorporated herein by reference.

The known LPC analysis algorithms that are based upon explicitly
time variant speech models use two or more parameters, i.e., bias
and slope, to model one filter parameter in the lowest order time
variable case. Such algorithms are described in "Time-dependent
ARMA Modeling of Nonstationary Signals," Y. Grenier, IEEE
Transactions on Acoustics, Speech and Signal Processing, Vol.
ASSP-31, no. 4, pp. 899-911, 1983, which is incorporated herein
by reference. A drawback with this approach is that the model
order is increased, which leads to an increased computational
complexity. The number of speech samples/free parameter
decreases for fixed speech frame lengths, which means that
estimation accuracy is reduced. Since interpolation between
adjacent speech frames is not used, there is no coupling between
the parameters in different speech frames. As a result, coding
delays which extend beyond one speech frame cannot be utilized in
order to improve the LPC parameters in the present speech frame.
Furthermore, algorithms that do not utilize interpolation between
adjacent frames, have no control of the parameter variation
across frame borders. The result can be transients that may



2 for 40 mllisecond franmes, this assunption nmay not be true since the
spectrum can change at a faster rate. In many speech coders, the effect
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The present invention overcomes the above problems by utilizing
a time variable filter model based on interpolation between
adjacent speech frames, which means that the resulting time
variable LPC-algorithms assume interpolation between parameters
of adjacent frames. As compared to time invariant LPC analysis
algorithms, the present invention discloses LPC analysis
algorithms which improve speech quality in particular for longer
speech frame lengths. Since the new time variable LPC analysis
algorithm based upon interpolation allows for longer frame

SUMMARY OF THE DISCLOSURE

lengths, improved quality can be achieved in very noisy
situations. It is important to note that no increase in bit rate .
is required in order to obtain these advantages.

The present invention has the following advantages over other
devices that are based cn an explicitly time varying filter
model. The order of the mathematical problem is reduced which
reduces computational complexity. The order reduction also
increases the accuracy of the estimated speech model since only

half as many parameters need to be estimated. Because of the
coupling between adjacent frames, it 1is possible to obtain
delayed decision coding of the LPC parameters. The coupling

between the frames is directly dependent upon the interpolation
of the speech model. The estimated speech model can be optimized
with respect to the subframe interpolation of the LPC parameters
which are standard in the LTP and innovation coding in, for
example, CELP coders, as disclosed in "Stochastic Coding of
Speech Signals at Very Low Bit Rates," B.S. Atal and M.R.
Schroeder, Proc. Int. Conf. Comm. ICC-84, pp. 1610-1613, 1984,
and "Improved Speech quality and Efficient Vector Quantization in
SELP," W.B. Xlijn, D.J. Krasinski, R.H. Ketchum, 1988
International Conference on Acoustics, Speech, and Signal
Processing, pp.155-158, 1988, which are incorporated herein by
reference. This is accomplished by postulating a piecewise
constant interpolation scheme. Interpolation between adjacent



=d|sclosed in"Digital Processing of Speech Signals,” L.R Rabiner and R'W
haf er, Prentlce I—lérhsmﬁeﬂn Rplact®78, and is incorporated herein by

Sc
ref eren C an hnms operate on a frane of
Cﬁ? tﬁe 30 ,ﬂ" l roduces® a linear filter #ﬂegtwﬁ%i ng

sanples 0 speech
the effect of the vocal tract on e speech signal. The paraneters of the

linear filter nodel are then quantlzed and transmtted to the decoder where

t hey, toge |nfor n,.are ed in .Q . reconstruct the
speech S|g%g§&L%%E? %P%%CH§FstS 3fV¥ﬁﬁ% éﬁﬁb YehParanehers
nmodel in caabpast fyame bordefrsst update of the fllter par anet ers. The
filter paraneters are usually transmtted once per frane typically 20

mlliseconds | ong. Wien the updating rate of the LPC paraneters is reduced
by increasThg tavaragmaPfsithe r aFeseatgt nwentvior0ass canparast pbas etdfer

the decodegei$cakowee dpwetaad fahel QStd Ut el
The accuracy of the est?n&ted ?%ﬁerane#grs Iz&gg&%g&%ayk;ééaﬁafaﬁég
5 i8 that the present 1nvent10n can replace the LPC analysis block

in many present coding schemes without requiring further
modification to the codecs.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described in more detail with
10 reference to preferred embodiments of the invention, given only
by way of example, and illustrated in the accompanying drawings,
in which:
Fig. 1 illustrates the interpolation of one particular filter
parameter, a;:
15 Fig. 2 illustrates weighting functions used in the present
invention:;
Fig. 3 illustrates a block diagram of one particular algorithm
obtained from the present invention:; and
Fig. 4 1illustrates a block diagram of another particular
20 algorithm obtained from the present invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

While the following description is in the context of cellular
communication systems involving portable or mobile telephone
and/or personal communication networks, it will be understood by
25 those skilled in the art that the present invention may be
applied to other communication applications. Specifically,
spectral analysis techniques disclosed in the present invention
can also be used in radar systems, sonar, seismic signal
processing and optimal prediction in automatic control systems.

30 In order to improve the spectral analysis, the following time
varying all-pole filter model is assumed to generate the spectral
shape of the data in every frame



reduced because of the tinme variation of the spectrum Furthernore, the
ot her parts of the spgesle¢Qdekn RERcafl fected in a negative sense by the

m s- nodehy f e s Thus, conventi onal LPC:@ggl '

al gorit hrrwsd?g?@é#d;r e gmg&my mu%t time énvariant filter |Sél'§h’3]\9g39
difficulties wth tra r tS in the speech when the analysis frame
|l ength is increased in order to reduce the bit rate of the speech coder. A
further drawback occurs when very noisy speech is to be encoded. It may

t hen be necessary to use | ong speech .franmes which contain many speech
sanples in order to obtain a suffP’ﬁ%ﬁf;g%ﬁUﬁ@pﬁQﬁ)the paranmeters of the
speech nodel. Wth a tine invariant speeCh ‘nodel, this may not be possible
because of the formant tracking capabilities described above. This effect
can be counteracted by making the linear filter nodel explicitly tingd-1)
vari able. Here y(t) is the discretized data signal and e(t) is a white

noise signal. The filter polynomial A(q’l,t) in the backward
shift operator g-! (g™Xe(t) = e(t-k)) is given by

Algt,t) = 1+a,{(t)g™t «. .. +a, ()@

S (eq.2)
The difference as compared to other spectral analysis algorithms
is that the filter parameters here will be allowed to vary in a
new prescribed way within the frame.

Since e(t) is white noise, it follows that the optimal linear
10 predictor y(t) is given by

() = —a(O)y(t-1) - ... - a, () y(t-n)

(eq.3) Ifthe
parameter vector 6(t) and the regression vector g¢(t) are
introduced according to

6(t) = (a,(t)...a. ()7
15 | (eq.4)

@(t) = (-y(t-1)...-y(t-n))7T

(eg.5)
then the optimal prediction of the signal y(t) can be formulated
as

yit) =87(¢t) @ (t)
_ (eq.6)
20 In order to describe the spectral model in detail, some notation

needs to be introduced. Below, the superscripts (), ()° and ()*
refer to the previous, the present and the next frame,
respectively.
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N : the number of samples in one frame.
t : the t:th sample as numbered from the beginning

of the present frame.

kX : the number of subintervals used in one frame
for the LPC-analysis.

m : the subinterval in which the parameters are
encoded, i.e., where the actual parameters
occur.

j : index denoting the 3Jj:th subinterval as
numbered from the beginning of the present
frame.

i index denoting the i:th filter-parameter.

a;(j(t)) : interpolated wvalue of the i:th filter

parameter in the j:th subinterval. Note that

j is a function of t.

a; (m-k)=a;~ actual parameter vector in previous speech

frame.

ai(m)=ai°

actual parameter vector in present speech
frame.

aj(m+k)=a;* : actual parameter vector in next speech frame.
In the present embodiment, the spectral model utilizes
interpolation of the a-parameter. In addition, it will be
understood by one of ordinary skill in the art that the spectral
model could utilize interpolation of other parameters such as
reflection coefficients, area coefficients, log-area parameters,
log-area ratio parameters, formant frequencies together with
corresponding bandwidths, line spectral frequencies, arcsine
parameters and autocorrelation parameters. These parameters
result in spectral models that are nonlinear in the parameters.

The parameterization can now be explained from Fig. 1. The idea

is to interpolate piecewise constantly between the subframes m-k,

k and n+k. Note, however, that interpolation other than
piecewise constant interpolation is possible, possibly over more
than two frames. Note, in particular, that when the number of
subintervals, k, equals the number of samples in one frame, N,
then interpolation becomes linear. Since a;” is known from the
analysis of the previous frame, an algorithm can be formulated



Tinme variabl e spectral estimation algorithnms can be constructed from
various transformtechni ques which are disclosed in "The Wgner
Di stributyweygspikgg! for Tine-Frequency Sigpal Analysis," T. A n
and WF. G NocKiembr auker, Philips J. Res 8 Vol . 35, op. 217-"33'85,5%@@80,
372-389, 1980, and "Orthonormal Bases of Conpactly Supported Wavel ets,” |.
Daubechi es, Comm Pure Appl. Math., Vol. 41, pp. 929-996, 1988, which are
i ncor por at eghder&éteBiné ST €h8NGS0 andNPsEsaLHOY] re, el ad £S5
suitabl e for_speech codin%.since‘tngx dgﬁngt pgééegggt%b br%€?%§§+§izatlon
described 9% nEl® Spp| dr the rgared diffppencethetwpgnr thensladae anst the
directly i miedehanggait eédq. exi sting speech coding schenmes. Sone tine
variability may al so be obtai ned by using conventional tinme invariant
al gorithns in conbination with so called forgetting factors, or
equi val ent |1Big expoiklnsttavesdintegpodaitdbnabe daecrii:ked d-parderit@y .0f The
Adaptiye A | far. t T, Ki Tie- Var.yi ng Systems, " A
Ben\eeniyste,%%#[é.cpg&l%%s Q? £REK O PLedd AP YR A8 eV 8EE Bt erfials where
interpolation is used in order to calculate a;(j(t)) where

N =160 and k = m = 4 in the figure.
The interpolation gives, e.g., the following expression for the
i:th filter parameter:

a,(i(e)) = a; m-J;c(t) .a® k—m+kj(z:)

’ m-ij ( C) m

10 (eq.7)

« FJEY-m

a;(j(t)) +4a; %

al k+m;g(t) , MsF(t) sm+k

It is convenient to introduce the following weight functions:

2k-m+j{t)

w{j(t), k,m = X

. M-2ksji(t) sm-k

wF(E)  kom) = -’f’-‘—l}-g—“— m-ks3j(t) <m

(eq.8)

w{Jj(t),k,m) = 0, otherwise

WO(F(t) , kom) = -’-‘—‘i"-fkl—‘—“— m-k<j(£) sm

WO (5 (E), kom) = -’Ei"-:kl-‘-é’- msj (£) smk

(eq. 9)
This Sheet Has Been Replaced




.Adabtive Control Signal Processing, Vol. 1, no. 1, pp. 3-29, 1987, which is
I ncor por at ed hereinThymkgﬁgggggﬁ The known LPC anal ysis al gorithns that

are basagouwaediggyp! i ;H!W st spgech nodel s use tWpEf/sE95A0539
paraneters, i.e., bi Hw]%éﬂ o nodel” one filter paranmeter in the
| owest order time vari ! ch algorithns are described in

"Ti me- dependent ARMA Mbdeling of Nonstationary Signals,” Y. Genier,

| EEE Transactions on Acoustics. Speech and Signal Processing, Vol. ASSP-31,
no. 4, pp. 899-911, 1983, whiwhji(s)i,doanper at edcherviseby reference. A
drawback with this approach is that the nodel order is increased, which

| eads to an increased conputational conplexity. The nunber of speech

sanpl es/free paraneter dgefpemesk,fmr f LB &Bkech. i EpER.kengt hs, which
means that estimation accuracy is reduced. ¥ Since interpolation between

we(G(E), k,m = 2kem=g(E)

T » mMrksF(t) sm+2k

(eq.10)

w'(j(t) ,k,m) = 0, otherwise

Fig. 2 illustrates the weight functions w™ (t,N,N),
wo(t,N,N) and w'(t,N,N) for N = 160. Using equations (eq.7)-
(eq.10), it is now possible to express the a;(j(t)) in the

5 following compact way

a;(j(8)) = w (G(e), k,maj+w®(F(t) , k,malew (F(&),k,maj

(eq.11)

Note that (eq.6) is expressed in terms of B(t) , i.e., in terms

of the a;(j(t)). Equation (eq.1ll) shows that these parameters
are in fact linear combinations of the true unknowns, i.e., a;”,
10 aio and ai*. These linear combinations can be formulated as a
vector sum since the weight functions are the same for all
a;(j(t)). The following parameter vectors are introduced for

this purpose:

6= (a;...an"”

(eq.12)
8° = (al...ad)

15 (eqg.13)
8 = (a;...a))"T

(eq.l1l4)

It then follows from equation (eqg.1ll) that



adj acent speech franmes is not used, there is no coupling between the
paraneters in different speech franes. As a result, coding del ays which

ext end beYOrM/M860 speech franme cannot be wpilized in order tBCI/§RIZNAISBNe
LPC paraneters in the present speech frane. Furthernore, algorithns that do
not utilize interpolation between adjacent franmes, have no control of the
paraneter variation across franme borders. The result can be transients

that may B(F(E)) =w (5(E), k,m 8 +w® (5 (&), k,m) O +w" (7 (£) , k., m)B*
(eq.15)
Using this linear combination, the model (eq.6) can be expressed
as the following conventional linear regression
yit) = 8% (t)
{eqg.16)
S where
6 = (67T 8°'T °nT
(eq.17)
d(e)={w (F(t) , k.moT(z) w(F(t),k,meT (L)
w'(j(t) , k,meT(£)]7
(eqg.18)

This completes the discussion of the model.

Spectral smoothing is then incorporated in the model and the

10 algorithm. The conventional methods, with pre-windowing, e.g. a
Hamming window, may be used. Spectral smoothing may also be
obtained by replacement of the parameter a;(j(t)) with
ai(j(t))/pi in equation (eg. 6), where p is a smoothing parameter
between 0 and 1. In this way, the estimated a-parameters are

15 reduced and the poles of the predictor model are moved towards
the center of the unit circle, thus smoothing the spectrum. The
spectral smoothing can be incorporated into the linear regression
model by changing equations (eq.16) and (eqg.18) into

yie) = 0%, ()

(eq.19)
da () =(w (F (L) . k,me;(t) w (F(t),k,m)e}(t)
w (G (t) , k,m)@;(t))
20 (eq.20)
where
(eg.21)
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4 reduce speech quality. SUMVARY OF THE DI SCLOSURE The present
I nvention overcones the above problens by utilizing a tinme variable filter

nodel bawedogtgept er pol ati on bet ween adjacent speech franes, '
that the resulting tine 11 pCF)SEY3 R

@,(t)=(-pty(t-1)...-py(c-n))7

Another class of spectral smoothing techniques can be utilized by
windowing of the correlations appearing in the systems of
equations (eq.28) and (eq.29) as described in “Improving
Performance of Multi-Pulse LPC-Codecs at Low Bit Rates," 8.

5 Singhal and B.S. Atal, Proc. ICASSP, 1984, which is incorporated
herein by'reference.

Since the model is time variable, it may be necessary to
incorporate a stability check after the analysis of each frame.
Although formulated for time invariant systems, the classical

10 recursion for calculation of reflection coefficients from filter
parameters has proved to be useful. The reflection coefficients
corresponding to, e.g., the estimated 6%-vector are then
calculated, and their magnitudes are checked to be less than one.
In order to cope with the time-variability a safety factor

15 slightly less than 1 can be included. The model can also be
checked for stability by direct célculation of poles or by using
a Schur-Cohn-Jury test.

If the model is unstable, several actions are possible. First,
a;(j(t)) can be replaced with Aiai(j(t)), where A is a constant

20 between 0 and 1. A stability test, as described above, is then
repeated for smaller and smaller A, until the model is stable.
Another possibility would be to calculate the poles of the model
and then stabilize only the unstable poles, by replacement of the
unstable poles with their mirrors in the unit circle. It is well

25 known that this does not affect the spectral shape of the filter
model.

The new spectral analysis algorithms are all derived from the
criterion

V, (@)=Y €5 (£,0) =Y (y(£)-8%,(£))?

cel cel
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vari abl e LPC-al gorithns assune interpol ati on between paraneters of adjacent
frames. As conpared to tinme invariant LPC analysis algorithns, the present
i nvent i oWQIP&/OI860es ThiRChariads BeinReph@@! i t B whi ch i nprove spMSCREIAPSIY in

particul ar for |onger | engths. Since the new tinme variable LPC
anal ysi s al gorithm ba
[

l pol ation allows for |onger frane
| engt hs, inproved qua y can hi eved in very noisy situations. It is

i nportant to note that no increase in bit rate is required in ordefefle22)
obtai n thesg advant ages. The present invention has the follow ng
advantagesw &F ot her devices that are based on an explicitly tinme varying
filter nodel. The order of the mathefati €hl: pkxbl emis reduced which

reduces conputational conplexity. The order reduction al so(eg¢h8yses the
accuracy of the estimated speech nodel since only . ..
5 is the time interval over which the model is optimized. Note

that n extra samples before t are used because of the definition

of o¢(t). Using I, a delay can be used in order to improve

quality. As stated previously, it is assumed that 8~ is known

from the analysis of the previous frame. This means that the
10 criterion vp(a) can be written as

v, (89 =Y {(y(6)-07Tw (F(E) , k,m) @, (£)) -0°°T45" (£) }2=

tel

Y (Fle) -8 Ty (£) )2
Lel

(eq.24)
where y(t) is a known quantity and where
g% = (B°T 9T T
(eq.25)
% (e) = (WO(F(E), kome;(e) wiFle), k.meg(e))T
(eq.26)
15 It is straightforward to introduce exponential weighting factors

into the criterion, in order to obtain exponential forgetting of
the old data.

The case, where the size of the optimization interval I is such
that the speech model is affected by the parameters in the next
20 speech frame, is treated first. This means that also 6" needs to
be calculated in order to obtain the correct estimate of 8%. 1t
is important to note that although 8* is calculated, it is not
necessary to transmit it to the decoder. The price paid for this
is that the decoder introduces an additional delay since speech
25 can only be reconstructed until subinterval m of the present
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(eq.27)
The minimization of the criterion (eqg.24) follows from the theory
of least squares optimization of linear regressions. The optimal
parameter vector 8% is therefore obtained from the linear system
10 of equations
(E b (£)pT(E) )e°-=z Fior ey ()
el cel
(eg.28)
The system of equations (eq.28) can be solved with any standard

method for solving such systems of equations. The order of
equation (eqg.28) is 2n.

15 Fig. 3 illustrates one embodiment of the present invention in
which the Linear Predictive Coding analysis method is based upon
interpolation between adjacent frames. More specifically, Fig.
3 illustrates the signal analysis defined by equation 28 (eq.
28), using Gaussian elimination. First, the discretized signals

20 may be multiplied with a window function 52 in order to obtain

' spectral smoothing. The resulting signal 53 is stored on a frame
based manner in a buffer $4. The signal in the buffer 54 is then
used for the generation of regressor or regression vector signals
55 as defined by equation (eg.21). The generation of regression

25 vector signals 55 utilizes a spectral smoothing parameter to
produce a smoothed regression vector signals. The regression
vector signals 55 are then multiplied with weighting factors 57
and 58, given by equations 9 and 10 respectively, in order to
produce a first set of signals 59. The first set of signals are

30 defined by equation (eg. 26). A linear system of equations 60,
as defined by equation (eq. 28), is then constructed from the
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first set of signals 59 and a second set of signals 69 which will

‘be discussed below. In this embodiment, the system of equations

is solved using Gaussian elimination 61 and results in parameter
vector signals for the present frame 63 and the next frame 62.
The Gaussian elimination may utilize LU-decomposition. The
system of equations can also be solved using QR-factorization,
Levenberg-Margardt methods, or with recursive algorithms. The
stability of the spectral model 1is secured by feeding the
parameter vector signals through a stability correcting device
64. The stabilized parameter vector signal of the present frame
is fed into a buffer 65 to delay the parameter vector signal by
one frame.

The second set of signals 69 mentioned above, are constructed by
first multiplying the regression vector signals 55 with a
weighting function 56, as defined by equation (eq.8). The
resulting signal is then combined with a parameter vector signal
of the previous frame 66 to produce the signals 67. The signals
67 are then combined with the signal stored in buffer 54 to
produce a second set of signals 69, as defined by equation
(eqg.24).

When I does not extend beyond subinterval m of the present frame,
wr(j(t),k,m,) equals zero and it follows from equations (egq.25)
and (eg.26) that the right and left hand sides of the last n
equations of (eq.28) reduce to zero. The first n equations
constitute the solution to the minimization problem as follows

(E w2 (j(c), k,m e, (L) ¢I(c>)e°=):;r'< e wo(j(t), k.mg,(t)

tel £ 3¢

(eqg.29)
As above, this is a standard least squares problem where the
weighting of the data has been modified in order to capture the
time-variation of the filter parameters. The order of equation
(eg.29) 1is n as compared to 2n above. The coding delay
introduced by equation (eg.29) is still described by equation
(eq.27) although now t, < mN/k.
This Sheet Has Been

U
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which the Linear Predictive Coding analysis method is based upon
interpolation between adjacent frames. More specifically, Fig.
4 illustrates the signal analysis defined by equation (eq.29).
First, the discretized signal 70 may be multiplied with a window
function signal 71 in order to obtain spectral smoothing. The
resulting signal is then stored on a frame based manner in a
buffer 73. The signal in buffer 73 is then used for the
generation of regressor or regression vector signals 74, as
defined by equation (eq.21), utilizihg a spectral smoothing
parameter. The regression vector signals 74 are then multiplied
with a weighting factor 76, as defined by equation (eq.9), in
order to produce a first set of signals. A linear system of
equations, as defined by equation (eqg.29), 1is constructed from
the first set of signals and a second set of signals 85, which
will be defined below. The system of equations is solved to
yield a parameter vector signal for the present frame 79. The
stability of the spectral model 1is obtained by feeding the
parameter vector signal through a stability correcting device 80.
The stabilized parameter vector signal is fed into a buffer 81
that delays the parameter vector signal by one frame.

The second set of signals, mentioned above, are constructed by
first multiplying the regression vector signals 74 with a
weighting function 75, as defined by equation (eq. 8). The
resulting signal is then combined with the parameter vector
signal of the previous frame to produce signals 83. These
signals are then combined with the signal from buffer 73 to
produce the second set of signals 85.

The disclosed methods can be generalized in several directions.
In this embodiment, the concentration is on modifications of the
model and on the possibility to derive more efficient algorithms
for calculation of the estimates.

One modification of the model structure is to include a numerator
polynomial in the filter model (eq.l) as follows
(eq.30)



reference to preferred enbodi mrents of the invention, given only by way of
exanpl e, @Qc; id h#@t rated in the acconpanying drawi ngs, in which: Fig. 1
illustrate f‘f’lé terpol ati on of one partigul ar filter paranBCESEIINQOS53Y ;
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DESCRI PTI ON OF THE PREFERRED ENMBORK ME Y 1'§)e(C)
a,

where
c{g, t)=1+c, ()@ +...c () g™

(eq.31)

When constructing algorithms for this model, one alternative is
to use so called prediction error optimization methods as
5 described in "Theory and Practice of Recursive Identification,"
L. Ljung and T. Soéderstrém, Cambridge, Mass., M.I.T. Press,
Chapters 2-3, 1983, which is incorporated herein by reference.

Another modification is to regard the excitation signal, that is
calculated after the LPC-analysis in CELP-coders, as known. This
10 signal can then be used in order to re-optimize the LPC-
parameters as a final step of analysis. If the excitatioﬁ signal

is denoted by u(t), an appropriate model structure is the
conventional equation error model:

Alg?t, t)y(t)=B(g?, tlu(t) +e(t)

(eg.32)
15 where

B(g™, t)=by(t) +b () g t+...~b () g™

(eq.33)
An alternative is to use a so-called output error model. This

does however lead to higher computational complexity since the
optimization requires that nonlinear search algorithms are used.

20 The parameters of the B-polynomial are interpolated exactly as
those of the A-polynomial as described previously. By the
introduction of

0" = (aj...apby...b)T
(eqg.34)
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filter nodel is assuned to generate the spectral shape of the data in every
frame

(eq.35)
8" = (a,...ajh,...b) 7T
(eq.36)
@, (t) = (-piy(e-1)...-p™y(c-n)u(t)...0u(t-m))7
(eq.37)

it is possible to verify that equations (eq.28) and (eq.29) still

5 hold with equations (eq.34)-(eq.37) replacing the previous
expressions everywhere. The notation o denotes the spectral
smoothing factor corresponding to the numerator polynomial of the
spectral model.

Another possibility to modify the algorithms is to |use

10 interpolation other than piecewise constant or linear between the
frames. The interpolation scheme may extend over more than three
adjacent speech frames. It is alsc possible to use different
interpolation schemes for different parameters of the filter
model, as well as different schemes in different frames.

15 The solutions of equations (eq.28) and (eq.29) can be computed by
standard Gaussian elimination techniques. Since the least
squares problems are in standard form, a number of other
possibilities also exist. Recursive algorithms can be directly
ocbtained by application of the so-called matrix inversion lemma,

20 which 1is disclosed in "Theory and Practice of Recursive
Identification" incorporated above. Various variants of these
algorithms then follow directly by application of different
factorization techniques like U-D-factorization, QR-
factorization, and Cholesky factorization.

25 Computationally more efficient algorithms to solve equations
(egq.28) and (eg.29) <could be derived (so-called ‘“fast
algorithms"). Several techniques can be used for this purpose,
e.g., the algebraic technique used in "Fast calculations of gain
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matrices for recursive estimation schemes," L.Ljung, M. Morf and
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D. Falconer, Int. J. Contr., vol. 27, pp. 1-19, 1978, and

"Efficient solution of co-variance equations for linear
prediction,® M. Morf, B. Dickinson, T. Kailath and A. Vieira,
IEEE Trans. Acoust., Speech, Signal Processing, vol. ASSP-25, pp.
429-433, 1977, which are incorporated herein by reference.
Techniques for designing fast algorithms are summarized in
"Lattice Filters for Adaptive Processing," B. Friedlander, Proc.
IEEE, Vol. 70, pp. 829-867, 1982, and the references cited
therein, which are incorporated herein by reference. Recently,
so-called lattice algorithms have been obtained based on a
polynomial approximation of the parameters of the spectral model,
(eqg.1l) using a geometric argumentation, as described in "RLS
Polynomial Lattice Algorithms For Modelling Time-Varying
Signals," E. Karlsson, Proc. ICASSP, pp. 3233-3236, 1991, which
is incorporated herein by reference. That approach is however
not based on interpolation between parameters in adjacent speech
frames. As a result, the order of the problem is at least twice
that of the order of the algorithms presented here.

In another embodiment of the present invention, the time variable
LPC-analysis methods disclosed herein are combined with
previously known LPC-analysis algorithms. A first spectral
analysis using time variable spectral models and utilizing
interpolation of spectral parameters between frames is first
performed. Then a second spectral analysis is performed using a
time invariant method. The two methods are then compared and the
method which gives the highest quality is selected.

A first method to measure the quality of the spectral analysis
would be to compare the obtained power reduction when the
discretized speech signal is run through an inverse of the
spectral filter model. The highest quality corresponds to the
highest power reduction. This is also known as prediction gain
measurement. A second method would be to use the time variable
method whenever it is stable (incorporating a small safety
factor). If the time variable method is not stable, the time
invariant spectral analysis method is chosen.



(eqg. 1) Here y(t) is the discretized data signal and e(t) is a white noise
si gnal . The filter polynomal A(q[err],t) in the backward shift operator
glerr] MO4/01860 = e(t-k)) is given by jg[err] PCT/SE93/00539
(eq.2) The difference as conpared to other spectral analysis algorithns is
that the filter paraneters here will be allowed to vary in a new prescribed
way within the frane. Since e(t) is white noise, it follows that the
optimal |IwRERE a particular embodiment of the present invention has been

described and illustrated, it should be understood that the
invention is not limited thereto, since modifications may be made
by persons skilled in the art. The present invention

5 contemplates any and all modifications that fall within the
spirit and scope of the underlying invention disclosed and
claimed herein.
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WHAT IS CLAIMED IS:

1. A method of spectral analysis of signal frames using time
variable spectral models, the method comprising:
modeling the spectrum using a filter model utilizing
interpolation of parameter signals between a previous, present
and next frame;

sampling a signal to obtain a series of discrete
samples and constructing therefrom a series of frames:

calculating regressor signals from said signal;

smoothing the spectrum by combining the regressor
signals with a smoothing parameter to obtain smoothed regressor
signals:

combining said smoothed regressor signals with
weighting factors to produce a first set of signals;

combining parameter signals from the previous frame
with said smoothed regressor signals, a signal sample and a
weighting factor to produce a second set of signals;

calculating parameter signals for the present frame and
the next frame from the first and second set of signals:

determining whether the model is stable; and

stabilizing the model if it is determined that the
model is unstable.

2. A method of spectral analysis for signal frames according to
claim 1, wherein said filter model is a linear, time-varying all-

pole filter.

3. A method of spectral analysis for signal frames according to
claim 1, wherein said filter model includes a numerator.

4. A method of spectral analysis for signal frames according to
claim 1, wherein said interpolation is piecewise constant.

5. A method of spectral analysis for signal frames according to
claim 1, wherein said interpolation is piecewise linear.

6. A method of spectral analysis for signal frames according to

R R 00 W
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claim 1, wherein said interpolation extends over more frames than
said previous, present and next frames.

7. A method of spectral analysis for signal frames according to
claim 1, wherein said interpoclation is nonlinear.

8. A method of spectral analysis for signal frames according to
claim 1, wherein spectral smoothing is obtained by prewindowing
of the signal.

9. A method of spectral analysis for signal frames according to
claim 1, wherein spectral smoocthing is obtained by correlation
weighting.

10. A method of spectral analysis for signal frames according to
claim 1, wherein a Schur-Cohn-Jury test is used to determine if
said model is stable.

11. A method of spectral analysis for signal frames according to
claim 1, wherein the stability of said model is determined by
calculating reflection coefficients and examining their sizes.

12. A method of spectral analysis for signal frames according to
claim 1, wherein the stability of said model is determined by
calculation of poles.

13. A method of spectral analysis for signal frames according to
claim 1, wherein said model is stabilized by pole-mirroring.

14. A method of spectral analysis for signal frames according to
claim 1, wherein said model is stabilized by bandwidth expansion.

15. A method of spectral analysis for signal frames according to
claim 1, wherein said signal frame is a speech frame.

16. A method of spectral analysis for signal frames according to
claim 1, said signal frame is a radar signal frame.

) O
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17. A method of spectral analysis for signal frames according to

claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using Gaussian elimination.

18. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using Gaussian elimination with LU-
decomposition.

19. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using QR-factorization.

20. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using U-D-factorization.

21. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using Cholesky-factorization.

22. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using a Levenberg-Marquardt method.

23. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using a recursive formulation.

24. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are a-parameters.

25. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are reflection
coefficients.

26. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are area coefficients.

A RO



k : the nunmber of §Hb§m&q&¥§&gRH§§giln one frane for the

LPC anal ysi s.
encoded,WD.%4/0186her e
|ndex denotin

|

subi nterval in which the paraneters are
w&l\ “lu mamatems PCT/SE93/00539
ubi nterval as nunber ed

fromthe beginning of the present frame. I
I ndex denoting the i:th filter-paraneter. alerr](j(t)) : interpolated

val ue

of 27t.hé methipd foiff sprectral analysis for pagamsdt éramest hecpréhng to

sublntervglalmpﬁe WRdkein sald Sarameter-Ei%ﬁa%sfHPQtiQ -Qkek- parameters.

a[err](n}k) =af err] . actual

frame.
speech

i0

15

20

25

30

arameter vecCtor in previous spee
a[err](n) =a[err] . actual paraneter vector in present

28. A method of Sp@®ral analysis for signal frames according to
claim 1, wherein said parameter signals are log-area ratio
parameters.

29. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are formant frequencies
and corresponding bandwidths.

30. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are arcsine parameters.

31. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are autocorrelation-
parameters.

32. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are 1line spectral
frequencies.

33. A method of spectral analysis for signal frames according to
claim 1, wherein an additional known input signal to said
spectral model is utilized.

34. A method of spectral analysis for signal frames according to
claim 1, wherein said filter model is non-linear in the parameter
signals.

35. A method of spectral analysis of signal frames using time
variable spectral models, the method comprising:

modeling the spectrum using a filter model utilizing
interpolation of parameters between a previous, present and next
frame;

sampling a signal to obtain a series of discrete
samples and constructing therefrom a series of frames;

calculating regressor signals from said signals;
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weighting factor to produce a second set of signals;
calculating parameter signals for the present frame
10 from the first and second set of signals;
determining whether the model is stable:
stabilizing the model if it is determined that the
model is unstable.

36. A method of spectral analysis for signal frames according to
15 claim 35, wherein said filter model is a linear, time-varying
all-pole filter.

37. A method of spectral analysis for signal frames according to
claim 35, wherein said filter model includes a numerator.

38. A method of spectral analysis for signal frames according to
20 claim 35, wherein said interpolation is piecewise constant.

39. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation is piecewise linear.

40. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation extends over more frames
25 than said previous, present and next frames.

41. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation is nonlinear.

42. A method of spectral analysis for signal frames according to

claim 35, wherein spectral smoothing is obtained by prewindowing
30 of the signal.
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43. A method of spectral analysis for signal frames according to
claim 35, wherein spectral smoothing is obtained by correlation
weighting.

44. A method of spectral analysis for signal frames according to
5 claim 35, wherein a Schur-Cohn-Jury test is used to determine if
said model is stable.

45. A method of spectral analysis for signal frames according to
claim 35, wherein the stability of said model is determined by
calculating reflection coefficients and examining their sizes.

10 46. A method of spectral analysis for signal frames according to
claim 35, wherein the stability of said model is determined by
calculation of poles.

47. A method of spectral analysis for signal frames according to
claim 35, wherein said model is stabilized by pole-mirroring.

15 48. A method of spectral analysis for signal frames according to
claim 35, wherein said model is stabilized by bandwidth
expansion.

49. A method of spectral analysis for signal frames according to
20 claim 35, wherein said signal frame is a speech frame.

50. A method of spectral analysis for signal frames according to
claim 35, wherein said signal frame is a radar signal frame.

51. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter vector signal for the present
25 frame is calculated using Gaussian elimination.

52. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is

calculated using Gaussian elimination with LU-decomposition.

53. A method of spectral analysis for signal frames according to
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~claim 35, wherein said parameter signal for the present frame is
calculated using QR-factorization.

54. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
5 calculated using U-D-factorization.

55. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using Cholesky-factorization.

56. A method of spectral analysis for signal frames according to
10 claim 35, wherein said parameter signal for the present frame is
calculated using a Levenberg-~-Marguardt method.

57. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using a recursive formulation.

15 58. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an a-parameter.

59. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a reflection
coefficient.

20 0. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an area coefficient.

61. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a log—-area parameter.

62. A method of spectral analysis for signal frames according to
25 claim 35, wherein said parameter signal is a log-area ratio
parameter.

63. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a formant frequency
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64. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an arcsine parameter.

65. A method of spectral analysis for signal frames according to
5 claim 35, wherein said parameter signal is an autocorrelation-
parameter.

66. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a line spectral
frequency.

10 67. A method of spectral analysis for signal frames according to
claim 35, wherein an additional known input signal to said
spectral filter model is utilized.

68. A method of spectral analysis for signal frames according to
claim- 35, wherein said filter model 1is non-linear in the
15 parameter signals.

69. A method of signal coding, the method comprising:
determining a first spectral analysis of signal frames
using time variable spectral models and utilizing interpolation
of spectral parameters between frames:
20 determining a second spectral analysis using time
invariant spectral models;
comparing the first and second spectral analysis; and
selecting the spectral analysis with the highest
quality.

25 70. A method of signal coding according to claim 69, wherein said
spectral analyses are compared by measuring the signal energy
reduction after synthesis filtering with said spectral models,
and choosing the spectral analysis that gives the highest signal
energy reduction.

30 71. A method of signal coding according to claim 70, wherein said
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spectral analysis is selected as said first spectral analysis if
said first spectral analysis gives a stable model, and said
second spectral analysis is selected 1if said first spectral
analysis gives an unstable model.
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- Fig'. 2 illustrates the weight functions w(t,N,N), werr](t,NN and
w+(t,N,N) for N = 160. Using equations (eq.7)- (eq.10), it is now
possi bl g eu/gigsness the aferr](j(t)) in the follow ng conCI/SEAy0053%r r ]

Note that (eq.6) is expressed in ternms of [err](t) , i.e., in terns of the
alerr](j(t)). Equation (eq.11) shows that these paraneters are in fact
| i near conbi nations of the true unkpo\ihs, i.e., aferr], a[err] and aferr].
These | i near conbinations can be f‘)rrml ated as a
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aferr](j(t)).

The foll owi ng paraneter vectors are introduced for this purpose:
3/3

,' vector sum since the weight functions are the same for all
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It then follows from equation (eq 11) that oty
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TIME VARIABLE SPECTRAL ANALYSIS BASED ON
INTERPOLATION FOR SPEECH CODING

FIELD OF THE INVENTION

The present invention relates to a time variable spectral
analysis algorithm based upon interpolation of parameters between
adjacent signal frames, with an application to low bit rate
speech coding.

BACKGROUND OF THE INVENTION

In modern digital communication systems, speech coding devices
and algorithms.play a central role. By means of these speech
coding devices and algorithms, a speech signal is compressed so
that it can be transmitted over a.digital communication channel
using a low number of information bits per unit of time. As a
result, the bandwidth requirements are reduced for the speech
channel which, in turn, increases the capacity of, for example,
a mobile telephone systenm.

In order to achieve higher capacity, speech coding algorithms
that are able to encode speech with high quality at lower bit
rates are needed. Recently, the demand for high quality and low
bit rate has sometimes lead to an increase of the frame length
used in the speech coding algorithms. The frame contains speech
samples residing in the time interval that is currently being
processed in order to calculate one set of speech parameters.
The frame 1length 4is ¢typically increased from 20 to 40
milliseconds.

As a consequence of the increase of the frame length, fast
transitions of the speech signal cannot be tracked as accurately
as before. For example, the linear spectral filter model that
models the movements of the vocal tract, is generally assumed to
be constant during one frame when speech is analyzed. However,

y . | | ‘. N o, -
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for 40 millisecond frames, this assumption may not be true since
the spectrum can change at a faster rate.

In many speech coders, the effect of the vocal tract is modeled
by a linear filter, that is obtained by a linear predictive
coding (LPC) analysis algorithm. Linear predictive coding is
disclosed in "Digital Processing of Speech Signals," L.R. Rabiner
and R.W. Schafer, Prentice Hall, Chapter 8, 1978, and is
incorporated herein by reference. The LPC analysis algorithms
operate on a frame of digitized samples of the speech signal, and
produces a linear filter model describing the effect of the vocal
tract on the speech signal. The parameters of the linear filter
model are then ‘quantized and transmitted to the decoder where
they, together with other information, are used in order to
reconstruct the speech signal. Most LPC analysis algorithms use
a time invariant filter model in combination with a fast update
of the filter parameters. The filter pai‘ameters are usually
transmitted once per frame, typically 20 milliseconds long. When
the updating rate of the LPC parameters is reduced by increasing
the LPC analysis frame length above 20 ms, the response of the
decoder is slowed down and the reconstructed speech sounds less
clear. The accuracy of the estimated filter parameters is also
reduced because of the time variation of <the spectrunm.
Furthermore, the other parts of the speech coder are affected in
a negative sense by the mis-modeling of the spectral filter.
Thus, conventional LPC analysis algorithms, that are based on
linear time invariant filter models have difficulties with
tracking formants in the speech when the analysis- frame length is
increased in order to reduce the bit rate of the speech coder.
A further drawback occurs when very noisy speech is to be
encoded. It may then be necessary to use long speech frames
which contain many speech samples in order to obtain a sufficient
accuracy of the parameters of the speech model. With a time
invariant speech model, this may not be possible because of the
formant tracking capabilities described above. This effect can
be counteracted by making the linear filter model explicitly time
variable.
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It is possible to verify that equations (eq.28) and (eq.29) still hold with
equations (eqg.34)-(eq.37) replacing the previous expressions everywhere.
The notation [err] denotes the spectral snoothing factor corresponding to

the nuner atgp oRAl on1a| of the spectral godel.  Another g@é&#@@&%gnstant

nodi fy the algorit Is to use |nterpoIaP|on ot her than pi
or linear between the frames. The interpolation schenme may extend over nore
than three adjacent speech franes. It is also possible to use different

i nt er pol at i orisehearsarler s@béﬁeaer&stﬁaraarteheasgdﬁldﬂﬁe tahtd dRdeluctary el |
as different {S%smeoséla@s Ut R eBiRSques RGP WBeTbetd B AR

(eq. 28) and eg can be conpute
ner Dlstrlbutlon-A Tool for Time-Frequency Signal Analysis,"

T.A.C.G. Claasen and W.F.G. Mecklenbrduker, Philips J. Res., Vol.
35, pp. 217-250, 276-300, 372-389, 1980, and "“Orthonormal Bases
of Compactly Supported Wavelets," I. Daubechies, Comm. Pure,
Appl. Math., Vol. 41, pp. 929-996, 1988, which are incorporated
herein by reference. Those algorithms are, however, less
suitable for speech coding since they do not possess the
previously described 1linear filter structure. Thus, the
algorithms are not directly interchangeable in existing speech
coding schemes. Some time variability may also be obtained by
using conventional time invariant algorithms in combination with
so called forgetting factors, or equivalently, exponential
windowing, which are described in "Design of Adaptive Algorithms
for the Tracking of Time-Varying Systems," A. Benveniste, M
Adaptive Control Signal Processing, Vol. ‘1, no. 1, pp. 3-29,
1987, which is incorporated herein by reference.

The known LPC analysis algorithms that are based upon explicitly
time variant speech models use two or more parameters, i.e., bias
and slope, to model one filter parameter in the lowest order time
variable case. Such algorithms are described in "Time-dependent
ARMA Modeling of Nonstationary Signals," Y. Grenier, JIEEE
Transactions on Acoustics, Speech and Signa) Processing, Vol.
ASSP-31, no. 4, pp. 899-911, 1983, which is incorporated herein
by reference. A drawback with this approach is that the model
order is increased, which leads to an increased computational
complexity. The number of speech samples/free parameter
decreases for fixed speech frame lengths, which means that
estimation accuracy is reduced. Since interpolation between
adjacent speech frames is not used, there is no coupling between
the parameters in different speech frames. As a result, coding
delays which extend beyond one speech frame cannot be utilized in
order to improve the LPC parameters in the present speech frame.
Furthermore, algorithms that do not utilize interpolation between
adjacent frames, have no control of the parameter variation
across frame borders. The result can be transients that may
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standard Gaussian elimnation techniques. Since the |east squares probl ens
are in standard form a nunber of other possibilities also exist. Recursive
al gorithns can be directly obtained by application of the so-called matrix

i nver si on |wowasoissbi ch is disclosed in " Tpeory and Practi cecrRged3zspeisi ve

| dentification" incorporated above. Various variants of these algorithns
then follow directly by application of different factorization

t echni ques i ke U-D-factorization, QR factorization, and Chol esky
factori zat i oFeduceEHERASCH ABALLYY- nore efficient al gorithms to solve
equations (eq.28) and (eq.29) could be derived (so-called "fast

al gorlthns")ir%‘%féﬂl%#pﬁ_&%% be used for this purpose, e.g., the

al gebraic te | cul ations of gain :
The present invention overcomes the above problems by utilizing
a time variable filter model based on interpolation between
adjacent speech frames, which means that the resulting time
variable LPC-algorithms assume interpolation between parameters
of adjacent frames. As compared to time invariant LPC analysis
algorithms, the present invention discloses LPC analysis
algorithms which improve speech quality in particular for longer
speech frame lengths. Since the new time variable LPC analysis
algorithm based upon interpolation allows for longer frame
lengths, improved quality can be achieved in very noisy

situations. It is important to note that no increase in bit rate
is required in order to obtain these advantages.

The present invention has the following advantages over other
devices that are based on an explicitly time varying filter
model. The order of the mathematical problem is reduced which
reduces computational complexity. The order reduction also
increases the accuracy of the estimated speech model since only
half as many parameters need to be estimated. Because of the
coupling between adjacent frames, it is possible to obtain
delayed decision coding of the LPC parameters. The coupling
between the frames is directly dependent upon the interpolation
of the speech model. The estimated speech model can be optimized
with respect to the subframe interpolation of the LPC par&meters_
which are standard in the LTP and innovation coding in, for
example, CELP coders, as disclosed in “Stochastic Coding of
Speech Signals at Very Low Bit Rates," B.S. Atal and M.R.
Schroeder, Proc. Int. Conf. Comm. ICC-84, pp. 1610-1613, 1984,
and "Improved Speech gquality and Efficient Vector Quantization in
SELP,* W.B. Klijn, D.J3. Krasinski, R.H. Xetchum, 1988.
International Conference on Acoustics, Speech, and Signal
Processing, pp.155-158, 1988, which are incorporated herein by
reference. This is accomplished by postulating a piecewise
constant interpolation scheme. Interpolation between adjacent

- . . . e e L P Y
Jron e ng rmninoaineni ngel
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frames also secures a continuous track of the filter parameters
across frame borders.

The advantage of the present invention as compared to other
devices for spectral analysis, e.g. using transform techniques,
is that the present invention can replace the LPC analysis block
in many present coding schemes without requiring further
modification to the codecs.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described in more detail with
reference to preferred embodiments of the invention, given only
by way of example, and illustrated in the accompanying drawings,
in which:

Fig. 1 illustrates the interpolation of one particular filter
parameter, a;:

Fig. 2 illustrates weighting functions used in the present
invention;

Fig. 3 illustrates a block diagram of one particular algorithm
obtained from the present invention; and

Fig. 4 illustrates a block diagram of another particular
algorithm obtained from the present invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

While the following description is in the context of cellular
communication systems involving portable or mobile telephone
and/or personal communication networks, it will be understood by
those skilled in the art that the present invention may be
applied to other communication applications. Specifically,
spectral analysis techniques disclosed in the present invention
can also be used in radar systems, sonar, seismic signal
processing and optimal prediction in automatic control systems.

In order to improve the spectral analysis, the following time

varying all-pole filter model is assumed to generate the spectral
shape of the data in every frame

This Sheet Has Been Replaced




[err] (eq. 15) Using this
| i near- conbi nati on, the nodel (eq.6) can be expressed as the follow ng
conventional |inear regression

WO 94/01860 6 PCT/SE%3/00539
1
(£) = e @ ( &)
Y Algt, &)
(eq.1)

Here y(t) is the discretized data signal and e(t) is a white
noise signal. The filter polynomial A(q™*,t) in the backward
shift operator ! (g ¥e(t) = e(t-k)) is given by

Alg ™, t) = 1+a, (g +. .. +a,(t) g™

(eg.2)
The difference as compared to other spectral analysis algorithms

is that the filter parameters here will be allowed to vary in a
nevw prescribed way within the frame.

Since e(t) is white noise, it follows that the optimal linear
predictor y(t) is given by

vt} = -a,(D)y(t-1) - ... - a,(t)y(t-n)

(eq.3) Ifthe
parameter vector G(t) and the regression vector ¢(t) are
introduced according to

B(e) = (g (t)...a, ()T

(eg.4)
e(t) = (-y(t-1)...-y(t~-n))7T
(eq.5)
then the optimal prediction of the signal y(t) can be formulated
as
git) =087(t) p(t)
(eq.6)

In order to describe the spectrai model in detail, some notation
needs to be introduced. Below, the superscripts ()~, ()% and ()*
refer to the previous, the present and the next frame,
respectively.
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[err] (eq. 18) This conpletes
t he di scussion of the nodel. Spectral snoothing is then incorporated in
t he nodel and the algorithm The conventional nethods, w th pre-w ndow ng,

e.g. a HamT&Bg‘M%qow, may be used. Spectral snoot hi ng rr@.hﬁﬁtgﬁ,opggg

obtained by~ replacenent of the paramefer aferr](j(t))

alerr](j((t))/p[err] in equation (eq. 6), where p is a snoothing paraneter
between 0 and 1. In this way, the estimated a-paraneters are reduced and
the pol es of the predictar gpdehe afupdRveod $amAledsS ihhén€ eftiale.0f the unit

circle, thus smoothing t@e spegid Wi, Toe,SREGL! AlmSdlal BEOY 43 b8Sinning
I ncorporated into the linear regression
of the present frane.

k : the number of subintervals used in one frame
for the LPC-analysis.

m : the subinterval in which the parameters are
encoded, i.e., where the actual parameters
occur.

§ ¢ index denoting the 3Jj:th subinterval as
numbered from the beginning of the present
frame.

i : index denoting the i:th filter-parameter.

a; (j(t)) interpolated wvalue of the i:th filter
parameter in the j:th subinterval. Note that
j is a function of t.

a; (m-k)=a;"

actual parameter vector in previous speech

frame.

¢]

a; (m)=a; actual parameter vector in present speech

frame.

ag(m+k)=a;* : actual parameter vector in next speech frame.
In the present embodiment, the spectral model utilizes
interpolation of the a-parameter. In addition, it will be
understood by one of ordinary skill in the art that the spectral
model could utilize interpolation of other parameters such as
reflection coefficients, area coefficients, log-area parameters,
log-area ratio parameters, formant frequencies together with
corresponding bandwidths, line spectral frequencies, arcsine
parameters and autocorrelation parameters. These parameters
result in spectral models that are nonlinear in the parameters.

The parameterization can now be explained from Fig. 1. The idea
is to interpolate piecewise constantly between the subframes m-k,
k and n+k. Note, however, that interpolation other than
piecewise constant interpolation is possible, possibly over more
than two frames. Note, in particular, that when the number of
subintervals, k, equals the number of samples in one frame, N,
then interpolation becomes linear. Since a;” is known from the
analysis of the previous frame, an algorithm can be formulated
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nodel

by changi ng equations (eq.16) and (eq.18) into
WO 94/01860 8 PCT/SE93/00539

that determines the aio and (possibly) the a;”, by minimization

of the sum of the squared difference between the data and the
model output (eg.l).

Fig. 1 illustrates interpolation of the i:th a-parameter. The
dashed lines of the trajectory indicate subintervals where
interpolation is used in order to calculate a;(j(t)) where
N = 160 and k = m = 4 in the figure.

The interpolation gives, e.g., the following expression for the
i:th filter parameter:

- m- ](t) qk-m+j(w

P . m=k<i(t)<m

a;(j(e)) = a;

(eq.7)

, mMSF(t) smek

a,(j(e)) = ap B dll) ;38 om

It is convenient to introduce the following weight functions:

w(Jj(t),k,m) =.Z§Zﬂiii£l, m-2ksj(t) sm-k

w {j(t) . k,m) = 33:%551, m-ksj(t) <m

(eq.8)
w(Fj(t),.k,m) = 0, otherwise
w(g (e kom = KT pogegi(e) <m
w(j(t) .k, m) =-5:£i§iﬁl. msj{t) smek
(eq. 9)
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wl(j(t),k,m} = 0, otherwise

we(G(e)  k,m = —“-’!1}7-}52- ms<j(t) smek

we(j(t),k,m) =.§§Iﬂiii£i, m+ks<j(t) sme2k
(eq.10)
w'(j(t) ,k,m) = 0, otherwise

Fig. 2 illustrates the weight functions w™(t,N,N),
wo(t,N,N) and w'(t,N,N) for N = 160. Using equations (eq.7)-
(eqg.10), it is now possible to express the a;(j(t)) in the
following compact way

a; (7 (e)) = w(F(e), k.ma;+wo(F(t) , k.m)al+w (j(t), k,m)a;

{eq.1l)

Note that (eq.6) is expressed in terms of ©(t) , i.e., in terms

of the a;(j(t)). Equation (eq.ll) shows that these parameters
are in fact linear combinations of the true unknowns, i.e., a; .,
a;® and a;*. These linear combinations can be formulated as a
vector sum since the weight functions are the same for all

a;(j(t)). The following parameter vectors are introduced for
this purpose:

8- = (a;...a)7

(eq.12)

8° = (a’...ay)
(eg.13)

0 = (ay...an”7
{eq.14)

It then follows from equation (egqg.l1l1l) that
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[err] Another class of spectral snoothing techniques can be utilized by

w ndowi ng of the correlations appearing in the systens of equations (eq.28)
and (eq.29) as described in "lInproving Performance of Milti-Pul se

LPC- Codecswat94kmssBi t Rates," S. Singhaly@nd B.S. Atal, Ppot/Seb$4633P, 1984,
which is incorporated herein by reference. :

B(F(E))=w (F(E), k,mO +w(F (L), k,m8°+w"(F(Et), k,m0"

(eq.15)
Using this linear combination, the model (eq.6) can be expressed
as the following conventional linear regression

Pty =0Td(¢c)

{eq.16)
where
8 =(0-70'THNT
(eq.17)
d(B)=[w (F(&), . k.m)@T(t) wo(j(t),k, m)eT(L)
we(j(e). k.moT(E)1T
(eqg.18)

This completes the discussion of the model.

Spectral smoothing is then incorporated in the model and the
algorithm. The conventional methods, with pre-windowing, e.g. a
Hamming window, may be used. Spectral smoothing may alsc be
obtained by replacement of the parameter a;(j(t)) with
ai(j(t))/pi in equation (eq. 6), where p is a smoothing parameter
between 0 and 1. 1In this way, the estimated a-parameters are
reduced and the poles of the predictor model are moved towards
the center of the unit circle, thus smoothing the spectrum. The
sﬁectral smoothing can be incorporated into the linear regression
model by changing equations (eqg.16) and (eq.18) into

P(E) = 8%, (¢)

(eq.19)
T () =(w (J(t)  k,m)o3 (L) w (F(L), k,m)e; (L)
we (), k.m)el(t))
(eq.20)
where
(eg.21)
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Since the nodel is tinme variable, it may be necessary to incorporate a
stability check after the analysis of each frame. Although fornulated for
time invariant systens, the classical recursion for calcul ation of
reflection‘ﬁ(gg{/Hsg ents fromfilter parameters has proved to be useful. The
reflection ents corresponding tolle.g., the esti nePEUSEIHI0532 vect or
are then cal cul ated, and their magni tudes are checked to be |ess than one.
In order to cope with the tine-variability a safety factor slightly |ess
than 1 can be included. The nodel can al so be checked for stability by
direct calcul ation of pol es e thy(ysinge-a)Schup"@dlaralifry test. If the
nodel is unstable, several actions are possible. First, aferr](j(t)) can be
replaced with [err](j(t)), where [err] is a constant between 0 and 1. A

stability teghotRer d8acki HEdpabOM¥E) shdoctREAy techniques can be utilized by
windowing of the correlations appearing in the systems of
equations (eq.28) and (eq.29) as described in *Improving
Performance of Multi-Pulse LPC-Codecs at Low Bit Rates," S.
Singhal and B.S. Atal, Proc. ICASSP, 1984, which is incorporated
herein by reference.

Since the model is time variable, it may be necessary to
incorporate a stability check after the analysis of each frame.
Although formulated for time invariant systems, the classical
recursion for calculation of reflection coefficients from filter
parameters has proved to be useful. The reflection coefficients
corresponding to, e.g., the estimated 8%-vector are then
calculated, and their magnitudes are checked to be less than one.
In order to cope with the time-variability a safety factor
slightly less than 1 can be included. The model can also be
checked for stability by direct calculation of poles or by using
a Schur-Cohn-Jury test.

If the model is unstable, several actions are possible. First,
a;(j(t)) can be replaced with Ala;(j(t)), where A is a constant
between 0 and 1. A stability test, as described above, is then
repeated for smaller and smaller A, until the model is stable.
Another possibility would be to calculate the poles of the medel
and then stabilize only the unstable poles, by replacement of the
unstable poles with their mirrors in the unit circle. It is well
known that this does not affect the spectral shape of the filter
model.

The new spectral analysis algorithms are all derived from the
criterion :

v, (8) =§Ie§(c,6) =Y, (y(o)-87,(£))2
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repeated for smaller and smaller [err], until the nodel is stable. Another
possibility would be to calculate the poles of the nodel and then stabilize
only the unstable poles, by replacenent of the unstable poles with their
mrrors in wbodome circle. It is well kngwn that this doeschgfespdobfct the

spectral shape of the filter nodel. The new spectral analysis algorithns
are all derived fromthe criterion [err]
(eqg.22)
where

I=1{t;, t,]
(eqg.23)

is the time interval over which the model is optimized. Note
that n extra samples before t are used because of the definition
of o(t). Using I, a delay can be used in order to improve
quality. As stated previously, it is assumed that 6~ is known
from the analysis of the previous frame. This means that the
criterion Vp(e) can be written as

v, (6°%) =; {(y(&)-0"Tw (j(t) , k.m)g,(L)) -6°+745° (t) }2=

Y (Fle)-0°"Tdy  (£) )2

cel
(eq.24)
where ¥(t) is a known quantity and where
0% = (89T @°7) T
(eq.25)
dp’(8) = (wo(J(e) , k.m ey (L) w(jlt), k.mel(e))T
(eqg.26)

It is straightforﬁard to introduce exponential weighting factors

into the ériterion, in order to obtain exponential forgetting of
the o0ld data.

The case, where the size of the optimization interval I is such
that the speech model is affected by the parameters in the next
speech frame, is treated first. This means that also 6* needs to
be calculated in order to obtain the correct estimate of 8°. It
is important to note that although 6% is calculated, it is not
necessary to transmit it to the decoder. The price paid for this
is that the decoder introduces an additional delay since speech
can only be reconstructed until subinterval m of the present
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(eq. 22)
WO 94/01860 13 PCT/SE93/00539

speech frame. Thus the algorithm can also be interpreted as a
delayed decision time variable LPC-analysis algorithm. Assuming
a sampling interval of T, seconds, the total delay introduced by
the algorithm, counted from the beginning of the present frame,
is

mN

E)NT,+ t, T, t> 2

Del ay=(1 "% T

(eq.27)
The minimization of the criterion (eq.24) follows from the theory
of least squares optimization of linear regressions. The optimal
parameter vector 6% is therefore obtained from the linear system
of equations

(}: o (0 45 T () )e°°=§_': Fierep (o)
el cel

(eqg.28)
The system of equations (eg.28) can be solved with any standard
method for solving such systems of equations. The order of
equation (eq.28) is 2n.

Fig. 3 illustrates one embodiment of the present invention in
which the Linear Predictive Codihg analysis method is based upon
interpolation between adjacent frames. More specifically, Fig.
3 illustrates the signal analysis defined by equation 28 (eq.
28), using Gaussian elimination. First, the discretized signals
may be multiplied with a window function 52 in order to obtain
spectral smoothing. The resulting signal 63 is stored on a frame
based manner in a buffer S4. The signal in the buffer 54 is then
used for the generation of regressor or regression vector signals
55 as defined by equation (eq.21). The generation of regression
vector signals 55 utilizes a spectral smoothing parameter to
produce a smoothed regression vector signals. The regression
vector signals 55 are then multiplied with weighting factors 57
and 58, given by equations 9 and 10 respectively, in order to
produce a first set of signals 59. The first set of signals are
defined by equation (eq. 26). A linear system of equations 60,
as defined by equation (eg. 28), is then constructed from the
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wher e | = [t[err], tlerr]] o

(eq.23) is the time interval over which the nodel is optimzed. Note that n
extra sanples before t are used because of the definition of [err](t).
Using |, aWeP#P188n be used in order tojsprove quality. KAS/SES3I0RsE9
previously, it is assumed that [err] is known fromthe analysis of the
previous frame. This neans that the criterion V[err](O can be witten as

[err] first set of signals 59 and a second set of signals 69 which will

be discussed below. In this embodiment, the system of equations
is solved using Gaussian elimination 61 and results in parameter
vector signals for the present frame 63 and the next frame 62.
The Gaussian elimination may utilize LU-decomposition. The
system of equations can also be solved using QR~-factorization,
Levenberg-Margardt methods, or with recursive algorithms. The
stability of the spectral model is secured by feeding the
parameter vector signals through a stability correcting device
64. The stabilized parameter vector signal of the present frame
is fed into a buffer 65 to delay the parameter vector signal by
one frame.

The second set of signals 69 mentioned above, are constructed by
first multiplying the regression vector signals 55 with a
weighting function 56, as defined by equation (eq.8). The
resulting signal is then combined with a parameter vector signal
of the previous frame 66 to produce the signals 67. The signals
67 are then combined with the signal stored in buffer 54 to
produce a second set of signals 69, as defined by equation
(eqg.24).

When I does not extend beyond subinterval m of the present frame,
w'(j(t),k,m,) equals zero and it follows from equations (eq.25)
and (eq.26) that the right and left hand sides of the last n
equations of (eq.28) reduce to zero. The first n equations
constitute the solution to the minimization pfqblem as follows

(zj w2 (3 (¢) , k,m) @, () v,(c))e°=):y*(c) WG (), k,m e, (L)
tel I

(eq.29)
As above, this is a standard least squares problem where the
weighting of the data has been modified in order to capture the
time-variation of the filter parameters. The order of equation
(eq.29) is n as compared to 2n above. The coding delay
introduced by equation (eq.29) is still described by equation
(eq.27) although now t, < mN/k.
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It is _strai ghtforward to introduce exponential weighting factors

WO 94/01860 15 PCT/SE93/00539

Fig. 4 illustrates another embodiment of the present invention in
which the Linear Predictive Coding analysis method is based upon
interpolation between adjacent frames. More specifically, Fig.
4 illustrates the signal analysis defined by equation (eq.29).
First, the discretized signal 70 may be multiplied with a window
function signal 71 in order to obtain spectral smoothing. The
resulting signal is then stored on a frame based manner in a
buffer 73. The signal in buffer 73 is then used for the
generation of regressor or regression vector signals 74, as
defined by equation (eq.21), utiliziﬁg a spectral smoothing
parameter. The regression vector signals 74 are then multiplied
with a weighting factor 76, as defined by equation (eq.9), in
order to produce a first set of signals. A linear system of
equations, as defined by equation (eq.29), is constructed from
the first set of signals and a second set of signals 85, which
will be defined below. The system of equations is solved to
yield a parameter vector signal for the present frame 79. The
stability of the spectral model 1is obtained by feeding the
parameter vector signal through a stability correcting device 80.
The stabilized parameter vector signal is fed into a buffer 81
that delays the parameter vector signal by one frame.

The'second set of signals, mentioned above, are constructed by
first multiplying the regression vector signals 74 with a
weighting function 75, as defined by equation (eqg. 8). The
resulting signal is then combined with the parameter vector
signal of the previous frame to produce signals 83. These
signals are then combined with the signal from buffer 73 to
produce the second set of signals 8S5.

The disclosed methods can be generalized in several directions.
In this embodiment, the concentration is on modifications of the
model and on the possibility to derive more efficient algorithms
for calculation of the estimates.

One modification of the model structure is to include a numerator
polynomial in the filter model (eq.l) as follows
(eq.30)
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into the criterion, in order to obtain exponential forgetting of the old
dat a. The case, where the size of the optimzation interval | is such
that the speech nodel is affected by the paraneters in the next speech
frame, is tYRAMPPirst. This neans thatiel so 0+ needs to PEI/SES3H053%t ed i n
order to obtain the correct estimate of O[err]. It is inportant to note
that although O[err] is calculated, it is not necessary to transmt it to
t he decoder. The price paid for this is that the decoder introduces an

addi ti onal delay since speech can | yche-¥,es0 ructed until subinterval m
of the present v P8 = 2%

where
c(g™, t)=1+c, (t)gqt+...cp(t)@™

(eq.31)

When constructing algorithms for this model, one alternative is
to use so called prediction error optimization methods as
described in "Theory and Practice of Recursive Identification,®
L. Ljung and T. Soderstrdém, Cambridge, Mass., M.I.T. Press,
Chapters 2-3, 1983, which is incorporated herein by reference.

Another modification is to regard the excitation signal, that is
calculated after the LPC-analysis in CELP-coders, as known. This
signal can then be used in order to re-optimize the LPC-
parameters as a final step of analysis. If the excitation signal
is denoted by u(t), an appropriate model structure is the
conventional egquation error model:

A(q*.t)y(C)=B(q“.t)u(i)+e(m

{eq.32)
where

B(g™, t)=b,(t) +b, () g t+...-b,(L)g™®

(eq.33)
An alternative is to use a so-called output error model. This
does however lead to higher computational complexity since the
optimization requires that nonlinear search algorithms are used.
The parameters of the B-polynomial are interpolated exactly as
those of the A-polynomial as described previously. By the
introduction of

{(eg.34)
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13 speech Frame. Thus the al gorithmcan also be interpreted as a del ayed
decision tine variable LPC-analysis algorithm Assum ng a sanpling interval
of T[err] seconds, the total delay introduced by the algorithm counted

: | Ond h f
fromthe b%&%l@% of the present rams,17

PCT/SE93/00539
8° = (ad...alh...po)T
{eg.35)
6* = (a;...azb,...b)T
(eq.36)
e, () = (~p~ty(t-1)...-p %y (t-n)u(t)...0u(t-m))7
(eq.37)

it is possible to verify that equations (eq.28) and (eq.29) still
hold with equations (eq.34)-(eg.37) replacing the previous
expressions everywhere. The notation o denotes the spectral
smoothing factor corresponding to the numerator polynomial of the
spectral model.

Another possibility to modify the algorithms is to use
interpolation other than piecewise constant or linear between the
frames. The interpolation scheme may extend over more than three
adjacent speech frames. It is also possible to use different
interpolation schemes for different parameters of the filter
model, as well as different schemes in different frames.

The solutions of eqﬁations (eq.28) and (eqg.29) can be computed by
standard Gaussian elimination techniques. Since the least
squares problems are in standard form, a number of other
possibilities also exist. Recursive algorithms can be directly
obtained by application of the so-called matrix inversion lemma,
which 1is disclosed in "Theory and Practice of Recursive
Identification" incorporated above. Various variants of these
algorithms then follow directly by application of different
factorization techniques like U-D-factorization, QR-
factorization, and Cholesky factorization.

Computationally more efficient algorithms to solve equations
(eq.28) and (eq.2%) could be derived (so-called "fast
algorithms"). Several techniques can be used for this purpose,
e.g., the algebraic technique used in "Fast calculations of gain
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IS [err] (eq. 27)
The mnim zation of the criterion (eq.24) follows fromthe theory of |east
squares optjm zation of |inear regressions. The optinmal paraneter vector
O[err]+ isw&gy&sgpe obtained fromthe |ixear system of edifdY$EIRLISI9

(eq. 28) The system of equations (eq.28) can be solved with any standard

matrices for recursive estimation schemes," L.Ljung, M. Morf and
D. Falconer, Int. J. Contr., vol. 27, pp. 1-19, 1978, and
"Efficient sclution of co-variance equations for linear
prediction," M. Morf, B. Dickinson, T. Kailath and A. Vieira,
IEEE Trans. Acoust.,  Speech, Signal Processing, vol. ASSP-25, pp.
429~433, 1977, which are incorporated herein by reference.
Techniques for designing fast algorithms are summarized in
"Lattice Filters for Adaptive Processing," B. Friedlander, Proc.
IEEE, Vol. 70, pp. 829-867, 1982, and the references cited
therein, which are incorporated herein by reference. Recently,
so-called lattice algorithms have been obtained based on a
polynomial approximation of the parameters of the spectral model,
(eg.1l) using a geometric argumentation, as described in "RLS
Polynomial Lattice Algorithms For Modelling Time-Varying
Signals," E. Karlsson, Proc. ICASSP, pp. 3233-3236, 1991, which
is incorporated herein by reference. That approach is however
not based on interpolation between parameters in adjacent speech
frames. As a result, the order of the problem is at least twice
that of the order of the algorithms presented here.

In another embodiment of the present invention, the time variable
LPc-ana'lysis methods disclosed herein are combined with
previously known LPC-analysis algorithms. A first spectral
analysis using time variable spectral models and utilizing
interpolation of spectral parameters between frames is first
performed. Then a second spectral analysis is performed using a
time invariant method. The two methods are then compared and the
method which gives the highest quality is selected.

A first method to measure the quality of the spectral analysis
would be to compare the obtained power reduction when the
discretized speech signal is run through an inverse of the
spectral filter model. The highest quality corresponds to the
highest power reduction. This is also known as prediction gain
measurement. A second method would be to use the time variable
method whenever it is stable (incorporating a small safety
factor). If the time variable method is not stable, the time
invariant spectral analysis method is chosen.
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met hod for solving such systens of equations. The order of equation
(eq.28) is 2n. Fig. 3 illustrates one enbodi nent of the present invention
in"which the Linear Predictive Coding analysis nethod is based upon

i nt er pol aky@hy/bRkyveen adj acent franes. di\%re speci fical | y, pdi/SE93200539
illustrates the signal analysis define y equation 28 (eqg. 28), using
Gaussian elimnation. First, the discretized signals may be multiplied with
a wi ndow function 52 in order to obtain spectral snoothing. The resulting
si gnal 53 iwhidteonepaotiqulfaraepbbdFeththeinthe i prasenyf iovesdionmesshepral in

the buffer éeﬂsdabwe'anuseﬂmgerw@d geper 8hb@id Obe " QAHBESO60PT tﬁaﬁgr@&él on

vector signals 55 as, uati.on neratl

regr essi on YE&GAOR 39§n15’5m1%dﬁ%} eto. s%ﬁ%ﬁ #dég‘bﬁ ﬁe?%qeto

produce a Womaonegrﬂsﬁm védt orhej gartl.s. THSer egre%%ﬂlibn m"entlon
contemplates any and all modifications that fall within the

spirit and scope of the underlying invention disclosed and

claimed herein.
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vector signals 55 are then mul |p|| d with weighting factors 57 and 58,
gi ven by equations 9% W ly, in order to produce a first set
of signals 59. The f|r als are defined by equation (eq. 26). A

| i near systWP4/p186Quat finegloby equation (eq.pctiEesiobssbhen
constructed fromthe

WHAT IS CLAIMED 1IS:

1. A method of spectral analysis of signal frames using time
variable spectral models, the method comprising:
modeling the spectrum wusing a filter model utilizing
interpolation of parameter signals between a previous, present
and next frame;

sampling a signal to obtain a series of discrete
samples and constructing therefrom a series of frames;

calculating regressor signals from said signal;

smoothing the spectrum by combining the regressor
signals with a smoothing parameter to obtain smoothed regressor
signals;

combining said smoothed regressor signals with
weighting factors to produce a first set of signals;

combining parameter signals from the previous frame
with said smoothed regressor signals, a signal sample and a
weighting factor to produce a second set of signals;

calculating parameter signals for the present frame and
the next frame from the first and second set of signals;

determining whether the model is stable: and

stabilizing the model if it is determined that the
model is unstable.

2. A method of spectral analysis for signal frames according to
claim 1, wherein said filter model is a linear, time-varying all-

pole filter.

3. A method of spectral analysis for signal frames according to
claim 1, wherein said filter model includes a numerator.

4. A method of spectral analysis for signal frames according to
claim 1, wherein said interpolation is piecewise constant.

5. A method of spectral analysis for signal frames according to
claim 1, wherein said interpolation is piecewise linear.

6. A method of spectral analysis for signal frames according to

’ l:- v, T T RS
A RN o
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14 first set of signals 59 and a second set of signals 69 which will be
di scussed below. In this_ enbodi ment, the system of equations is solved
usi ng Gaussian elimn ot ﬁﬂ?ﬁﬂﬁ“ﬁ Its in paraneter vector signals for
t he present a ’1 me 62. The Gaussi an eljqf ' may
utilize Lugg%yr?;g@isti m of 2&quat i ons can al s#c?qqf)geﬁé}ooﬁ%gd
using QR-factorization, Levenberg-Marqgardt nethods, or with recursive
al gorithns. The stability of the spectral nodel is secured by feeding the
par anet er veci@imSignalerelifir Saiph intefpdiddioh Rt &R0 ioRgr GRHeCEr ks Thdn
stabilized pasrc?q]raebg[,_vyggé 'orapr%'sgggl ad Ad& ergfaggt. frame is fed into a

€ y

buffer 65 to ay the paraneter vector signa

g

7. A method of spectral analysis for signal frames according to
claim 1, wherein said interpolation is nonlinear.

8. A method of spectral analysis for signal frames according to
claim 1, wherein spectral smoothing is obtained by prewindowing
of the signal.

9. A method of spectral analysis for signal frames according to
claim 1, wherein spectral smoothing is obtained by correlation
weighting. '

10. A method of spectral analysis for signal frames according to
claim 1, wherein a Schur-Cohn-Jury test is used to determine if
said model is stable.

11. A method of spectral analysis for signal frames according to
claim 1, wherein the stability of said model is determined by
calculating reflection coefficients and examining their sizes.

12. A method of spectral analysis for signal frames according to

claim 1, wherein the stability of said model is determined by
calculation of poles.

13. A method of spectral analysis for signal frames according to
claim 1, wherein said model is stabilized by pole-mirroring.

14. A method of spectral analysis for signal frames according to
claim 1, wherein said model is stabilized by bandwidth expansion.

15. A method of spectral analysis for signal frames according to
claim 1, wherein said signal frame is a speech frame.

16. A method of spectral analysis for signal frames according to
claim 1, said signal frame is a radar signal frame.
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one frane. The second set of si gnal s 69 nentioned above, are constructed
by first multiplyi n@mstfﬁleetﬁ ﬁ vector signals 55 with a weighting

function 56, as defl F (eq. 8). The resulting signal i's then
combi ned WQ%"H%ra gnal 2of the previous MPCAHEISG0538 produce
the signals 67. The si gnal S 67 are then conbined with the signal stored in

buffer 54 to produce a second set of signals 69, as defined by equation
(eq. 24). not exten ond subinterval m of the present
frame, w(] mrﬁ(l?’ équ I%pezcetrrB ,&! s"FofL'J?’f)\ﬁs‘gI"Fbrrf‘éacﬂFaﬁt Fﬁﬁ%‘p"("éﬁ %%) and
(eq. 26) thaFlﬁhfé 1 yhereadn ﬁaeﬁtpmtsrmr@flsmer [thet pyesent frame and

the next frame are calculated using Gaussian elimination.

18. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using Gaussian elimination with Ly-
decomposition.

19. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using QR-factorization.

20. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using U-D-factorization.

21. A method of spectral analysis for signal frames according to
clainm 1, wherein said parameter signals for the present frame and
the next frame are calculated using Cholesky-factorization.

22. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for Fhe present frame and
the next frame are calculated using a Levenberg-Marquardt method.

23. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using a recursive formulation.

24. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are a-parameters.

25. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are reflection
coefficients.

26. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are area coefficients.

Trin b ey orment SHest
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equations of (eq. 28)Th'is%que:?ﬁa BorZ The first n equations constitute the
solution to the n1n|n1

‘H das fol | ows
(eq.29) As above, th rd | east squares problemwhere the
wei ght i ng W0 984448868at a fied323n order to capt uPET{SF83/00539
tinme-variation of the fllter pararreters The order of equation (eq.29) is
n as conpared to 2n above. The coding delay introduced by equation

(eq.29) is sbil} flRSQH BB RS ALY s (L Fo? i fHAN QU D WUDEGE LS 5 ™V k-

claim 1, wherein said parameter signals are log-area parameters.

28. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are log-area ratio
parameters.

29. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are formant frequencies
and corresponding bandwidths.

30. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are arcsine parameters.

31. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are autocorrelation-
parameters.

32. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are line spectral
frequencies.

33. A method of spectral analysis for signal frames according to
claim 1, wherein an additional known input signal to said
spectral model is utilized.

.34. A method of spectral analysis for signal frames according to
claim 1, wherein said filter model is non-linear in the parameter
signals.

35. A method of spectral analysis of signal frames using time
variable spectral models, the method comprising:

modeling the spectrum using a filter model utilizing
interpolation of parameters between a previous, present and next
frame;

sampling a signal to obtain a series of discrete
samples and constructing therefrom a series of frames:;

calculating regressor signals from said signals:

* € L M s % ]
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15 Fig. 4 illustratespoefhgls sahadient of the present invention in

whi ch the Linear Predicti mﬂml,ﬂm ysis nethod is based upon

i nterpol ati on ygbyefiee ad More specifically, FHGysposoos30
smoothing the spectrum by combining the regressor

signals with a smoothing parameter to obtain smoothed regressor
signals:

combining said smoothed regressor signals with a
weighting factor to produce a first set of signals;

combining parameter signals from the previous frame
with said smoothed regressor signals, a signal sample and a
weighting factor to produce a second set of signals;

calculating parameter signals for the present frame
from the first and second set of signals:

determining whether the model is stable:

stabilizing the model if it is determined that the
model is unstable.

36. A method of spectral analysis for signal frames according to
claim 35, wherein said filter model is a linear, time-varying
all-pole filter.

37. A method of spectral analysis for signal frames according to
claim 35, wherein said filter model includes a numerator.

38. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation is piecewise constant.

39. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation is piecewise linear.

40. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation extends over more frames
than said previous, present and next frames.

41. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation is nonlinear.

42. A method of spectral analysis for signal frames according to
claim 35, wherein spectral smoothing is obtained by prewindowing
of the signal.
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4 illustrates the signal analysis defined by equation (eq.29). First, the
di scretized signal 70 rithis Shest asBedinRepladtd Wi t h a wi ndow function signal 71 in
order to obtain SﬁFCtral | e resulting signal is then stored on
a frame basedWRLAPLE60; n a Thessi gnal in buf f erPCTZ&SEI3/00538n used
for the generation of regressor or regression vector signals 74, as defined
by equation (eq.21), utilizing a spectral snpothing paraneter. The

regression veckgl Sin@Raba J:4saé&éﬂeanmk}éiispkéﬁ%%w ﬁa\ﬁ?{s%akggjﬁg‘gggor

76, as defined . e tion (e9.9 In order. to produce a )
signals. Ali ngg%(ms%er%g%fé’éhﬁg%%ﬁa& SE§°€'@f"igné5 PRFAEGEA P FOFERL2LGPR | 5
constructed fr¥ft¥HelMd-rst set of signals and a second set of signals 85,
which will be defined bel ow The system of equations is solved to yield a

parameter vect @k, Si Hathod W EPSct¥ASERA1JdidMBor Lighlf 5habL 'J&X:?

f t?e
. 1
spectral nodel _is.ohtained hy feeding.the paraneter vector signa fﬁh_%ugh a
stability corr&%ﬁ“hlg)“’tsdd’/‘i‘%‘ée%o‘f’ Secqxur Cohn J%ry ggst is used to determine if

said model is stable.

45. A method of spectral analysis for signal frames according to
claim 35, wherein the stability of said model is determined by
calculating reflection coefficients and examining their sizes.

46. A method of spectral analysis for signal frames according to
claim 35, wherein the stability of said model is determined by
calculation of poles.

47. A method of spectral analysis for signal frames according to
claim 35, wherein said model is stabilized by pole-mirroring.

48. A method of spectral analysis for signal frames according to
claim 35, wherein said model is stabilized by bandwidth
expansion.

49. A method of spectral analysis for signal frames according to
claim 35, wherein said signal frame is a speech frame.

50. A method of spectral analysis for signal frames according to
claim 35, wherein said signal frame is a radar signal frame.

S51. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter vector signal for the present
frame is calculated using Gaussian elimination.

52. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using Gaussian elimination with LU-decomposition.

53. A method of spectral analysis for signal frames according to

T L
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The stabilized paranetqmmgggngggamg@@hxas fed into a buffer 81 that del ays

t he paraneter vector sig ne. The second set of signals,
nment i oned aboye, con rst multiplying the redgression vector
signals 74 w W?gé ght 5, a36defined by equiCFGHF MY s).

The resulting signal is then conbined with the paranmeter vector signal of
the previous frame to produce signals 83. These signals are then conbi ned
with the signal ciaimmbyfiherels saidppafimetel heighatofst $Ré fHessh@ tahie 83

The di scl osed ngginggtg&nhgygggQﬂfgégeogggaéﬂgnseveraI directions. In this
enbodi nent, the concentration i1s on nodifications of the nobdel and on the

pOSSIbI|Ity to derive nore efficient algorithns
54. A method of spectral analysis for signal frames according to

claim 35, wherein said parameter signal for the present frame is
calculated using U-D-factorization.

55. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using Cholesky-factorization.

56. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using a Levenberg-Marquardt method.

57. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using a recursive formulation.

58. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an a-parameter.

59. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a reflection
coefficient.

0. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an area coefficient.

61. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a log—-area parameter.

62. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a log—-area ratio
parameter.

63. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a formant frequency

bFEE 1907
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for calculation of the estimates. One nodification of the nodel structure
s to include a nunerat Ukis iebtHAOBAeRRegiRed he filter nodel (eq.l) as follows

(29 I

and a corresponding bandwidth.

WO 94/01860

PCT/SE93/00539

64. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an arcsine parameter.

65. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an autocorrelation-
parameter.

66. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a 1line spectral
frequency.

67. A method of spectral analysis for signal frames according to
claim 35, wherein an additional known input signal to said
spectral filter model is utilized.

68. A method of spectral analysis for signal frames according to
claim 35, wherein said filter model is non-linear in the
parameter signals.

69. A method of signal coding, the method comprising:
determining a first spectral analysis of signal frames
using time variable spectral models and utilizing interpolation
of spectral parameters between frames;
determining a second spectral analysis using time
invariant spectral models; _
comparing the first and second spectral analysis; and
selecting the spectral analysis with the highest
quality.

70. A method of signal coding according to claim 69, wherein said
spectral analyses are compared by measuring the signal energy
reduction after synthesis filtering with said spectral models,
and choosing the spectral analysis that gives the highest signal
energy reduction.

71. A method of signal coding according to claim 70, wherein said

W R R e 15 1he replacoment sheer
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16 [err] (eq. 31)

.

WO 94/01860 28 PCT/SE93/00539

spectral analysis is selected as said first spectral analysis if
said first spectral analysis gives a stable model, and said
second spectral analysis is selected if said first spectral
analysis gives an unstable model.
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When constructing algorithnms for this nodel, one alternative is to use so
called prediction error optim zation nmethods as described in "Theory and
Practice of Recursive ldentification,”™ L. Ljung and T. Soderstrom
Canbri dge, Mass., MI.T. Press, Chapte 2-3, 1983, which is incorporated
herein by reference. Anot her nodification is to regard the excitation
signal, that is calculated after the LPC analysis in CELP-coders, as known.
This signal can then be used in order to re-optimze t e LPC- paraneters as
a final step of analysis. If the eABYERAGT signal is denoted by u(t), an
appropriate nodel structure is the conventional equation error nodel:

TIME VARIABLE SPECTRAL ANALYSIS

BASED ON INTERPOLATION FOR SPEECH CODING

A time variable spectral analysis for speech coding based upon interpolation between speech
frames. A speech signal is modeled by a linear filter which is obtained by a time variable
linear predictive coding analysis algorithm. Interpolation between adjacent speech frames
is used in order to express a time variation of the speech signal. In addition, interpolation
between adjacent frames secures a continuous track of filter parameters across different

speech frames.

(Figure 3)
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[err] (eqg.33) An alternative
Is to use a so-called output error nodel. This does however |ead to higher
conput ati onal conplexity since the optim zation requires that nonli near
search algorithnms are used. The par aggter s of the B-polynom al are

I nterpol ated exactly as those of the A“polynom al as described previously.
By the introduction of
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matrices for recursive estimation schemes,” L.Ljung, M Mrf and D.

Fal coner, Int. J. Contr., vol. 27, pp. 1-19, 1978, and "Efficient solution
of co-variance equations for linear prediction,” M Mrf, B. Dickinson, T.
Kailath and A. Vieira, |EEE Trans. A§9%ﬁt.. Speech. Signal Processing, vol.
ASSP- 25, pp. 429-433, 1977, which aré&’incorporated herein by reference.
Techni ques for designing fast algorithms are summarizedf&in "Lattice
Filters for Adaptive Processing,"” B. Friedl ander, Proc. BEEE, Vol . 70, pp.
829-867, 1982, and the references_cited therein.  which §8 P ncorporated

herein by reference. Recently, so-called lattice al gorfthms have been
obt ai ned based on a
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BEXE7-3 wpos
pol ynom al approxination of the paraneters of the spectral nodel, (eq.1l)

using a geonetric argurrent ation, as described in "RLS Pol ynom al Latti'ce
Al gorithms For . Modelling. T| me- Varyi ng Si gnal { " E. Karlsson,!Proc.: :

| CASSP/ pp. 3233 3236,,,1991, whi ph i's incor pora{ed her ei n by re«f erence.
That approach is however not ba&ed on interpol ation between parameters in
adj acent speech frames. As - a result, the order %f the problemis at. Ieas_t
twi ce that of the order of the al gorlthms present ed here. I n anot her
enbodi nent of the present .invention, the time variable LPCanal ygigs net hods
di scl osed herein are conbined with previously known LPC analysis
algorithms. A first spectral analysis using tinme variable spectral nodels
and utilizing int erpSE&hWW@p’éﬁq’”&P‘LpMmI@r BASED \Q%en frames is first
performed. Then a second INPERPOIATIANFGRE | spEEsHpesdiNeTEd USi Ng a

FIELD OF THE INVENTION

The present invention relates to a time variable spectral
analysis algorithm based upon interpolation of parameters between

adjacent signal frames, with an application to low bit rate
speech coding.

BACKGROUND OF THE INVENTION

In modern digi@al communication systems, speech coding devices
and algorithms play a central role. By means of these speech
coding devices and algorithms, a speech signal is compressed so
that it can be transmitted over a digital communication channel
using a low number of information bits per unit of time. 2as a
result, the bandwidth requirements are reduced for the speech

channel which, in turn, increases the capacity of, for example,
a mobile telephone systen.

In order to achieve higher capacity, speech coding algorithms
that are able to encode speech with high quality at lower bit
rates are needed. Recently, the demand for high quality and low
bit rate has sometimes lead to an increase of the frame length
used in the speech coding algorithms. The frame contains speech
samples residing in the time interval that is currently being
processed in order to calculate one set of speech parameters.

The frame length is typically increased from 20 to 40
milliseconds.

As a consequence of the increase of the frame length, fast
transitions of the speech signal cannot be tracked as accurately
as before. For example, the linear spectral filter model that
models the movements of the vocal tract, is generally assumed to
be constant during one frame when speech is analyzed. However,
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time invariant nethod. The two nethods are then conpared and the nethod
whi ch gives the highest quality is selected. A first nethod to neasure
the quality of the spectral analysis would be to conpare the obtained power
reducti on when the discretized speech signal is run through an inverse of
the spectral filter nodel. The highest quality corresponds to the highest
power reduction. This is also known as prediction gain neasurenent. A
second met hod would be to use the tinmeavariable nethod whenever it is
stable (incorporating a snall safety factor). |If the tine variable nethod
Is not stable, the tine invariant spectral analysis nmethod is chosen.

for 40 millisecond frames, this assumption may not be true since

the spectrum can change at a faster rate.

In many speech coders, the effect of the vocal tract is modeled
by a linear filter, that is obtained by a linear predictive
coding (LPC) analysis algorithm. Linear predictive coding is
disclosed in "Digital Processing of Speech Signals," L.R. Rabiner
and R.W. Schafer, Prentice Hall, Chapter 8, 1978, and is
incorporated herein by reference. The LPC analysis algorithms
operate on a frame of digitized samples of the speech signal, and
produces a linear filter model describing the effect of the vocal
tract on the speech signal. The parameters of the linear filter
model are tﬁen'quantized and transmitted to the decocder where
they, together with other information, are used in order to
reconstruct the speech signal. Most LPC analysis algorithms use
a time invariant filter model in combination with a fast update
of the filter parameters. The filter parameters are usually
transmitted once per frame, typically 20 milliseconds long. When
the updating rate of the LPC parameters is reduced by increasing
the LPC analysis frame length above 20 ms, the response of the
decoder is slowed down and the reconstructed speech sounds less
clear. The accuracy of the estimated filter parameters is also
reduced because of the time variation of the spectrum.
Furthermore, the other parts of the speech coder are affected in
a negative sense by the mis-modeling of the spectral filter.
Thus, conventiocnal LPC analysis algorithms, that are based on
linear time invariant filter models have difficulties with
tracking formants in the speech when the analysis: frame length is
increased in order to reduce the bit rate of the speech coder.
A further drawback occurs when very noisy speech is to be
encoded. It may then be necessary to use long speech frames
which contain many speech samples in order to obtain a sufficient
accuracy of the parameters of the speech model. With a time
invariant speech model, this may not be possible because of the
formant tracking capabilities described above. This effect can

be counteracted by making the linear filter model explicitly time
variable.



19 VWhile a particul ar enbodi mrent of the present invention has been
described and illustrated, it should be understood that the

Time variable spectral estimation algorithms can be constructed
from various transform techniques which are disclosed in "The
Wigner Distribution-A Tool for Time-Frequency Signal Analysis,"
T.A.C.G. Claasen and W.F.G. Mecklenbriuker, Philips J. Res., Vol.
35, pp. 217-250, 276-300, 372-389%, 1980, and "Orthonormal Bases
of Compactly Supported Wavelets," I. Daubechies, Comm. Pure,
Appl. Math., Vol. 41, pp. 929-996, 1988, which are incorporated
herein by reference. Those algorithms are, however, less
suitable for speech coding since they do not possess the
previously described 1linear filter structure. Thus, the
algorithms are not directly interchangeable in existing speech
coding schemes. Some time variability may also be obtained by
using conventional time invariant algorithms in combination with
so called forgetting factors, or equivalently, exponential
windowing, which are described in "Design of Adaptive Algorithms
for the Tracking of Time-Varying Systems," A. Benveniste, n J.
Adaptive control Signal Processing, Vol. ‘1, no. 1,
1987, which is incorporated herein by reference.

Pp. 3-29,

The known LPC analysis algorithms that are based upon explicitly
time variant speech models use two or more parameters, i.e., bias
and slope, to model one filter parameter in the lowest order time
variable case. Such algorithms are described in "Time~-dependent
ARMA Modeling of Nonstationary Signals,*® Y. Grenier, IEEE
Ixansactjons on Acoustics, Speech and Signal Processing, Vol.
ASSP-31, no. 4, pp. 899-911, 1983, which is incorporated herein
by reference. A drawback with this approach is that the model
order is increased, which leads to an increased computational
complexity. The number of speech samples/free parameter
decreases for fixed speech frame lengths, which means that
estimation accuracy is reduced. Since interpolation between
adjacent speech frames is not used, there is no coupling between
the parameters in different speech frames. As a result, coding
delays which extend beyond one speech frame cannot be utilized in
order to improve the LPC parameters in the present speech frame.
Furthermore, algorithms that do not utilize interpolation between
adjacent frames, have no control of the parameter variation
across frame borders. The result can be transients that may



invention is not limted thereto, since nodifications may be nmade by
persons skilled in the art. The present invention contenplates any
and all nodifications that fall within the spirit and scope of the

under |l ying invention disclosed and cl ai med herein.
20

reduce speech quality.
SUMMARY OF THE DISCLOSURE

The present invention overcomes the above problems by utilizing
a time variable filter model based on interpolation between
adjacent speech frames, which means that the resulting time
variable LPC-algorithms assume interpolation between parameters
of adjacent frames. As compared to time invariant LPC analysis
algorithms, the present invention discloses LPC analysis
algorithms which improve speech quality in particular for longer
speech frame lengths. Since the new time variable LPC analysis
algorithm based upon interpclation allows for 1longer frame
lengths, improved quality can be achieved in very noisy
situations. It is important to note that no increase in bit rate
is required in order to obtain these advantages.

The present invention has the foliowinq advantages over other
devices that are based on an explicitly time varying filter
model. The order of the mathematical problem is reduced which
reduces computational complexity. The order reduction also
increases the accuracy of the estimated speech model since only
half as many parameters need to be estimated. Because of the
coupling between adjacent frames, it is possible to obtain
delayed decision coding of the LPC parameters. The coupling
between the frames is directly dependent upon the interpolation
of the speech model. The estimated speech model can be optimized
with respect to the subframe interpolation of the LPC parémeters
which are standard in the LTP and innovation coding in, for
example, CELP coders, as disclosed in nStochastic Coding of
Speech Signals at Very Low Bit Rates," B.S. Atal and M.R.
Schroeder, Proc, JInt, Conf. Comm, JCC-84, pp. 1610-1613, 1984,
and "Improved Speech quality and Efficient Vector Quantization in
SELP,"” W.B. Klijn, D.J. Krasinski, R.H. Ketchum, 1988 .
International Conference on BAcoustics, Speech, and Signal
Processing, pp.155-158, 1988, which are incorporated herein by
reference. This is accomplished by postulating a piecewise
constant interpolation scheme. Interpolation between adjacent
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What is clained is: 1. A met hod of
anal ysis and interpol ation of uninterpolated input signal

vari abl e spectral nodels, the nethod conprising the steps of:

| i near predictive coding

frames using tine

sanpling a signal to obtain a series of discrete sanples and constructing

therefrom a series of frames;
using a filter nodel

nodel i ng the spectrum of said signa
utilizing interpolation of paraneter signals between a

previous, present and next frame for form ng estinmted paraneters;
cal cul ati ng-fegressor signals fromsai @ estimated paraneters;
snoot hing the spectrum by conbining the regressor signals with a snoot hi ng

paraneter to obtain snoothed regressor signals;

conbi ning said

smoot hed r @QLASSOL1 < GBahSedMal BoMEl AU Y rE SE Y Shb O AQIUESrfheters

across frame borders.

The advantage of the present invention as compared to other
devices for spectral analysis, e.q. using transform techniques,
is that the present invention can replace the LPC analysis block

in many present coding schemes without requiring further
modification to the codecs.

BRIEF DESCR IO F _TH WINGS

The present invention will now be described in more detail with
reference to preferred embodiments of the invention, given only
by way of example, and illustrated in the accompanying drawings,
in which:

Fiqg. i illustrates the interpolation of one particular filter
parameter, a;;

Fig. 2 illustrates weighting functions used in the present
invention;

Fig. 3 illustrates a block diagram of one particular algorithm
obtained from the present invention:; and

FPig. 4 illustrates a block diagram of another particular
algorithm obtained from the present invention.

2E2AZLE2_2E§QBI22I9!_Q!_IEE.BBEEEB&EQ;EHEQQI!§!2§
While the following description is in the context of cellular
comnunication systems involving portable or mobile telephone
and/or personal communication networks, it will be understood by
those skilled in the art that the present invention may be
applied to other communication applications. Specifically,
spectral analysis techniques disclosed in the present invention
can also be used in radar systems, sonar, seismic signal
processing and optimal prediction in automatic control systems.

In order to improve the spectral analysis, the following time

varying all-pole filter model is assumed to generate the spectral
shape of the data in every frame

P 14 Mak Qa7



first set of signals; conbi ni ng paraneter signals fromthe previous
frame with said snoot hed regressor signals, a signal sanple and a wei ghting
factor to produce a second set of signals; cal cul ati ng paraneter
signals for the present frane and the next frame fromthe first and second
set of signals; determ ning whether the filter nodel is stable after
each frane; and stabilizing the filter nodel if the filter nodel is
determ ned to be unstable. 2. A nethod of linear predictive coding
anal ysi s and interpol ati on of uninterpelated input signal franes according
to claim1, wherein said filter nodel is a linear, tinme-varying all-pole
filter. 3. A nethod of linear predictive coding analysis and

i nt erpol ati on of

1

(t) S eece——————
Y Algt, &

e(t)

. (eq.1)
Here y(t) is the discretized data signal and e(t) is a white

noise signal. The filter polynomial A(q~},t) in the backward
shift operator gq~! (q~¥e(t) = e(t-k)) is given by

Alg™,8) = 1+a (Vg™ +...+a,(t) g™

(eq.2)
The difference as compared to other spectral analysis algorithms

is that the filter parameters here will be allowed to vary in a
new prescribed way within the frame.

Since e(t) is white noise, it follows that the optimal linear
predictor y(t) is given by

?(t) = -ai(C)Y(c-l) = ees v an(C)Y(C"n)

{eg.3) Ifthe
parameter vector 8(t) and the regression vector ¢(t) are
introduced according to

B(e) = (a,(t)...a,(8))7

(eq.4)
eit) = (-y(t-1)...-yl{t-m))7
(eq.5)
then the optimal prediction of the signal y(t) can be formulated
as
ity =07(e) @(¢)
(eq.6)

In order to describe the specﬁrai model in detail, some notation
needs to be introduced. Below, the superscripts (), ()9 and ()*

refer to the previous, the present and the next frane,
respectively.



uni nterpol ated i nput signal frames according to claim1, wherein said
filter nodel includes a nunerator.

21 4. A nmethod of l|inear predictive coding analysis and

I nterpol ati on of uninterpolated i nput signal frames according to claim1,
wherein said interpolation is piecew se constant.

N : the number of samples in one frame.

t : the t:th sample as numbered from the beginning
of the present franme.

k : the number of subintervals used in one frame
for the LPC-analysis.

m : the subinterval in which the parameters are
encoded, i.e., where the actual parameters
occur.,

j ¢ index denoting the Jj:th subinterval as
numbered from the beginning of the present

frame.
i : index denoting the i:th filter-parameter.
a;(j(t)) : interpolated value of the i:th filter
parameter in the j:th subinterval. Note that
j is a function of t.
a;(m-k)=a;~ : actual parameter vector in previous speech
frame.
ai(m)=ai° : actual parameter vector in present speech

frame.

aj(m+k)=a;* : actual parameter vector in next speech frame.
In the present embodimént, the spectral model utilizes
interpolation of the a-parameter. In addition, it will be
understood by one of ordinary skill in the art that the spectral
model could utilize interpolation of other parameters such as
reflection coefficients, area coefficients, log-area parameters,
log-area ratio parameters, formant frequencies together with
corresponding bandwidths, line spectral frequencies, arcsine
parameters and autocorrelation parameters. These paranmeters
result in spectral models that are nonlinear in the parameters.

The parameterization can now be explained from Fig. 1. The idea
is to interpolate piecewise constantly between the subframes n-k,
k and m+k. Note, however, that interpolation other than
piecewise constant interpolation is possible, possibly over more
than two frames. Note, in particular, that when the rnumber of
subintervals, k, equals the number of samples in one frame, N,
then interpolation becomes linear. Since a;~ is known from the
analysis of the previous frame, an algorithm can be formulated
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5. A nmethod of linear predictive coding analysis and interpol ation of

uni nterpol ated i nput signal franmes according to claiml1l, wherein said

i nterpolation is piecew se |inear. 6. A nethod of I|inear

predi ctive coding analysis and interpol ation of uninterpolated input signal
frames according to claim1l1, wherein said interpol ation extends over nore
frames than said previous, present and next franes. 7. A nethod of
| i near predictive coding analysis and interpolation of uninterpol ated input
signal frames according to claim1, wtferein said interpolation is
nonl i near.

that determines the aio and (possibly) the a;*, by minimization

of the sum of the squared difference between the data and the
model cutput (eq.1l).

Fig. 1 illustrates interpolation of the i:th a-parameter. The
dashed lines of the trajectory indicate subintervals where
interpolation is used in order to calculate a;(j(t)) where
N = 160 and k = m = 4 in the figure.

The interpolation gives, e.g., the following expression for the
i:th filter parameter:

a,(j(ey) = ag m'J;((C) +a) k-m«r}g’(t) , m=-ksj(t)sm
(eq.7)
a (j(t)) = al “”"‘kj“" +a;j“:k”’", msj(t) smek

It is convenient to introduce the following weight functions:

w (G () k,m) = —21‘1;2-(-'& m-2ksj (&) sm-k

w (e Jem) = ﬂ:-Zk‘L’ m-ksj (&) sm

(eq.8)
w{j(t).k,m) = 0, otherwise
wo(j(e),k,m = —J-c:’—"ijg-(ﬁ)-, m-ksj(t) sm
woO(F (), k,m = —"—"—’"-:};2-‘—"’- msj (&) smek
(eq. 9)
Te Py |E:"'x ol et
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8. A nmethod of linear predictive coding analysis and interpol ation of

uni nterpol ated i nput signal franes according to claim1l, wherein spectral
snoot hing i s obtained by prewi ndowi ng of the estinated paraneters.

9. A nmethod of linear predictive coding analysis and interpol ati on of

uni nterpol ated i nput signal frames according to claim1, wherein spectral
snmoot-hing is obtained by correlati on wei ghti ng. 10. A nethod of

i near predictive coding analysis and_interpolation of uninterpolated input
signal frames according to claim31, wlerein a Schur-Cohn-Jury test is used
to determne if said nodel is stable. 11. A nethod of |inear

predi ctive coding analysis and interpol ation of

wo(j(t) . k,m} = 0, otherwise

w'(j(t) k,m) = JZEi%LEL. msJ(t) smek

we(F(e) kom = —%f‘l’"—;l—‘i’- mrksj (£) sme2k
{eq.10)

w'(j(t) ,k,m) = 0, otherwise

Fig. 2 illustrates the weight functions w~(t,N,N),
w°(t,N,N) and w'(t,N,N) for N = 160. Using equations (eq.7)-
(eq.10), it is now possible to express the a;(j(t)) in the
following compact way

aj(j‘t)) = w(j(e), k.maj+wo(jF(c), k,m)aj+w (j(t), k., m)a;

(eq.1l)

Note that (eq.6) is expressed in terms of U(t) , i.e., in terms

of the a;(j(t)). Equation (eq.l1ll) shows that these parameters
are in fact linear combinations of the true unknowns, i.e., a;”,
a;° and a;*. These linear combinations can be formulated as a -
vector sum since the weight functions are the same for all

a;(j(t)). The following parameter vectors are introduced for
this purpose:

0" = (a;...an)7T

(eq.12)
8° = (al...ad)

(eqg.13)
0 = (ay...a;))T

(eq.14)

It then follows from equation (eq.l1l) that



uni nterpol ated i nput signal frames according to claim1, wherein the
stability of said nodel is determ ned by calculating refl-ection
coefficients and exam ning the reflection coefficients sizes.

22 12. A method of l|inear predictive coding analysis and

I nterpol ati on of uninterpolated i nput signal frames according to claima1,
wherein the stability of said nodel is determ ned by cal cul ati on of poles.

17

80

(af...aghs...b9T

{eq.35)
6° = (a;...asb;...bg)T
(eq.36)
@, (8) = (-ply(t-1)...-p ™ y(t-n)u(t)...o™u(t-m)) 7"
{eq.37)

it is possible to verify that equations (eq.28) and (eq.29) still
hold with equations (eg.34)~(eq.37) replacing the previous
expressions everywhere. The notation ¢ denotes the spectral

smoothing factor corresponding to the numerator polynomial of the
spectral model.

Another possibility to modify the algorithms is to use
interpolation other than piecewise constant or linear between the
frames. The interpolation scheme may extend over more than three
adjacent speech frames. It is also possible to use different
interpolation schemes for different parameters of the filter
model, as well as different schemes in different frames.

The solutions of eéuations (eq.zs) and (eq.29) can be computed by
standard Gaussian elimination techniques. Since the least
squares problems are in standard form, a number of other
possibilities also exist. Recursive algorithms can be directly
obtained by application of the so-called matrix inversion lemma,
which is disclosed in "Theory and Practice of Recursive
Identification" incorporated above. Various variants of these
algorithms then follow directly by application of different
factorization techniques like U-D-factorization, QR~
factorization, and Cholesky factorization.

Computationally more efficient algorithms to solve equations
(eq.28) and (eqg.29) could be derived (so-called "fast

algorithms"). Several techniques can be used for this purpose,
e.g., the algebraic technique used in "Fast calculations of gain
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13. A method of linear predictive coding analysis and interpol ation of

uni nterpol ated i nput signal franmes according to claim1l, wherein said nodel
is stabilized by pole-mrroring. 14. A method of linear predictive
codi ng anal ysis and interpolation of uninterpolated input signal franes
according to claim1, wherein said nodel is stabilized by bandw dth

expansi on. 15. A nethod of linear predictive coding analysis and

i nterpol ati on of uninterpol ated i nput, signal frames according to claim1,
wherein said signal frame is a speech frane.

BG(EY) =w (F(E) , k,mB +wl(F (L), k, mO°+w* (J(t),k,mo

(eqg.15)
Using this linear combination, the model (egqg.6) can be expressed

as the following conventional linear regression

yit) =07 (o)

{eq.16)
where
8 =(67T0THNT
(eg.17)
() ={w (F(&), k.m@T(t) wo(F(E), k., m)epT(L)
w'{F ey, k.moeT(t))T
(eq.18)

This completes the discussion of the model.

Spectral smoothing is then incorporated in the model and the
algorithm. The conventional methods, with pre-windowing, e.g. a
Hamming window, may be used. Spectral smoothing may alsoc be
obtained by replacement of the parameter a (j(t)) with
ai(j(t))/pi in ecquation (eq. 6), where p is a smoothing parameter
between 0 and 1. In this way, the estimated a-parameters are
reduced and the poles of the predictor model are moved towards
the:center of the unit circle, thus smoothing the spectrum. The
spectral smoothing can be incorporated into the linear regression
model by changing equations (eq.16) and (eq.18) into

yie) = 8%, (¢t)

{eq.19)
3 (e)=(w(J(8)  k.moi(t) w (j(£),k,me](L)
we(j (), k,mgi(t))
(eqg.20)
where
(eq.21)
Thig iy g topaloment sneel



16. A method of linear predictive coding analysis and interpolation of

uni nt erpol ated i nput signal franes according to claim1, said signal frane
is a radar signal frame. 17. A method of linear predictive coding
anal ysis and interpol ati on of uninterpolated input signal frames according
to claim1, wherein said paraneter signals for the present frane and the
next frame are cal cul ated using Gaussi an elim nation. 18. A nethod
of linear predictive coding analysis and interpolation of uninterpol ated

i nput signal frames according to claimm 1, wherein said paraneter signals

for the present franme and the next frane are cal cul ated using Gaussi an
elimnation with LU deconposition.

@, (&) =(-piy(t-1)...-p y(c-n))7

Another class of spectral smoothing techniques can be utilized by
windowing of the correlations appearing in the systems of
equations (eqg.28) and (eq.29) as described in "Improving
Performance of Multi-Pulse LPC-Codecs at Low Bit Rates," S.

Singhal and B.S. Atal, Proc. ICASSP, 1984, which is incorporated
herein by reference.

Since the model is time variable, it may be necessary to
incorporate a stability check after the analysis of each frame.
Although formulated for time invariant systems, the classical
recursion for calculation of reflection coefficients from filter
parameters has proved to be useful. The reflection coefficients
corresponding to, e.g., the estimated 6°%-vector are then
calculated, and their magnitudes are checked to be less than one.
In order to cope with the time-variability a safety factor
slightly less than 1 can be included. The model can also be
checked for stability by direct calculation of poles or by using
a Schur-Cohn~Jury test.

If the model is unstable, several actions are possible. First,
a; (3 (t)) can be replaced with A'a;(j(t)), where A is a constant
between 0 and 1. A stability test, as described above, is then
repééted for smaller and smaller i, until the model is stable.
Another possibilitf would be to calculate the poles of the model
and then stabilize only the unstable poles, by replacement of the
unstable poles with their mirrors in the unit circle. It is well

known that this does not affect the spectral shape of the filter
model.

The new spectral analysis algorithms are all derived from the
criterion '

v, () =c§¢; €5 (£,8) =Y (y(c)-87,(c))?

cel



19. A nethod of
uni nt er pol ated i nput si gnal

using QR-factorization.

20.

A net hod of
uni nt er pol ated i nput si gnal

par anmeter signals

12

(eq.22)
where

I =%, t)
(eg.23)
is the time interval over which the model is optimized. Note
that n extra samples before t are used because of the definition
of ¢(t). Using I, a delay can be used in order to improve
quality. As stated previously, it is assumed that 0~ is known

from the analysis of the previous frame. This means that the
criterion Vv, (6) can be written as

v, (6°) sgt {y(e)-0Tw (J (e}, k.m) @, (€)) -0°°Td° () } 2=

Y (7o) -8 Ty ()2

[T 4
(eqg.24)
where y(t) is a known quantity and where
8% = (6°T 6°N) T
(eg.25)
$p° () = (WO(F(e) , k.m oy (t) w(jle) . k.mel(e))T
(eq.26)

It is straightforward to introduce exponential weighting factors

into the criterion, in order to obtain exponential forgetting of
the old data.

The case, where the size of the optimization interval I is such
that the speech model is affected by the parameters in the next
speech frame, is treated first. This means that also 6* needs to
be calculated in order to obtain the correct estimate of 6°. It
is important to note that although 6* is calculated, it is not
necessary to transmit it to the decoder. The price paid for this
is that the decoder introduces an additional delay since speech
can only be reconstructed until subinterval m of the present

Th&isthereMaeementsheet

ot 14 MRS

| i near predictive coding analysis and interpol ation of
frames according to claiml, wherein said
paranmeter signals for the present frame and the next frame are cal cul ated

| i near predictive coding analysis and interpol ation of
frames according to claiml, wherein said

23



“for the present frame and the next franme are cal cul ated using
U-D-factorization. 21. A method of linear predictive coding

anal ysis and interpol ation of uninterpolated input signal franmes according
to claim1, wherein said paraneter signals for the present franme and the
next -frame are cal cul ated usi ng Chol esky-factorization. 22. A

nmet hod of |inear predictive coding analysis and interpolation of

uni nterpol ated i nput signal franmes according to claim1l1, wherein said
parameter signals for the present frad@ and the next frame are cal cul at ed
usi ng a Levenber g- Mar quar dt net hod. 23. A nethod of I|inear

predi ctive coding analysis and interpolation of uninterpolated input signal
frames accspetong firamel ai Thuk, twhedRjor i8R deNRrAMRL B HhtEIgksted as a

delayed decision time variable LPC-analysis algorithm. Assuning
a sampling interval of T, seconds, the total delay introduced by

the algorithm, counted from the beginning of the present frame,
is

Delay=(1 -—I}:-)N'I"-b . T,, t> .ﬂ.:

(eq.27)
The minimization of the criterion (eq.24) follows from the theory

of least squares optimization of linear regressions. The optimal

parameter vector 6% is therefore obtained from the linear systenm
of equations

(Z dp" (£) 45T (¢) )e°~=z F(e dp (e
el cel

(eqg.28)
The system of equations (eq.28) can be solved with any standard
method for solving such systems of equations. The order of
equation (eqg.28) is 2n.

Fig. 3 illustrates one embodiment of the present invention in
which the Linear Predictive Coding analysis method is based upon
interpolation between adjacent frames. More specifically, Fig.
3 illustrates the signal analysis defined by equation 28 (eq.
28), using Gaussian elimination. First, the discretized signals
may be multiplied with a window function 52 in order to obtain
spectral smoothing. The resulting signal 53 is stored on a frame
based manner in a buffer S4. The signal in the buffer 54 is then
used for the generation of regressor or regression vector signals
55 as defined by equation (eq.21). The generation of regression
vector signals 55 utilizes a spectral smoothing parameter to
produce a smoothed regression vector signals. The regression
vector signals 55 are then multiplied with weighting factors 57
and 58, given by equations 9 and 10 respectively, in order to
produce a first set of signals $9. The first set of signals are
defined by equation (eq. 26). A linear system of equations 60,
as defined by equation (eq. 28), is then constructed from the

ik g mipianeinent sheet
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for the present franme and the next franme are cal cul ated using a recursive

formul ati on. 24. A nmethod of l|inear predictive coding analysis and
i nterpol ati on of uninterpolated i nput signal franmes according to claim1,
wherein said paraneter signals are a-paraneters. 25. A net hod of

| i near predictive coding analysis and interpolation of uninterpolated input
signal frames according to claim1, wherein said paraneter signals are
reflection coefficients. 26. met hod of |inear predictive coding
anal ysis and interpol ati on of uninterpolated input signal franmes according
to claim1, wherein said paraneter signals are area coefficients.

first set of signals 59 and a second set of signals 69 which will
be discussed below. In this embodiment, the system of equations
is solved using Gaussian elimination 61 and results in parameter
vector signals for the present frame 63 and the next frame 62,
The Gaussian elimination may utilize LU~decomposition. The
system of equations can also be solved using QR-factorization,
Levenberg-Margardt methods, or with recursive algorithms. The
stability of the spectral model is secured by feeding the
parameter vector signals through a stability correcting device
64. The stabilized parameter vector signal of the present frame

is fed into a buffer 65 to delay the parameter vector signal by
one frame.

The second set of signals 69 mentioned above, are constructed by
first multiplying the regression vector signals 55 with a
weighting function 56, as defined by equation (eq.8). The
resulting signal is then combined with a parameter vector signal
of the previous frame 66 to produce the signals 67. The signals
67 are then combined with the signal stored in buffer 54 to

produce a second set of signals 69, as defined by equation
(eqg.24).

When I does not extend beyond subinterval m of the pfesent frame,
wt(j(t),k,m,) equals zero and it follows from equations (eq.25)
and (eqg.26) that the right and left hand sides of the last n
equations of (eg.28) reduce to zero. The first n equations
constitute the solution to the minimization problem as follows

(): w2 (jF(e), k,.m) o, (L) v:(t))euz;?( W (j(e), k.me, (L)
el [73

{eq.29)
As above, this is a standard least squares problem where the

weighting of the data has been modified in order to capture the
time-variation of the filter parameters. The order of equation
(eq.29) is n as compared to 2n above. The coding delay

introduced by equation (eq.29) is still described by equation
(eqg.27) although now t, < mN/k.



27. A nethod of |inear predictive coding analysis and interpolation of
uni nterpol ated i nput signal franmes according to claiml1l, wherein said
parameter signals are | og-area paraneters.

24 28. A nethod of |inear predictive coding analysis and
I nt er pol ati on of

15

Fig. 4 illustrates another embodiment of the present invention in
which the Linear Predictive Coding analysis method is based upon
interpolation between adjacent frames. More specifically, Fig.
4 illustrates the signal analysis defined by equation (eq.29).
First, the discretized signal 70 may be multiplied with a window
function signal 71 in order to obtain spectral smoothing. The
resulting signal is then stored on a frame based manner in a
buffer 73. The signal in buffer 73 is then used for the
generation of regressor or regression vector signals 74, as
defined by equation (eq.21), utilizing a spectral smoothing
parameter. The regression vector signals 74 are then multiplied
with a weighting factor 76, as defined by equation (eq.9), in
order to produce a first set of signals. A linear system of
equations, as defined by equation (eq.29), is constructed from
the first set of signals and a second set of signals 85, which
will be defined below. The system of equatidns is solved to
yield a parameter vector signal for the present frame 79. The
stability of the spectral model is obtained by feeding the
parameter vector signal through a stability correcting device 80.
The stabilized parameter vector signal is fed into a buffer 81
that delays the parameter vector signal by one frame.

The second set of signals, mentioned above, are constructed by
first multiplying the regression vector signals 74 with a
weighting function 75, as defined by equation (eq. 8). The
-resulting signal is then combined with the parameter vector
signal of the previous frame to produce signals 83. These
signals are then combined with the signal from buffer 73 to
produce the second set of signals 85.

The disclosed methods can be generalized in several directions.
In this embodiment, the concentration is on modifications of the

model and on the possibility to derive more efficient algorithms
for calculation of the estimates.

One modification of the model structure is to include a numerator
polynomial in the filter model (eq.1l) as follows

(eq.30)
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uni nterpol ated i nput signal frames according to claim1, wherein said
paraneter signals are |log-area ratio paraneters. 29. A nethod of

| i near predictive coding analysis and interpolation of uninterpol ated input
signal franmes according to claim1, wherein said paranmeter signals are
formant frequenci es and correspondi ng bandw dt hs. 30. A nethod of
| i near predictive coding analysis and interpol ati ng of uninterpol ated input
signal franes according to claim1, wherein said paranmeter signals are
arcsi ne paraneters. 31. A net¥od of linear predictive coding

anal ysis and interpol ati on of uninterpolated input signal franmes according
to claiml1, wherein said paraneter signals

yie) =S4 &) gy
A(g,e)

where

c(g@?, t)=l+c,(E)g i+, ..c (L) q@™®
(eq.31)

When constructing algorithms for this model, one alternative is
to use so called prediction error optimization methods as
described in “"Theory and Practice of Recursive Identification,"
L. Ljung and T. Soéderstrom, Cambridge, Mass., M.I.T. Press,
Chapters 2-3, 1983, which is incorporated herein by reference.’

Another modification is to regard the excitation signal, that is
calculated after the LPC-analysis in CELP-coders, as known. This
signal can then be used in order to re-optimize the LPC-
parameters as a final step of analysis. If the excitation signal

is denoted by u(t), an appropriate model structure is the
conventional equation error model:

A(g, E)y(£) =B(g-?, &) ulL) +e(t)

{eq.32)
where

B(g?,t)=b, () +by(t) g i+...~b, (L) @™

(eq.33)
An alternative is to use a so-called output error model. This

does however lead to higher computational complexity since the
optimization requires that nonlinear search algorithms are used.
The parameters of the B-polynomial are interpolated exactly as

those of the A-polynomial as described previously. By the
introduction of

6" = (ay...azby...0)T

(eq.34)



are autocorrel ati on-paraneters. 32. A nethod of linear predictive
codi ng anal ysis and interpolation of uninterpolated i nput signal franes
according to claiml1l, wherein said paraneter signals are |line spectra
frequenci es. 33. A nethod of linear predictive coding anal ysis and
I nterpol ati on of uninterpolated i nput signal frames according to claima1,
wherei n an additional known input signal to said spectral nodel is

utilized. 34. A nethod of lin gr predi ctive codi ng anal ysis and
i nterpol ati on of uninterpolated i nput Srgnal frames according to claim1,
wherein said filter nodel is non-linear in the paranmeter signals.

matrices for recursive estimation schemes," L.Ljung, M. Morf and
p. Falconer, Int. J. Contr., vol. 27, pp. 1-19, 1978, and
wgEfficient solution of co-variance equations for 1linear
prediction," M. Morf, B. Dickinson, T. Kailath and A. Vieira,
IEEE Trans. Acoust., Speech, Signal Processing, vol. ASSP-25, pp.
429-433, 1977, which are incorporated herein by reference.
Techniques for designing fast algorithms are summarized in
“Lattice Filters for Adaptive Processing," B. Friedlander, Proc.
IEEE, Vol. 70, pp. 829-867, 1982, and the references cited
therein, which are incorporated herein by reference. Recently,
so-called lattice algorithms have been obtained based on a
polynomial approximation of the parameters of the spectral model,
(eg.l) using a geometric argumentation, as described in "RLS
Polynomial Lattice Algorithms For Modelling Time-Varying
signals," E. Karlsson, Proc. ICASSP, pp. 3233-3236, 1991, which
is incorporated herein by reference. That approach is however
not based on interpolation between parameters in adjacent speech
frames. As a result, the order of the problenm is at least twice
that of the order of the algorithms presented here.

In another embodiment of the present invention, the time variable
LPc-anallysis methods disclosed herein are combined with
previously known LPC-analysis -algorithms. A first spectral
analysis using time variable spectral models and utilizing
interpolation of spectral parameters between frames is first
performed. Then a second spectral analysis is performed using a
time invariant method. The two methods are then compared and the
method which gives the highest quality is selected.

A first methed to measure the quality of the spectral analysis
would be to compare the obtained power reduction when the
discretized speech signal is run through an inverse of the
spectral filter model. The highest quality corresponds to the
highest power reduction. This is also known as prediction gain
measurement. A second method would be to use the time variable
method whenever it is stable (incorporating a small safety
factor). If the time variable method is not stable, the time
invariant spectral analysis method is chosen.



-35. A nethod of linear predictive coding analysis and interpol ation of

uni nterpol ated i nput signal franmes using tine variable spectral nodels, the
met hod conpri si ng: 25

sanpling a signal to obtain a series of discrete sanples and constructing

19

While a particular embodiment of the present invention has been
described and illustrated, it should be understood that the
invention is not limited thereto, since modifications may be made
by persons skilled in the art. The present invention
contemplates any and all modifications that fall within the

spirit and scope of the underlying invention disclosed and
claimed herein. '
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therefroma series of frames; nodel i ng the spectrum of said signa
using a filter nodel utilizing interpolation of paraneters between a

previ ous, present and next frame for form ng estinmated paraneters;

cal cul ating regressor signals fromsaid estimted paraneters;

snoot hi ng the spectrum by conbi ning the regressor SIQmHLQmMM&PBéhﬁ aghung

paraneter to obtain snoothed regressor signals;

snoot hed regressor signals with a welghtlng factor to é set
of signals; conbi ni ng paranet ef” si gnal s fron1th W th
sai d snmoot hed regressor signals, a signal sanple and a melghtlng factor to
produce a second set of signals; cal cul ati ng paraneter signals for

t he preserH¥T 3FeCEAIMBDt B8: first and second set of signals;
determining whether the filter nodel is stable after each frame;

stabilizing the fddnb8" oFOSEdctichy t Bfafysibebs PGl $rARLLTIE; RS £ DE
unstabl e. variable spectral models, the method comprising:
modeling the spectrum wusing a filter model utilizing
interpolation of parameter signals between a previous, present
and next frame:
sampling a signal to obtain a series of discrete
samples and constructing therefrom a series of frames;
calculating regressor signals from said signal:
smoothing the spectrum by combining the regressor
signals with a smoothing parameter to obtain smoothed regressor
signals;
combining said smoothed regressor signals with
weighting factors to produce a first set of signals;
combining parameter signals from the previous frame
with said smoothed regressor signals, a signal sanple and a
weighting factor to produce a second set of signals;
calculating parameter signals for the present frame and
the next frame from the first and second set of signals;
determining whether the model is stable; and

stabilizing the model if it is determined that the
model is unstable.

2. A method of spectral analysis for signal frames according to
claim 1, wherein said filter model is a linear, time-varying all-
pole filter.

3. A method of spectral analysis for signal frames according to
claim 1, wherein said filter model includes a numerator.

4. A method of spectral analysis for signal frames according to
claim 1, wherein said interpolation is piecewise constant.

5. A method of spectral analysis for signal frames according to
claim 1, wherein said interpolation is piecewise linear.

6. A method of spectral analysis for signal frames according to

4
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36. A nethod of linear predictive coding analysis and interpolation of
uni nterpol ated i nput signal franmes according to claim35, wherein said
filter nodel is a linear, tine-varying all-pole filter. 37. A
met hod of linear predictive coding analysis and interpol ation of

uni nterpol ated i nput signal frames according to cl aiThys3heet iReplecad d
filter nodel includes a nunerator. 38. A net
predi ctive coding analysis and interpolation of unint | t signa

frames according to claim 35, wherein ggaid interpolation is piecew se
const ant .

claim 1, wherein said interpolation extends over more frames than
said previous, present and next frames.

7. A method of spectral analysis for signal frames according to
claim 1, wherein said interpolation is nonlinear.

2. A method of spectral analysis for signal frames according to

claim 1, wherein spectral smoothing is obtained by prewindowing
of the signal.

9. A method of spectral analysis for signal frames according to

claim 1, wherein spectral smoothing is obtained by correlation
weighting.

10. A method of spectral analysis for signal frames according to
claim 1, wherein a Schur-Cohn-Jury test is used to determine if
said model is stable.

11. A method of spectral analysis for signal frames according to
claim 1, wherein the stability of said model is determined by
calculating reflection coefficients and examining their sizes.

12. A method of spectral analysis for signal frames according to

claim 1, wherein the stability of said model is determined by
calculation of poles.

13. A method of spectral analysis for signal frames according to
claim 1, wherein said model is stabilized by pole-mirroring.

14. A method of spectral analysis for signal frames according to
claim 1, wherein said model is stabilized by bandwidth expansion.

15. A method of spectral analysis for signal frames according to
claim 1, wherein said signal frame is a speech frame.

16. A method of spectral analysis for signal frames according to
claim 1, said signal frame is a radar signal frame.

.



26 39. A nethod of linear predictive coding analysis and
I nterpolation of uninterpolated input signal frames according to claim 35,

wher ei n sai dThin$hee piad Bdeh Répldcad  pi ecewi se | i near. 40. A method of
| i near predict i | ysis and interpol ation of uninterpolated input
signal franes | ai m 35, wherein said interpolation

22

17. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using Gaussian elimination.

18. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using Gaussian elimination with LU-
decomposition.

19. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using QR-factorization.

20. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using U-D-factorization.

21. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using Cholesky-factorization.

22. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals fo:'yhe present frame and
the next frame are calculated using a Levenberg-Marquardt method.

23. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals for the present frame and
the next frame are calculated using a recursive formulation.

24. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are a-parameters.

25. A method of spectral analysis for signal frames according to

claim 1, wherein said parameter signals are reflection
coefficients.

26. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are area coefficients.

is is the replacement sheset
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extends over nore franes than said previous, present and next franes.
41. A nethod of linear predictive coding analysis and interpolation of

uni nterpol ated ipput..SidBak rEyaees according to claim35, wherein said

interpolation is | 42. A nethod of linear predictive
codi ng anal ysi s m‘)uH“
according to clai ,

on of uninterpolated input signal franes
spectral snoothing is obtained by
prew ndowi ng of the estinmated paranet gs. 43. A method of I|inear
predi ctive coding anal'ysis and interpdfation of uninterpolated input signal
frames according to claim 35, wherein spectral snmoothing is obtained by
correl ati on wei ghting.
27. A method of spectral analysis for signal frames according to

claim 1, wherein said parameter signals are log-area paranmeters.,

28. A method of spectral analysis for signal frames according to

claim 1, wherein said parameter signals are log-area ratio
parameters.

29. A method of spectral analysis for signal frames according to

claim 1, wherein said parameter signals are formant frequencies
and corresponding bandwidths.

30. A method of spectral analysis for signal frames according to
claim 1, wherein said parameter signals are arcsine parameters.

31. A method of spectral analysis for signal frames according to

claim 1, wherein said parameter signals are autocorrelation~
parameters.

32. A method of spectral analysis for signal frames according to

claim 1, wherein said parameter signals are line spectral
frequencies.

33. A method of spectral analysis for signal frames according to

claim 1, wherein an additional known input signal to said
spectral model is utilized.

-34. A method of spectral analysis for signal frames according to

claim 1, wherein said filter model is non-linear in the parameter
signals.

35. A method of spectral analysis of signal frames using time
variable spectral models, the method comprising:

modeling the spectrum using a filter model utilizing
interpolation of parameters between a previous, present and next
frame;

sampling a signal to obtain a series of discrete
samples and constructing therefrom a series of frames:;

calculating regressor signals from said signals:;

HII'"I "II" III" ”III ” I“I Thic et residcumant sheel
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44. A nethod of linear predictive coding analysis and interpol ation of
uni nterpol ated i nput signal franmes according to claim35, wherein a
Schur - Cohn- Jur y 14;€&deetiHas me@Repi@eddet ermne if said nodel is stable.

45. A net hod of Iji ve coding analysis and interpol ation of
uni nterpol ated i jﬂlﬂﬂg’ﬁﬁ@”ﬂ mes according to claim35, wherein the
stability of sai

rmned by cal culating reflection
coefficients and exam ning the reflectiof coefficients sizes. 46.

A met hod of linear predictive coding analysis and interpol ation of
uni nterpol ated i nput signal frames according to claim35, wherein the

stability of said modelndotnfiff e¥HE NGRcBYuFabe ULahlid9nd tRO! fdyressor

signals with a smoothing parameter to obtain smoothed regresscor
signals:

combining said smoothed regressor signals with a
weighting factor to produce a first set of signals;

combining parameter signals from the previous frame
with said smoothed regressor signals, a signal sample and a
weighting factor to produce a second set of signals;

calculating parameter signals for the present frame
from the first and second set of signals:

determining whether the model is stable:

stabilizing the model if it is determined that the
' model is unstable.

36. A method of spectral analysis for signal frames according to

- claim 35, wherein said filter model is a linear, time-varying
all-pole filter.

37. A method of spectral analysis for signal frames according to
claim 3%, wherein said filter model includes a numerator.

38. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation is piecewise constant.

39. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation is piecewise linear.

40. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation extends over more frames
than said previous, present and next frames.

41. A method of spectral analysis for signal frames according to
claim 35, wherein said interpolation is nonlinear.

42. A method of spectral analysis for signal frames according to

claim 35, wherein spectral smoothing is obtained by prewindowing
of the signal.
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27 47. A nmethod of |inear predictive coding analysis and
I nterpol ation of uninterpolated i nput signal franmes according to clai m 35,
wherein said nodel is stabilized by pole-nmirroring. 48. A net hod

of linear predictive coding analysis and interpol atThysn&f Has Been Repl

R

43. A method of spectral analysis for signal frames according to

claim 35, wherein spectral smoothing is obtained by correlation
weighting.

25

44. A method of spectral analysis for signal frames according to
claim 35, wherein a Schur-Cohn-Jury test is used to determine if
said model is stable.

45. A method of spectral analysis for signal frames according to
claim 35, wherein the stability of said model is determined by
calculating reflection coefficients and examining their sizes,

46. A method of spectral analysis for signal frames according to
claim 35, wherein the stability of said model is determined by
calculation of poles.

47. A method of spectral analysis for signal frames according to
claim 35, wherein said model is stabilized by pole-mirroring.

48. A method of spectral analysis for signal frames according to

claim 35, wherein said model is stabilized by bandwidth
expansion.

49. A method of spectral analysis for signal frames according to
claim 35, wherein said signal frame is a speech frame.

50. A method of spectral analysis for signal frames according to
claim 35, wherein said signal frame is a radar signal frame.

51. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter vector signal for the present
frame is calculated using Gaussian elimination.

52. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using Gaussian elimination with LU-decomposition.

53. A method of spectral analysis for signal frames according to

[NER R 7t e reptacemen <he=
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uni nterpol ated i nput signal frames according to claim 35, wherein said

nodel is stabilized by bandw dt h expansi on. 49. A nethod of I|inear

predi ctive coding analysis and interpolation of uninterpol ated input signal
accordi ng Thaﬁsd;beaﬂ HBEv,Replaelde in said signal frame is a speech frane.

franmes
50 A net hod of |It ”m Im e coding anal ysis and interpol ation of
a

uni nterpol ated inp s according to claim35, wherein said
signal frane is a radar sign rane. ¢ 51. A nethod of I|inear
predi ctive coding analysis and interpol ation of uninterpolated input signal

frames according to claim35, wherein said paraneter vector
claim 35, wherein said parameter signal for the present frame is
calculated using QR-factorization.

54. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using U-D-factorization.

55. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using Cholesky-factorization.

56. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using a Levenberg-Marquardt method.

57. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal for the present frame is
calculated using a recursive formulation.

58. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an a-parameter.

59. A method of spectral analysis for signal frames according to

claim 35, wherein said parameter signal is a reflection
coefficient.

0. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an area coefficient.

61, A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a log-area parameter.

62. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a log-area ratio
paraneter.

63. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is a formant frequency

-
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signal for the present franme is cal cul ated using Gaussian elimnation.
52. A nethod of |inear predictive coding analysis and interpol ation of
uni nterpol ated i nput signal frames according to claim 35, wherein said
paranmeter signal for the present frame is cal cul ated usipg,d Bk Replaced
elimnation wth LU deconposition. 53. A net hod '

predi ctive coding analysis and interpolation of uninter pHm”%HlﬁemNﬂ wi gnal
frames according to claim35, wherein said paraneter sig esent
frame is cal cul ated using QR-factorizati®h. 54. A nethod of I|inear
predi ctive coding analysis and interpol ation of uninterpolated input signal

frames according to claim 35, wherein said paraneter signal for the present
frame is cal cundt @ccarsespendibg flpdgidtat | on.

64. A method of spectral analysis for signal frames according to
claim 35, wherein said parameter signal is an arcsine parameter.

65. A method of spectral analysis for signal frames according to

claim 35, wherein said parameter signal is an autocorrelation-
parameter.

66. A method of spectral analysis for signal frames according to

claim 35, wherein said parameter signal is a 1line spectral
frequency.

67. A method of spectral analysis for signal frames accofding to
claim 35, wherein an additional known input signal to said
spectral filter model is utilized.

68. A method of spectral analysis for signal frames according to
claim 35, wherein said filter model is non-linear in the
parameter signals.

69. A method of signal coding, the method comprising:
determining a first spectral analysis of signal frames
using time variable spectral models and utilizing interpolation
of spectral parameters between frames:
determining a second spectral analysis using time
invariant spectral models; .
comparing the first and second spectral analysis; and

selecting the spectral analysis with the highest
quality.

70. A method of signal coding according to claim 69, wherein said
spectral analyses are compared by measuring the signal energy
reduction after synthesis filtering with said spectral models,

and choosing the spectral analysis that gives the highest signal
energy reduction.

71. A method of signal coding according to claim 70, wherein said
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28 55. A nethod of linear predictive coding analysis and

I nterpolation of uninterpolated input signal frames according to claim 35,
wherein said paraneter signal for the present frame is cal cul ated using
Chol esky-factorization. 56. A nethod of |inear predictive coding
anal ysis and interpol ati on of

28

spectral analysis is selected as said first spectral analysis if
said first spectral analysis gives a stable model, and said
second spectral analysis is selected if said first spectral
analysis gives an unstable model.
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uni nterpol ated i nput signal franmes according to claim35, wherein said
paraneter signal for the present frame is calcul ated using a e
Levenber g- Mar quar dt net hod. 57. A method of linear predictive -
codi ng anal ysis and interpol ation of uninterpol aged i nput signal,franes , .
according to claim35, wherein said pa?gneter signal for the present frame °
I's calculated using a recursive fornul ation. . 58. A nétQOd of =
| i near predictive coding anal ysis and interpolation of uninterpolated input .

signal franes according to claim35, wherein said paraneter signal_.is an
a- par amet efVhatisclaimed is59. A et hod of |inear predictive coding a_r‘féﬁ’?s_i-s and

I nterpol ation of uninterpolated i nput signal franes according to clai m 35,
wherei n said paraneter signal
1. A method of linear predictive coding analysis and interpolation of

uninterpolated input signal frames using time variable spectral models, the method
comprising the steps of:

sampling a signal to obtain a series of discrete samples and constructing
therefrom a series of frames;

modeling the spectrum of said signal using a filter model utilizing interpolation
of parameter signals between a previous, present and next frame for forming estimated
parameters;

calculating regressor signals from said estimated parameters;

smoothing the spectrum by combining the regressor signals with a smoothing
parameter to obtain smoothed regressor signals;

combining said smoothed regressor signals with weighting factors to produce a
first set of signals;

combining parameter signals from the previous frame with said smoothed
regressor signals, a signal sample and a weighting factor to produce a second set of
signals;

calculating parameter signals for the present frame and the next frame from the
first and second set of signals;

determining whether the filter model is stable after each frame; and

stabilizing the filter model if the filter model is determined to be unstable.

2. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said filter model is a

linear, time-varying all-pole filter.

3. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said filter model

includes a numerator.
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is a reflection coefficient. 60. A nethod of |inear predictive
codi ng anal ysis and interpolation of uninterpolated i nput signal franes
according to claim35, wherein said paraneter signal is an area
coefficient. 61. A nethod of é% near predictive coding analysis and
I nterpol ati on of uninterpol ated i nput gnal franmes according to claim 35,
wherein said paraneter signal is a | og-area paraneter. 62. A

met hod of |inedk PAreuktbed v diodirngrednadivy s ceding dariatytsesr pod ainterpolefion of

uni nterpol ated i t. signal .frames acgording.to claim35,  wierein said
par amet or "SRPIAE PYOYE S ecPTme Rt 1. wherein Said interpolation i

piecewise constant.

5. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said interpolation is

piecewise linear.

6. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said interpolation

extends over more frames than said previous, present and next frames.

7. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said interpolation is

nonlinear.

8. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein spectral smoothing is

obtained by prewindowing of the estimated parameters.

9. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein spectral smoothing is

obtained by correlation weighting.

10. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein a Schur-Cohn-Jury

test 1s used to determine if said model is stable.

11. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein the stability of said
model is determined by calculating reflection coefficients and examining the reflection
coefficients sizes.
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29 _ 63. A nethod of |inear predictive coding analysis and

I nterpol ation of uninterpolated i nput signal franmes according to clai m 35,
wherein said paraneter signal is a formant frequency and a correspondi ng
bandw dt h. 64. A nethod of |inear predictive coding analysis and
i nt er pol ati on of 22

12. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein the stability of said

model is determined by calculation of poles.

13. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said model is

stabilized by pole-mirroring.

14. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said model is

stabilized by bandwidth expansion.

15. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said signal frame is a

speech frame.

16. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, said signal frame is a radar

signal frame.

17. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

for the present frame and the next frame are calculated using Gaussian elimination.

18. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals
for the present frame and the next frame are calculated using Gaussian elimination with

LU-decomposition.

19. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

for the present frame and the next frame are calculated using QR-factorization.
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uni nterpol ated i nput signal frames according to claim 35, wherein said
paraneter signal is an arcsine paraneter. 65. A nmethod of |inear
predi ctive coding analysis and interpol ation of uninterpol ated input signal
frames according to claim35, wherein said paraneter signal is an

aut ocorrel ati on-paraneter. 6623A met hod of |inear predictive

codi ng anal ysis and interpolation of uninterpolated i nput signal franes
accordi ng to clzli.m3methdieréi Inepai gregiati waraiodings hgaigdis | ada idtenpelatipecodf al

frequency. . 67. A hod of |j.near predictive coding analysis and
i nt er pol at‘?%’?fe’é’lo_l%‘?ﬂ WP%?S&%}E%TQ’HG‘F ?ﬁfﬂfd‘%g %%lgm ’amelaéé‘érﬂﬁf%’aﬂfro“%aﬁ m 35,
wher ei n angRdigreRRBkaki® MM khe next frame are calculated using U-D-factorization.

21. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

for the present frame and the next frame are calculated using Cholesky-factorization.

22. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals
for the present frame and the next frame are calculated using a Levenberg-Marquardt

method.

23. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

for the present frame and the next frame are calculated using a recursive formulation.

24. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

are a-parameters.

25. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

are reflection coefficients.

26. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

are area coefficients.

27. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals
are log-area parameters.
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I nput signal to said spectral filter nodel is utilized. 68. A

nmet hod of |inear predictive coding analysis and interpol ation of

uni nterpol ated i nput signal frames according to claim 35, wherein said
filter nodel is non-linear in the paraneter signals. 69. A net hod
of signal coding, the method conpri si na. determning a first
spectral analysis of signal frames using tinme variable spectral nodels and
utilizing interjsol At methodf of pieredar gireqiatiwnmebding medlysbe ranfir an@polation of

determ ning.a second spectr anal ysis using tinme invariant spectral
nmodel s; mtefpeﬁwﬁaw é‘&qﬁg}rf“i"?ﬁ%g@@%@i cdamol, (heTedB YA datmsisnsignalinal yses

to det er mApLopiEdrafiBPatahitker@nal ysi s has the highest quality; and
selecting the spectral analysis with the highest quality to code the

si gnal .
29. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

are formant frequencies and corresponding bandwidths.

30. A method of linear predictive coding analysis and interpolating of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

are arcsine parameters.

31. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

are autocorrelation-parameters.

32. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said parameter signals

are line spectral frequencies.

33. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein an additional known

input signal to said spectral model is utilized.

34. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 1, wherein said filter model is

non-linear in the parameter signals.

35. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames using time variable spectral models, the: method

comprising:
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30 _ 70. A nmethod of signal coding according to claim69, wherein
sai d spectral analyses are conpared by neasuring the signal energy
reduction after synthesis filtering with said tine variable and tine
i nvariant spectral nodels, and choosing the spectral analysis that gives
t he hi ghest 3&ignal energy reduction. 25 71. A nmethod of signal coding
according to claim70, further conprising the

sampling a signal to obtain a series of discrete samples and constructing

therefrom a series of frames;

modeling the spectrum of said signal using a filter model utilizing interpolation
of parameters between a previous, present and next frame for forming estimated
parameters;

calculating regressor signals from said estimated parameters;

smoothing the spectrum by combining the regressor signals with a smoothing
parameter to obtain smoothed regressor signals;

combining said smoothed regressor signals with a weighting factor to produce a
first set of signals;

combining parameter signals from the previous frame with said smoothed
regressor signals, a signal sample and a weighting factor to produce a second set of
signals;

calculating parameter signals for the present frame from the first and second set
of signals;

determining whether the filter model is stable after each frame;

stabilizing the filter model if the filter model is determined to be unstable.

36. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said filter model is a

linear, time-varying all-pole filter.

37. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said filter model

includes a numerator.

38. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said interpolation is

piecewise constant.
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step of:. determining is said first spectral analysis gives a stable
nodel , wherein said spectral analysis is selected as said first spectra
analysis if said first spectral analysis gives a stable nodel, and said
second spectral analysis is selected if said first spectral analysis given
an unst abl e nodel . 26

39. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said interpolation is

piecewise linear.

40. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said interpolation

extends over more frames than said previous, present and next frames.

41. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said interpolation is

nonlinear.

42. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein spectral smoothing is

obtained by prewindowing of the estimated parameters.

43. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein spectral smoothing is

obtained by correlation weighting.

44. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein a Schur-Cohn-Jury

test is used to determine if said model is stable.

45. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein the stability of said
model is determined by calculating reflection coefficients and examining the reflection

coefficients sizes.

46. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein the stability of said

model is determined by calculation of poles.
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47. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said model is

stabilized by pole-mirroring.

48. A method of linear predicti{/e coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said model is

stabilized by bandwidth expansion.

49. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said signal frame is a

speech frame.

50. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said signal frame is a

radar signal frame.

51. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter vector

signal for the present frame is calculated using Gaussian elimination.

52. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

for the present frame is calculated using Gaussian elimination with LU-decomposition.

53. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

for the present frame is calculated using QR-factorization.

54. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

for the present frame is calculated using U-D-factorization.
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55. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

for the present frame is calculated using Cholesky-factorization.

56. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

for the present frame is calculated using a Levenberg-Marquardt method.

57. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

for the present frame is calculated using a recursive formulation.

58. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is an a-parameter.

59. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is a reflection coefficient.

60. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is an area coefficient.

61. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is a log-area parameter.

62. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is a log-area ratio parameter.
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63. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is a formant frequency and a corresponding bandwidth.

64. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is an arcsine parameter.

65. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is an autocorrelation-parameter.

66. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said parameter signal

is a line spectral frequency.

67. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein an additional known

input signal to said spectral filter model is utilized.

68. A method of linear predictive coding analysis and interpolation of
uninterpolated input signal frames according to claim 35, wherein said filter model is

non-linear in the parameter signals.

69. A method of signal coding, the method comprising:

determining a first spectral analysis of signal frames using time variable spectral
models and utilizing interpolation of spectral parameters between frames;

determining a second spectral analysis using time invariant spectral models;

comparing the first analysis to the second spectral analyses to determine which
spectral analysis has the highest quality; and i

selecting the spectral analysis with the highest quality to code the signal.
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70. A method of signal coding according to claim 69, wherein said spectral
analyses are compared by measuring the signal energy reduction after synthesis
filtering with said time variable and time invariant spectral models, and choosing the

spectral analysis that gives the highest signal energy reduction.

71. A method of signal coding according to claim 70, further comprising the
step of:

determining is said first spectral analysis gives a stable model, wherein said
spectral analysis is selected as said first spectral analysis if said first spectral analysis
gives a stable model, and said second spectral analysis is selected if said first spectral

analysis given an unstable model.
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31.

ABSTRACT

TIME VARIABLE SPECTRAL ANALYSIS
BASED ON INTERPOLATION FOR SPEECH CODING

A time variable spectral analysis for speech coding based upon interpolation between speech
frames. A speech signal is modeled by a linear filter which is obtained by a time variable
linear predictive coding analysis algorithm. Interpolation between adjacent speech frames
is used in order to express a time variation of the speech signal. In addition, interpolation
between adjacent frames secures a continuous track of filter parameters across different

speech frames.

(Figure 3)



