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{57] ABSTRACT

A method of encoding speech sounds to facilitate their
transmission to and reconstruction at a remote receiver.
A transmitter and a receiver have identical filters and
identical codebooks containing prestored excitation
vectors which model quantized speech sound vectors.
The speech sound vectors are compared with filtered
versions of the codebook vectors. The filtered vector
closest to each speech sound vector is selected. During
the comparison, filtration parameters derived by back-
ward predictive analysis of a series of previously se-
lected filtered codebook vectors are applied to the fil-
ter. The transmitter sends the receiver an index repre-
sentative of the location of the selected vector within
the codebook. The receiver uses the index to recover
the selected vector from its codebook, and passes the
recovered vector through its filter to yield an output
signal which reproduces the original speech sound sam-
ple. By applying the same backward predictive analysis
technique employed by the transmitter to the: same
series of previously selected filtered codebook vectors
to which the transmitter applied the technique, the
receiver derives the same combination of filtration pa-
rameters which the transmitter applied to its filter while
selecting . the codebook vector corresponding to the
transmitted index.

9 Claims, 2 Drawing Sheets
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LOW-DELAY VECTOR BACKWARD PREDICTIVE
CODING OF SPEECH

FIELD OF THE INVENTION

- This application pertains to a method of encoding
speech sounds for transmission to a remote receiver.
Only indices which point to stored vectors similar to
discrete speech segments are sent to the receiver. The
receiver recovers the corresponding vector and adapts
itself to best replicate the speech segments by applying
a backward predictive analysis technique to previously
recovered speech segments.

BACKGROUND OF THE INVENTION

Digitized speech sounds consume relatively large
amounts of signal bandwidth. Accordingly, telecommu-
nications systems employ various data compression or
“speech coding” schemes to convert speech sounds into
codes which consume comparatively small amounts of
signal bandwidth. Instead of transmitting the original
speech sounds, or their digitized equivalents, the system
transmits only the codes to a remote receiver which
decodes them to reproduce the original speech sounds.
The system thus conserves the available transmission
bandwidth, making it possible to simultaneously trans-
mit larger volumes of speech sounds, without resorting
to an expensive increase in bandwidth. The prior art has
evolved a variety of speech coding techniques, all hav-
ing the objective of minimizing the information which
must pass from the transmitter to the receiver, while
enabling the receiver to faithfully reproduce the origi-
nal speech sounds.

State of the art speech coding techniques typically
employ a transmitter and a receiver having identical
filters and identical “excitation codebooks”. The excita-
tion codebooks contain a variety of prestored wave-
form shapes or “codevectors”, each codevector consist-
ing of a plurality of samples. The codevectors are used
to excite the filters, to which periodically updated filtra-
tion parameters are applied, thereby enabling the filters
to model changes in a speaker’s vocal tract. The filters
output reconstructed speech vectors which are com-
pared with the input speech sound vectors to select the
reconstructed speech vectors which most closely ap-
proximate the original speech.

At the transmitter, series of previously reconstructed
speech vectors are periodically compared to the input
speech vectors, to select the codevector sequence
which yields the best reconstructed speech vector. The
transmitter sends: to the receiver a sequence of code-
book indices, which represent the locations of the se-
lected codevectors within the codebook, together with
the filtration parameters which were applied to the
transmitter’s filter while the codevectors were selected.
The receiver uses the received sequence of codebook
indices to recover the selected codevectors from its
own codebook, decodes the transmitted filtration pa-
rameters and applies them to its own filter, then passes
the recovered codevectors through the filter to yield a
sequence of reconstructed speech vectors which repro-
duce the original speech sounds.

The present invention improves upon the prior art
speech coding technique aforesaid by eliminating the
need to transmit the fiitration parameters to the re-
ceiver. Only the codebook indices are transmitted. The
transmitter and the receiver apply a backward predic-
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2

tive analysis technique to previously recovered code-
vectors to derive the required filtration parameters.

SUMMARY OF THE INVENTION

The invention provides a method of encoding speech
sounds to facilitate their transmission to and reconstruc-
tion at a remote receiver. The original speech sounds
are sampled at discrete intervals to produce a sequence
of speech sound samples. Consecutive sequences of
these samples are grouped together to form aplurality
of speech sound vectors x(n). The transmitter is pro-
vided with a codebook containing a plurality of pre-’
stored excitation codevectors v(n), selected groups of
which are input to a first filter to which preselected
filtration parameters are applied, causing the first filter
to adaptively model the speaker’s vocal tract. Each
speech sound vector is sequentially compared with each
one of the filtered codevectors, and the filtered code-
vector which most closely approximates that speech
sound vector is selected. The transmitter sends the re-
ceiver an index i, representative of the location of the
selected codevector within the codebook.

The filtration parameters applied to the first filter are
selected by backward predictive analysis of a series of
filtered codevectors previously selected as most closely
‘approximating speech sound vectors previously pro-
cessed by the transmitter, and in respect of which code-
book indices have previously been transmitted to the
receiver. The filtration parameters are applied to the
first filter while the selected codevector is filtered
through the first filter, causing the first filter to produce
an output signal z(n) which closely approximates the
input speech sound vector x(n).

The receiver has its own codebook of codevectors
v(n), identical to the transmitter’s codebook, and is thus
able to use the received index i, to recover the codevec-
tor selected by the transmitter. By -applying the same
backward predictive analysis technique employed by
the transmitter to the same series of previously selected
codevectors to which the transmitter applied the tech-
nique, the receiver derives the same combination of
filtration parameters which the transmitter applied to
the first filter while selecting the codevector corre-
sponding to the transmitted index. The receiver has a
second filter, identical to the first filter. The receiver
applies said particular combination of filtration parame-
ters to the second filter and then filters the recovered
codevector through the second filter to replicate the
speech sound vector for which the transmitter selected
the transmitted index. :

Advantageously, the first and second filters each
comprise a “norm predictor” which acts as a gain con-
trol, by amplifying the codevector v(n) to yield an out-
put vector u(n); a “pitch predictor”, which alters the
periodicity of the amplified codevector to produce an
output signal y(n) corresponding to the fundamental
pitch of the speaker’s voice; and, a “short-term predic-
tor” which models the formant frequencies contained in
the speaker’s voice to yield the reconstructed speech
vector z(n). The “filtration parameters” aforesaid con-
sist of a number of parameters which are separately
applied to each of three predictors aforesaid. The filtra-
tion parameters are adaptively updated, with the aid of
backward predictive analysis techniques, to ensure that
the reconstructed speech vector z(n) properly reflects
changes in the speaker’s vocal patterns. For example,
the filtration parameters applied to the norm predictor
are adapted by deriving the logarithms of the vector
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norms of each one of a sequence of previously recon-
structed speech vectors, linearly combining the loga-
rithms, and then computing the anti-logarithm of the
combined result to produce the gain-scaled vector u(n).

Preferably, the pitch predictor has a plurality of vari-
able filter coefficients, which are periodically initialized
by applying a backward predictive analysis to a series of
previously reconstructed speech vectors. The pitch
predictor also preferably has a variable pitch period
coefficient, which is be periodically initialized by apply-
ing a backward predictive analysis to the previously
reconstructed speech vectors.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a simplified block diagram of a transmitter
employing a pitch predictor filter in accordance with
the preferred embodiment of the invention.

FIG. 2 is a simplified block diagram of a receiver
employing a pitch predictor filter in accordance with
the preferred embodiment of the invention.

FIG. 3 is an expanded block diagram of the pitch
predictor filter component of the transmitter and re-
ceiver of FIGS. 1 and 2.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENT

1. Basic Configuration

FIG. 1 is a block diagram of a transmitter constructed
in accordance with the preferred embodiment of the
invention, and employing an analysis-by-synthesis
(“A-S”) speech coding configuration, including code-
book 10 and a “first filter” consisting of three sub-filters;
namely, backward-adaptive norm predictor 20, back-
ward-adaptive pitch predictor 30, and backward-adap-
tive pole-zero short-term predictor 40. FIG. 2 is a block
diagram of a receiver constructed in accordance with
the preferred embodiment of the invention, and incor-
porating a codebook 100 identical to the transmitter’s
codebook 10; and, a “second filter” consisting of three
sub-filters; namely, a backward-adaptive norm predic-
tor 120 identical to the transmitter’s norm predictor 20,
a backward-adaptive pitch predictor 130 identical to the
transmitter’s pitch predictor 30, and a backward-adap-
tive pole-zero short-term predictor 140 identical to the
transmitter’s short-term predictor 40.

At discrete intervals, the transmitter samples the
speech sounds which are to be transmitted, producing a
plurality of speech sound samples. Consecutive sequen-
ces of these speech sound samples are grouped together
to form a plurality of speech sound vectors x(n) which
are fed to differential comparator 50. Codebooks 10, 100
each contain an identical plurality of prestored “excita-
tion waveforms” or “codevectors” v(n) which model a
wide variety of speech sounds. The transmitter sequen-
tially filters selected groups of the codevectors in code-
book 10 through norm predictor 20, pitch predictor 30,
and short-term predictor 40, to produce a sequence of
reconstructed speech vectors z(n) which are also fed to
comparator 50. Differential comparator 50 sequentially
compares the input speech sound vector x(n) with each
of the reconstructed speech Vectors z(n) and outputs an
error signal e(n) for each reconstructed speech vector
representative of the accuracy with which that recon-
structed speech vector approximates the input speech
sound vector x(n). The codevector corresponding to
the reconstructed speech vector z(n) which most

ClibPDF - wyww.lastio.com

‘10

—

25

30

35

45

50

60

65

4
closely approximates the input speech sound vector x(n)
(i.e. for which e(n) is smallest) is selected.

The filtration parameters applied to predictors 20, 30
and 40 are adaptively updated, as hereinafter described,
by backward predictive analysis of a series of previ-
ously reconstructed speech vectors. The transmitter
sends to the receiver an “index” ip representative of the
location of the selected codevector within each of code-
books 10, 100. The receiver uses the index to recover
the selected codevector from codebook 100.

The codebook search proceeds as follows. For a trial
index, i, a selected codevector v(n)® is processed
through norm 15 predictor 20 to produce a correspond-
ing amplified codevector u(n)®: ’

u(m)D=G*¥(n)D 6]
“G” is determined using the logarithm of previous vec-
tor norms, as described below under the heading
“Norm Predictor Adaptation”. The amplified codevec-
tors u(n), are then processed through pitch predictor
30 to produce a corresponding group of pitch-predicted
samples y(n)®:

§0 = O+ 3 awtn — ky — ) @

where the pitch predictor coefficients a1, ag, and ai,
and the pitch period kp, are determined as described
below under the heading “Pitch Predictor Adaptation”.

The pitch-predicted samples y(n)? are then pro-
cessed through short-term predictor 40 to produce the
reconstructed speech vectors, z(n)®:

P z @
) =ym® + 2 b =B+ 2 coln =B

where p is the number of poles and z is the number of
zeroes. The short-term predictor coefficients bg and cx
are determined as described below under the heading
“Short-Term Predictor Adaptation™.

The squared reconstruction error for the codevector
is: :

no+k—1 @
DO =""3  (xtn)® — sty
n=ng

where k is the vector dimension and ng is the sample
number of the first sample in the vector. This procedure
is repeated for i=1,2, . . . ,N where N is the number of
codevectors selected from codebook 10 for filtration
through predictors 20, 30 and 40, and comparison with
the input speech sound vector x(n). The index ip repre-
sentative of the location, within codebook 10, of the L
codevector which minimizes the squared reconstruc-
tion error D@ is selected:
io=ARGMIN{D®] 5)
Codebooks 10, 100 are initially developed using the
prediction residuals e(n)():
e(m)i0) = x(m) — X(n)() ©)
where x(n)(0) =z(n)) —u(n)(®); which are grouped into
vectors of the form [e(n)(®] for n=ng through
n=no+k—1 and clustered using the LBG algorithm
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(see: Y. Linde, A. Buzo, and R. M. Gray, “An Algo-
rithm for Vector Quantizer Design”, IEEE Trans.
Comm., Vol. COM-28, pp. 84-95, Jan. 1980).

II. Norm Predictor Adaptation

The gain G(n) used to multiply the codevector v(m)®
to form the amplified codevector u(n)® is calculated
using the recursive relationship:

(U]

10
log G(n) = log(|| ¥(n) || /K) + ; 51 he(MlogG(n — j)

where k is the vector dimension, and || v(n)|| is given
by:

i ®)
ng+k
)| = 2
) n=n,

—1
(W) ]
0

In this notation, the index n labels successive vectors.
The filter coefficients hg(j) are constant, and are as
follows:

hg(1)=0.508

he(2)=0.075

hg(3)=0.044

hg(4)=0.050

hg(5)=0.047

hg(6)=0.051

he(7)=0.036

hg(8)=0.029

hg(9)=0.057

he(10)=0.068

The foregoing filter coefficients are calculated by ap-
plying LPC analysis to a sequence of logarithms of
vector norms for a typical sequence of speech samples.

III. Pitch Predictor Adaptation

The pitch predictor parameters which require adap-
tation are the pitch period kp and the pitch predictor
coefficients a;. Both the pitch period and the pitch pre-
dictor coefficients are initialized periodically. Between
such periodic initializations, both are adapted on a sam-
ple-by-sample basis. The procedure used to initialize
and adapt these parameters will now be described with
reference to FIG. 3.

(a) Pitch Period Initialization

In order to perform pitch prediction, an accurate
estimate of the pitch period of the signal is required.
The autocorrelation method is used to calculate the
pitch period.

To calculate the pitch period, a “frame” consisting of
the preceding typically N=256 samples of pitch predic-
tor output y(n) are accumulated and then centre clipped
(block 200 in FIG. 3). The centre clipping is performed
as follows:

1. The absolute peak of y(n) evaluated in the first
third of the frame ymqax1 and in the last third of the
frame, Ymax3 are determined.

2. The clip level Cr is set to be 64% of the lesser of
Ymax1 and Y max3.

3. The centre-clipped signal yc(n) is defined to be:
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6
, ©
+1ify(m) > +CL i
yem) =¢ —1ifyn) < —CL
0 otherwise

The autocorrelation function R.{k) of the centre-
clipped signal ycAn) is then calculated (block 210 in
FIG. 3) at lags from 20 to 125. The autocorrelation
function is defined as:

N—k—1 . (10)
Refk) = i 2 o YeKDyeli + k)

The pitch period kp is determined (block 220 in FIG. 3)
by finding the peak in RcAk). A decision is then made on
whether the speech segment contains voiced or un-
voiced speech. If Rekp)/Re(0)<0.3, then the speech is
defined to be unvoiced. Otherwise, it is defined to be
voiced. If the speech is unvoiced, then the pitch period
is set to a predefined constant, kpo.

(b) Filter Coefficient Initialization

The pitch predictor filter coefficients a;are initialized
penodlcally (block 230 of FIG. 3). This initialization
first requires the evaluation of the autocorrelation func-
tion Ryy(k) of y(n), at k=0, 1, 2, kp—1, kp, kp41, which
is done in block 240 of FIG. 3. The preceding 256 sam-
ples of y(n) are buffered and input into the circuitry
represented by block 240. The pitch period kj is input
into block 240 from block 220, to determine the points
at which to evaluate the autocorrelation function.
Equation 10 is used to calculate Ryy(k), with y(n) substi-
tuted for yeAn).

The pitch predictor filter coefficients a;are calculated
in block 230 of FIG. 3. The pitch period k, and a voi-
ced/unvoiced flag (also output from block 220 in FIG.
3) are input into block 230 from block 220. If the speech
is unvoiced, no further calculation is required, and the
coefficients a;are set to zero. If the speech is voiced, the
coefficients are calculated by solving the Wiener-Hopf
equations:

an

RO + o Ry o) ay

Ryl Ryf® + Ryl w |=

Ry®  Ry) Ry +p Nt
Rylkp — 1)
Ryylkep)
Ryylkp + 1)

where p is a constant softening factor, u=0.03.

(c) Filter Coefficient Adaptation

The pitch predictor filter coefficients are adapted on
a sample by sample basis. This adaptation is performed
until a new coefficient initialization is accepted from
block 230 in FIG. 3.

Block 260 in FIG. 3 supplies the leakage factor A for
the adaptation. This leakage factor is necessary to re-
cover from channel bit errors. A is nominally a constant,
A==225/256. However, if the channel bit error rate is
high, (greater than 1 error per 1000 bits), then a leakage
factor of A=63/64 will result in better system perfor-
mance. If a channel quality estimator is available, A
should be adapted according to its value.
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Block 270 in FIG. 3 calculates a running estimate of
the variance of y(n), o%(n) using the following equa-
tion:

o 2(n)=0.902(n— 1)+0.1((n)))? (12)

Block 280 in FIG. 3 calculates a running estimate of
the variance of u(n), o,2(n), by using equation (12) with
u(n) substituted for y(n) and o,%(n) substituted for
oy*(n).

Block 290 of FIG. 3 adapts the filter coefficients
between the periodic initializations, on a sample-by-
sample basis, using the backward adaptive LMS algo-
rithm. The algorithm is defined as follows:

(13)

a_n) a_i(n — l)\ u(mp(n — kp + 1)
a(m) |=aalr—1 |+ alouwoy)| wmyn — kp)
a4 (n) api(n — 1) u(my(n — kp — 1)

where a is the constant gradient step size, a=1/128.

A stability check is performed on the new coefficients
in block 300 of FIG. 3. If the stability constraints indi-
cate an unstable filter, then the coefficients are not
adapted. The following stability constraints (described
by R. P. Ramachandran and P. Kabal in “Stability and
Performance Analysis of Pitch Filters in Speech Cod-
ers”, LE.E.E. Trans. ASAP, Vol. ASSP-35, pp.
937-946, Jul., 1987) are employed:

Let: f= [a—_1” + a41]

g=la_17? ~ a1l
If |f] Z |gl, then |a—1|2 + |ao|r + |a41| < APHL
If |f] < |gl, thenag r + f < P+1; and,
£ = [P+, or fag? — (29D — g2 — ) <0

where r=0.94.

(d) Pitch Period Adaptation

Block 310 of FIG. 3 adapts the pitch period k, be-
tween the periodic updates, on a sample-by-sample
basis, using a backward adaptive algorithm. The pitch
period is adapted using an empirical algorithm based on
examining the current set of filter coefficients. A deci-
sion is made to increment the pitch period by one if the
following conditions are true: ‘

1. the pitch predictor coefficient a1 is greater than

0.1; and,
2. the time derivative 4 1 is greater than 1/800; and,
3. the time derivative 8.1 is greater than the time
derivative &g.
Similarly, a decision is made to decrement the pitch
period k, by one if the above conditions are true fora_1.

The time derivative of each of the pitch predictor
coefficients is calculated by the following equation:

4" =(afM—af"-8)/8 (14
where n is the time index.

If the pitch period is modified, then the filter coeffici-
ents are shifted by one, and the new filter coefficient is
calculated to be § of ag. If the resuiting set of filter
coefficients would result in an unstable system, as deter-
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mined by the stability constraints aforesaid, then the
new filter coefficient is set to zero.
(e) Pitch Prediction Filter
Block 320 in FIG. 3 contains the pitch prediction
filter. The filter equation is given above as Equation (2).

1V. Short-term Prédictor Adaptation

The short-term predictor coefficients are determined
by a backward-analysis approach known as the LMS
algorithm (see: N. S. Jayant, P. Noll, “Digital Coding of
Waveforms”, Prentice Hall, 1984; or, CCITT Recom-
mendation G-721). Each predictor coefficient is up-
dated by adding a small incremental term, based on a
polarity correlation between the reconstructed code-
vectors which are available at both the transmitter and
receiver. The equations are as follows:

m+D = 255/256 ¢ 4 1/128 sgn y(n) sgn W(n — i j = 1,6
B§1+ D = 2557256 b{™ + 3/256 sgn Z'(n) sgn Z(n — 1)

B = 127/128 65V + 1/128 sgn Z'(n) sgn Z'(n — 2) —

1/128 fib1(n)] sgn Z'(n) sgn Z'(n — 1)
where:
fb1(m)] = 4by(n) if |by(n)| = §; or, 2sgn(b1(m) if |b1(n)| > & and

6
Z(m) = y(m) + ; El c{my(n — 1)

V. Complexity Reduction

The basic algorithm described above requires a large
number of computations, due to the fact that each code-
vector must be filtered through norm predictor 20,
pitch predictor 30, and short term predictor 40, before
the transmitter may select the reconstructed codevector
which most closely approximates the input speech
sound vector.

Three methods are used to reduce the number of
computations. The first step in complexity reduction is
based on the fact that the predictor coefficients b and
c(® change slowly, and thus these coefficients need not
be updated while the optimal codevector is selected.

The second complexity reduction method exploits
the fact that the output of the predictor filter consists of
two components. The zero-input-response x(n)zzr is the
filter output due only to the previous vectors The zero-
state-response x(n)zsg is the filter output due only to
the trial codevector i, such that:

2 O=2(mzir+7O(m)zsr (1s)
For each search through codebook 10, the zero-input-
response may be precomputed and subtracted from the
input samples, to produce the partial input sample:

M) =x(r)—2m)zIR (16)

The partially reconstructed speech sample:
2A0(n)zsr=u(m)D+2m)zsr an

is then subtracted from the partial input sample x(n)* to
produce the reconstruction error:

x(n)—20(my=x(ny* — 2N n)zsr (18)
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