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(57) Abrége/Abstract:

In a speech encoder, a gain codebook switching circuit Is supplied with short-term prediction gains from a short-term prediction
gain calculator circuit and with mode information through an input terminal and compares the short-term prediction gains with a
predetermined threshold value when the mode information indicates a predetermined mode. As a result of comparison, the gain
codebook switching circuit produces gain codebook switching information which is delivered to a gain quantizer circuit. The gain
codebook gquantizer circuit is supplied with adaptive code vectors, excitation code vectors, impulse response information, and
the gain codebook switching information, and gain code vectors from a particular gain codebook connected to one of a plurality
of Input terminals that Is selected by the gain codebook switching information. For the excitation code vectors being selected,

the gain quantizer circuit selects combinations of the excitation code vectors and the gain code vectors In the gain codebook
selected by the gain codebook switching information.
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Abstract of the Disclosure:

In a speech encoder, a gainocodebook,switching
circuit is supplied with short-term prediction gains from
a short-term prediction gain caleulater circuit and with
mode information through an input terminal.and compares
the short-term prediction gains.with a predetermined
threshold velue when the mede information indicates a
predetermined mode. As a result of'comparison,'the gain
codebook switching circuit produces gain codebook
switching information which 1is delivered to a gain
quantizer circuit. The gain codebook quantizer circuit
is supplied with adaptive code vectors, excitation code
vectors, impulse response information, and the.gain
codebook switching information, and gain code vectors
from a particular gain codebook connected to one of a
plurality of input terminals that is selected by the gain
codebook switching informatieh. For the eXCitatioh code
vectors being selected, the gain quantizer cireuit
‘selects combinations of theekcitatien code vectors and
the gain code vectors in the gain codebook selected by

the gain codebook switching information.
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SPEECH ENCODER CAPABLE OF SUBSTANTIALLY

INCREASING A CODEBOOK SIZE WITHOUT INCREASING

THE NUMBER OF TRANSMITTED BITS

This invention rélates to a speech encoder
operable with a short processing delay and, in
particular, to a speech encoder for encoding a speech or
voice signal with a high quality at a short frame period
on length of 5ms to 10ms or shorter. .

A conventional speech ehcoding system is
disclosed, for example, in a paper contributéd by K.
Ozawa et al to the IEICE Trans. Commun. Vol. E77-B, No. 9
(September 1994), pages 1114-1121, under the title of

"M-LCELP Speech Coding at 4 kb/s with Multi-Mode and

Multi-Codebook" (Reference 1).

According to the above-referenced conventional
system, a speech signal is encoded in a transmitting side
as follows. By the use of linear predictive.COding
(LPC), spectral parameters representative of spectral
characteristics are extracted from the speech signal at
every frame having a frame length of, for example, 40ms.
Calculation is made of feature quantities for signal
frames or weighted signal frames obtained by perceptually

welighting the signal frames. The feature quantities are

T e T4I% 1V 40407 PB4 v d i 04 Qo4 ot i T4 1 Il chrull DVl N P av e Mt Naa oo nimdad dadsy de e BT J00AN D (LA | Al el v s g 33 v e 4t e e A Py = o el bemm e s ee ey geana ey .-.-nnn--m.m,.w,‘wuvw.“" geahle oo gogeeg = . . " (Y . . T . 4 e e
s me s Pt AN LTI R ITMRITENTIIS ISR S5 S 4 SO TN MMM S UCAALL 4 = Aidra 20t sl s oo e



CA 02182159 1999-10-29

used in deciding modes (for example, vowel and consonant
segments) to produce mode decision results. With
reference to the mode decision results, algorithms or
codebooks are switched.

In an encoding part, each frame is subdivided

into speech subframes having a subframe length of, for

example, 8 ms. Adaptive parameters (delay

parameters corresponding to pitch periods and gain
parameters) are extracted.from an_adaptive codebook for
each speech subframe with reference to a previods
excitation signal. By the use of the adaptive codebook,
pitch prediction is carried out‘fOr the speech subframes.
For a residual signal obtained by the pitch prediction,
an optimal excitation code vector is selected from an
excitation codebook (vector quantization codebook)
composed of noise signals of a predetermined kind.

Excitation signals are quantized by calculating an

optimal gain.

The excitation code vector is selected so as to
minimize an error power between the residual signal and a
signal composed of a selected noise signal. A multi-
plexer is used to produce a transmission signal composed
of a combination of indexes indicative of the kind of
excitation code vector thus selected, galns, the spectral
parameters, and the adaptive parameters of the adaptive

codebook.

However, the conventional speech encoding system

is disadvantageous in that a sufficient speech quality
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can not be obtained because of a restricted codebook size.

It 1s an object of this invention to provide a
speech encoder which has a function equivalent to inclusion
of a codebook having a size several times greater than that
of a conventional speech encoder without increasing the

number of transmitted bits.

Other objects of this invention will become clear as
the description proceeds.

According to this invention, there is provided a
speech encoder comprising frame segmenting means for
segmenting an input speech signal into speech frames at a
predetermined frame length; mode deciding means responsive
to saild input speech signal for calculating at least one
kind of first feature quantities frame by frame to produce
mode decision results; encoding means for encoding said
input speech signal in response to said mode decision
results; codebook switching means, including a short-term
prediction gain calculator circuit contigured to produce
short-term prediction gains, the codebook switching means
responsive to at least one.kind of second feature
quantities, wherein the second feature quantities may
include a temporal variation in at least one kind of the
first feature quantities, calculated from an input terminal
for controllably switching any of a plurality of
preliminarily stored codebooks when the mode deciding means

selects a predetermined mode; and the codebook switching

threshold value.

The second feature quantities may include a temporal
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from a current frame and at least one previous frame.

The second feature quantities may include at
least one of pitch prediction gains, short-term

prediction gains, levels, and piltches.

The plurality of codebooks may compfise a
plurality of RMS codebooks, a plurality of LSP codebooks,

a plurality of adaptive codebooks; a plurality of

excitation codebooks, or a plurality of gain codebooks.

According to a further aspect of the present invention,
there is provided a speech encoder, comprising:

a frame divider circuit configured to receive an input
speech signal and to segment the input speech signal into
speech frames at a predetermined frame length;

a frame subdivider circuit configured to receive the
segmented input speech signal output from the frame divider
circuit and to subdivide the segmented input speech signal
into speech sub-frames at a predetermined sub-frame length
that 1s less that the predetermined frame length;

a spectral parameter calculating circuit configured
to receive the segmented input speech signal output from the
frame divider circuit and to determine spectral parameters
therefrom, said spectral parameters corresponding to linear
prediction coefficients determined on a
sub-frame-by-sub-frame basis;'

a perceptual welghting circuit configured to receive
the sub-frame segmented input speech signal output from the
frame subdivider circuit and the spectral parameters output
by the spectral parameter calculating circuit, to determine
perceptual weights for the sub-frame segmented input speech
signal and to output a perceptually weighted signal based on
the determined perceptual weights;

a mode deciding circult connected to receive the
perceptually weighted signal output by the perceptual
welghting circuit and to calculate at least one kind of first
feature quantities that correspond to pitch prediction gains
and modes, on a sub-frame-by-sub-frame basis, to produce a
mode decision result;
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a plurality of gain codebooks;

a gain quantizer circuit connected to receive the mode
decision result output by the mode deciding circuit and the
spectral parameters output by the spectral parameter
calculating circuit, and to select one of the plurality of
gain codebooks based on second feature quantities determined
by the gain quantizer circuit from the sub-frame segmented
input speech signal;

an output device for receiving and outputting gain
code vectors received from the selected one of the plurality
of gain codebooks,

a spectral parameter quantizing circuit configured to
receive the linear prediction coefficients output by the
spectral parameter calculating circuit, to gquantize and
interpolate the linear prediction coefficients, and to output
converted linear prediction coefficients as a result;

a response signal calculator circuit configured to
recelve the linear prediction coefficients output by the
spectral parameter calculating circuit and the converted
linear prediction coefficients output by the spectral
parameter quantizing circuit, and to calculate a response
signal on a sub-frame by sub-frame basis, the response signal
being based on a first signal received by said response
signal calculator circuit;

a subtractor configured to subtract the response
signal from the perceptually weighted signal and to output
a subtraction result;

an lmpulse response calculator circuit configured to
receive the converted linear prediction coefficients output
by the spectral parameter quantizer circuit and to calculate,
at a predetermined number of points, an impulse response that
1s based on a weighting factor;

an adaptive codebook circuit configured to receive the
impulse response outputted by the impulse response calculator
circuit and the subtraction result output by the subtractor,
and to calculate pitch parameters to output an adaptive
codebook pitch difference signal and an adaptive code vector;

an excitation codebook configured to store excitation
code vectors; and
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an exciltation quantizer circuit coupled to the
excitation codebook and configured to receive the impulse
response outputted by the 1mpulse response calculator circuit
and the adaptive codebook pitch difference signal output by
the adaptive codebook circuit, the excitation quantizer
circuit configured to select at least one optimal excitation
code vector as a result,

wherein said galn gquantizer circuit includes a
short-term prediction calculator circuit configured to
determine the second feature quantities from the spectral
parameters recelved from the spectral parameter calculating
circuilt, and

wherein sald galn quantizer circuit selects the one
of the plurality of gain codebooks based on the second
feature quantities as a result of the mode decision result

indicating a predetermined mode,
wherein the excitation quantizer circuit outputs the

at least one optimal excitation code vector to the gain

quantizer circuit, and
wherein the gain quantizer circuit outputs indexes

indicative of the optimal excitation code vector and a gain
code vector obtained from the one of the plurality of gain

codebooks to the output device.

Fig. 1 is a block diagram of a speech encoder
according to one embodiment of this invention;

Fig. 2 1is a block diagram of a gain quantizer

circuit illustrated in Fig. 1;

Fig. 3 1s a block diagram of a modification of

the gain qﬁantizer circuit illustrated in Fig. 1;

Fig. 4 is a block diagram of another modification

of the gain quantizer circuit illustrated in Fig. 1;

Fig. 5 is a block diagram of yet another

modification of the gain quantizer circuit illustrated in

Fig. 1;
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Fig. 6 is a block diagram of a speech encoder
according to énother embodiment of this invention; and

Fig. 7 is a block diagram of a gain quantizer

circuit illustrated in Fig. 6.

Now, this invention will be described in detail

with reference to the drawing. As an example,

description will be directed to a case where a plurality
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of gain codebooks are switched in a predetermined mode.
Fig. 1 shows a speech encoder accordihg to a
first embodiment of this invention. In the following
description, gain codebooks are switched in a predeter-
mined mode by the use of second feature quantities.
Referring to Fig. 1, an input speech signal 1is
supplied through an input terminal 100 to a frame
dividing circuit 110. The frame dividing circuit 110
segments or divides the input speech signal 1into speech
frames at a predetermined frame period or length of, for
example, 5ms. Supplied with the speech frames, a
subframe dividing circuit 120 further divides every
single speech frame into speech subframes eéch of which
has a subframe length (for example, 2.5ms) shorter than

the frame length.

A spectral parameter calculator circuit 200

calculates spectral parameters of the input speech signal

up to a predetermined order, such as up to a tenth order

(P 10), by applying a window of a window length (for
example, 24ms) longer than the subframe length to at
least one of the speech subframes to extract the input
speech signal. Hereiln, the spectral parameteré can be
calculated according to the LPC analysis or the Burg
analysis which are well known in the art. In the example
being illustrated, the Burg analysis 1is used. The Burg

analysis is described in detail, for example, in a book

written by Nakamizo and published in 1988 by Korona-sha

under the title of "Signal Analysis and System

. tenivimanwed i Claba |A4.|wp.m‘wmmm , . PP A - ¢ A D s e s Al g A IR AL T Y e Rt e L R 1" . . . . .
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Identification", pages 82 to 87 (Reference 2) and will

not be described herein.

After calculating linear prediction coefficients

spectral parameter calculator circuit 200 converts the

linear prediction coefficients a 1 into LSP (linear

spectral pair) parameters which are suitable for quantiza-

tion and interpdlation.. Such'COnversion from the linear
predictionlcoefficients into the ISP parameters ate-
described in a paper contributed by'Sugamufa et al to'the
Transactions of the Institute of Electronics and
Communication Engineers of Japan, J64-A (1981), pages 599
to 606, under the title of "Speech Data Compression by
ILinear Spectral Pair (LSP) Speéch Analysis-Synthesis

Technique" (Reference 3).

Specifically, each speech frame consists of first
and second subframes in the example being described. The
linear prediction coefficients are calculated by the Burg
analysis for the second subframes and converted into the
LSP parameters. FOr thé first‘subframe, the LSP
parameters are calculated by linear interpolation of the
L.SP parameters of the second subframes and are inverse-
converted into the 1ineér prediction coefficients. In
this manner, the spectral parameter calculator circuit
200 produces the linear prediction coefficients «a iT
({ =1, ..., 10, I =1, ..., S) for the first and the
second subframes and delivers the linear prediction

coefficients a ,. to a perceptual weighting circuit 230.

a (L =1, ..., 10) by the use of the Burg analysis, the
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On the other hand, the spectral parameter. calculator
circuit 200 delivers the LSP'parameters for the first and
the second subframes to a spectral parameter quantizer
circuit 210.

The spectral parameter quantizer circuit 210
serves to efficilently quantize LSP parameters of a
predetermined subframe. In the following description, it
is assumed that the LSP parameters of the second subframe
are quantized by the use of vector quantization. For
vector quantization of the LSP parameters, 1t is possible
to use various known techniques. For example, such
vector quantization is described in detail in Japanese
Unexamined Patent Publication No. 171500/1992 (Reference
4), Japanese Unexamined Patent Publication No.
363000/1992 (Reference 5), Japaneee Unexamined Patent
Publication No. 6199/1993 (Reference 6), and a paper
contributed by T. Nomura et al to the Proc. Mobile
Multimedia Communications, pages B.2.S-1 to B.2.5-4
(1993), under the title of "LSP Coding Using VQ-SVQ with
Interpolation in 4.075 kbps M-LCELP Speech Coder"”
(Reference 7). Therefore, detailed description will not
herein be made. .

The‘spectral parameter quantizer circuit 210
reproduces the LSP parameters for the first and the
second subframes from the LSP parameters quantized in
connection with each second subframe. Herein, the LSP
parameters for the first and the second subframes are

reproduced by linear interpolation between the quantized
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LLSP parameters of the second subframe of a current frame
and the quantized LSP parameters of the second subframe
of a previous frame which 1is one frame period prior to
the current frame.

More in detail, the LSP parameteré for the first
and the second subframes can be reproduced by linear
interpolation after a single code vector is selected so
as to minimize an error power between the LSP parameters
before and after quantization. ‘Ih order to achleve a
higher efficiency, it is possible to select a plurality
of code véctdr-candidates for minimization of the error
power, to evaluate cumulative distortions in connection
with those candidates, and to select a combination of one
of the candidates that minimizes the cumulative distor-
tions and interpolated.LSP parameters.

The spectral parameter quantizer circuit 210
converts the LSP parameterS'for'the first and the second
subframes thus reproduced and the quahtized LSP para-
meters of the second subframe into converted linear
prediction coefficients a 'iI (1 =1, ..., 10, I = 1,

5) for every subframe. The converted linear prediction.
coefficients « 'iI are delivered to an impulse reéponse
calculator circuit 310. In addition, the spectral
parameter quantizer circuit 210 supplies a multiplexer
400 with indexes indicative of the code vectors for the
quantized LSP parameters of the second subframe.

Instead of using linear interpolation in the

foregoing description, it is possible to preliminarily
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prepare interpolation LSP patterns for a predetermined
number of bits, such as two bits, to reproduce the LSP
parameters of the first and the second subframes for each
pattern, and to Select.a combination of one of the code
vectors that minimizes the cumulative distortions and the
interpolation patterns. 1In this event, an amount of
transmitted information is 1nevitably increased in
correspondence to the number of bits of the interpolation
patterns. However, it is possible to more exactly
represent temporal variations of the LSP parameters in
each speech frame.

The interpolationpatterns may be prepared by
preliminarily learning training LSP data. Alternatively,
predetermined patterns may be stored as the interpolation
patterns. For example, such predeterminéd patterns are
described in a paper contributed by T. Taniguchi et al to
the Proc. ICSLP (1992), pages 41 to 44, under the title
‘ of "Improved CELP Speech Coding at 4 kbit/s and below"
(Reference 8). Alternatively, in order to further
improve the performahce, it 1is possible to preseléct the
interpolation patterns, to calculaté an error signal
between actual values of the LSP parameters.and
interpolated LSP values forla predetermined subframe, and

to represent the error signal by the use of an error

codebook.

The perceptual weighting circuit 230 is supplied

from the spectral parameter calculator circuilt 200 with

the linear prediction coefficients a 4T (L =1, ..., 10,

el h‘fﬁmwmmww‘lkmm*m-m-wu- SVl (o dpadiye I Rg MR ¢



oo Ao "'UM“”'!-kunlwmuﬁ(&vl‘lwuwwuaJMH'MM“MMW.“qa““m. Wl VAR BT TR Rt grEeseLr =M LEAT 4 Wl. HAqE4. W'M#ﬁ“ﬂﬂwmm“*vr‘“

CA 02182159 1999-10-29

10

I =1, ..., 5) before quantization subframe by subframe.
According to the technique described in the above-
mentioned Reference 1, the,perceptual weighting circuit
230 gives perceptual or auditory weights to thé speech
subframes to produce a perceptually weighted signal.
Supplied with the perceptually weighied signal
from the perceptual weighting circuit 230 frame by frame,
a mode deciding circuit 250'decides pitch.prediction
gains and modes (for ekample, vowel and consonanp
segments) with reference to a predetermined threshold
value. The ﬁode deciding circuit 250 delivers a
mode decision result to an adaptive codebook-circuit 500

and to an excitation quantizer circult 350.

In Fig. 1, a response signal calculator circuit
240 is supplied from the spectral parameter calculator
circuit 200 with the linear prediction coefficients « iT
subframe by subframe. 1In addition, the response signal
calculator circuit 240 is supplied from the spectral para-
meter quantizer circuit 210 with the converted linear pre-
diction coefficients a ’,;, subframe by subframe, reproduced
after quantization and inter-polation. By the use of a filter
memory value being stored, the response signal calculator
circuit 240 calculates a response signal x,(n) for each
single subframe in response to the input signal given by
d(n) = 0 and delivers the response signal to a subtracter 235.

The response signal x,(n) is represented by:
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10
X (n) = d(n) - 2 a d(n - 1)
Z i
i=1
10 { -
+ 2 a g 7 y(n - 1)
i=1
10 1 |
+ X c:c'“,L ' xz(n-i). (1)
i=1

where 7 represents a weighting factor which controls the
perceptual weight and has a value equal to ihat given by
Equation (3) which will appear later. ‘

The subtracter 235 subtracts the response signal
from the perceptually weighted signal for one subframe to
produce a subframe difference signal x'w(n) which is
delivered to the adaptive codebodk circuit 500. The

subframe difference signal x'w(n) is given by :
x'w(n) = xw(n) — xz(n) . (2)

The impulse response calculator circuit 310 cal-
culates, at a predetermined number L of points, impulse
responses hw(n) of a weighted filter. The impulse
responses hw(n) are delivered to the adaptive codebook

circuit 500 and to the excitation quantizer circuit 350.

Herein, Z-transform of the impulse responses h,(n) is given by:

IHw(z) = —G———— | (3)
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The adaptive codebook circuit 500 calculates
pitch parameters in the manner described in detail in
Reference 2. The adaptivé codebook circuit 500 also
carries out pitch'prediction to produce an adaptive

codebook prediction difference signal z(n) given by:
z(n) = x' _(n) - b(n), ' (4)

where b(n) represents an adaptive codebook'pitch

prediction signal defined by:
b(n) = Bv(n - T)*h _(n), (5)

where 8 and T represent'thé_gain of the adaptive
codebook circuit 500 and a delay, respectively, and
v(n) represents an adaptive dode vector. The symbol *
represents convolution.

A sparse excitation codebook 351 of a non-regular
pulse number type storés excitétion code Qectors -
different in number of non-zero vector components.

For all or a part of the excitation code vectors
stored in the excitation codebook 351, the excitation
quantizer circuit 350 selects optimai exclitation code
vectors cj(n) so as to minimize j-th differences Dj‘
Herein, it is possible to select a single kind of the
optimal code vectors. Alternatively, it is possible to
select two or more kinds of the optimal code vectors and

to finally select one upon quantization of the gains. It
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is assumed here that two or more kinds of the code
vectors are selected. The j-th differences Dj are given

by:

D. = X (z(n) - (n) hw(n))z, ' (6)

I "3 %3
where z(n) represents the prediction difference signal
with respect to the adaptive code vectors being selected.
When Equation (6) is applied to a part of the
excitation code vectors alone, it is possible to preliminary
select a plurality of excitation code vectors and to apply
Equation (6) to the excitation code vectors preliminary
selected.

Supplied with the mode decision Information from
the mode deciding circuit 250 and with the spectral para—
meters from the spectral parameter calculator circuit
200, a gain quantizer circuit 365 selects one of gain
codebooks 371 and 372 by the use of second feature
quantities when the mode decision information indicates a
predetermined mode. The gain quantizer cilrcuit 365 reads
gain code vectors from a selected one of the gain code-
books 371 and 372 and supplies the indexes indicative of
the excitation and the gain code vectors to the multi-
plexer 400. _

Referring to Fig. 2, description will be made
as regards the gain quantizer circuit 365. A short-term
prediction gain calculator circuit 1110 1is supplied

with the spectral parameters through an input terminal

1040 and calculates, as the second feature quantities,
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short-term prediction gains G which are delivered to a
galn codebook switching circuit 1120. The short-term

prediction gains G are given by:

' 2

I x|l
G = 10 log —
10 gy 2
(7)
. 10
where E(n) = x(n) - X «a { x(n - 1).

i=1

Supplied with the shoft—term prediCtion gains
from the short-term prediction gain calculator circuit
1110 and with the mode information through an input
terminal 1050, the gain codebook SWitching circuit 1120
compares the short-term prediction,gain with a predeter-
mined threshold value when the mode information indicates
a predetermined mode. As a result of comparison, ihe
gain codebook switching circuit 1120 produces gain
codebook switching information which is delivered to a
gain quantizer circuit 1130. The gain quantizer circuit
1130 is supplied with the adaptive code vectors through
an input terminal 1010, wiih the exciﬁation code vectors
through an input terminal 1020, and with the impulse
response information through an input terminal 1030. The
gain quantizer circuit 1130 is also supplied.with the
gain codebook switching information from the gain
codebook switching circuit 1120 and with the gailn code
vectors from the gain code book 371 or 372 (Fig. 1)
connected to one of input terminals 1060 and 1070 that 1is
selected by the gain codebook switching lnformation. For

the excitation code vectors being selected, the gain
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quantizer circuit 1130 selects combinations of the
excitation code vectors and the gain code vectors in the
gain codebook selected by the gain codebook switéhing |

information so as to minimize (j,k)-th differences

defined by:
Dy x = f (x (n)

- B 'y vin - T hy(n) - 7' cy(m) h (), (8
where B8 'k and 7 'k represent a k-th two-dimensional code
vector stored in the'gain codebook selected'by the gain
codebook switching information. The gain quantizer
circuit 1130 delivers to an'output.terminal 1080 the
indexes indicative of the selected combinations of the
excitation code vectors and the gain code vectors.

Turning back to Fig. 1, supplied.ﬁith the Qutput'
parameters of the spectral parameter calculator circuit
200 together with thelr indexes, a welghting signal
calculator circuit 360 reads the code vecﬁors with
reference to their indexes and calculates a drive

excitation signal v{(n) according to:
v(in) = B 'k vin - T) + 7 Ny Cj(n) | (9)

Subsequently, by the use of the output parameters
of the spectral parameter calculator circuit 200 and the

output parameters of the spectral parameter quantizer

circuit 210, the weighting signal calculator circuit 360

calculates a weighting signal sw(n) for every subframe to

mwmmmmgmnuw AT L MR A e iy -
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deliver the weighting signal to the response signal

calculator circuit 240 in accordance with:

10
sw(n) = v(n) --5_‘. a 1 vin - 1)
i=1
10 1
+ Y a {7 p(n - 1)
i=1
10 'S o
+ X a 'i ¥ sw(n - 1). ' (10)
i=1 | | -

Next, descriptiOn will be madehas regards a

speech encoder according to a second embodiment of this

invention.

The speech“encoder of this embodiment is similar
in structure to that of the first embodiment except that
the gain quantizer.circuit 365 is'replacedby a gain
quantizer circuit 2365. In the following, the gain ‘

quantizer circuit 2365 alone will be described.with

reference to Fig. 3.

Referring to Fig; 3, a shortwtérm prediction gain
calculator circuit 2110 is supplied with the spectral'
parameters through an input terminal 2040 and calculates,
as the second feature quantities, short-term prediction
gains G which are delivered‘to a short-term prediction
gain ratio-calculator circuit 2140 and to a delay unit
2150. The short-term prediction gains G are given by the

above equation (7) described with respect to the first

embodiment.

Supplied with the short-term prediction gain of a

current frame from the short-term prediction gain
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calculator circuitizllo and with the short-term predic-
tion gain of a previous frame (one frame period prior to
the current frame) from the delay unit 2150, the short-
term prediction gain ratio calculator circuit 2140
calculates a short-term prediction gain ratio as a time
ratio and delivers the short-term prediction ratio to a
gain codebook switching circuit 2120. Supplied with the
short-term prediction gain ratio‘from the short-term
prediction gain ratio calculator circuit,2l40 ahd with
the mode information through an input terminal 2050, the
gain codebook switching circuit 2120 compares the short-
term prediction gain ratio with a predetermined-threshoid
value when the mode information indicates a predetermined
mode. As a result of comparison, the gain codebook
switching circuit 2120 produces gain codebook switching

information which is delivered to a gain quantizer

circuit 2130. The gain quantizer circuit 2130 is
supplied with the adaptive code vectors through-an input
terminal 2010, with the excitation code vectors through
an input terminal 2020, and with the impulse response
information through an input terminal 2030. ‘The gain

quantizer circuit 2130 is also supplied with. the gain

codebook switching information from the gain codebook
switching circuit 2120 and with the gain code vectors

from the gain codebook 371 or 372 (Fig. 1) connected to

one of input terminals 2060 and 2070 that 1is selected by
the gain codebook switching information. For the

excitation code vectors be;ng selected, the gain

mwwmwmmmmm.m - . . . e e TSI
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quantizer circuit 2130 selects combinations of the
excitation code vectors and the gain code vectorsiin the
gain codebook selected by the gain codebook switching
information so as to minimize (j,k)-th differences
defined byithe above equation (8) described with respect
to the first embodiment. In this embodiment, the gain
quantizer circuit 2130 delivérs.to an outpu£ terminal
2080 the 1indexes indicative of the selected combinations
of the excitation code vectors and the gain'code vectors.
Description will now be made as regards a speech

encoder according to a third embodiment of this

invention.

The speech encoder of this embodiment is similar
in structure to that of the first émbodiment except that
the gain quantizer circuit 365 is replaced by'a‘gain
quantizer circuit 3365. In the following, the gain
quantizer circuit 3365 alone wili be described with
reference to Fig. 4.

Referring to Fig. 4, a'éhort-term prediction gain
calculator circuit 3110 is Supplied with the spectral
parameters through an input terminal 3040 and calculates,
as the second feature quantities, short—term.prediCtion
gains G which are delivered to a short—term prediction
gain ratio calculator circuit 3140 and to a delay unit
3150. The short-term predictionlgains G are giVen by the

above equation (7) described with respect to the first

embodiment.
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Supplied with the short—term prediction gain of a
current frame from thé short-term prediction gain
calculator circuit 3110 and with the short-term
prediction gain of a previous frame (two frame pefiods
prior to the current frame) from the delay unit 3160,-the
short-term prediction gain ratio calculator circuit 3140
calculétes a short—térm prediction'gain ratio and
delivers the short-term prediction gain ratio to a gain
codebook switching circuit 3120; Supplied with the short~
term prediction gain ratio from the short-term prediction
galn ratio calculator circuit 3140 and with the mode
information through an input terminal 3050, the géin
codebook switching circuit 3120 compares the short—term-
prediction gain ratio with a predetermined threShold
value when the mode information indicates a predetermined
mode. As a result of comparison, the gain codebook
switching circuit 3120 produces gain codebook sﬁitching
information which is delivered to a gain quantizer
circui£ 3130. The gain quantizer circuit 3130 is
supplied with the adaptive code vectors through an input
terminal 3010, with the excitation code vectors_thrdugh
an input terminal 3020, and with the impulse.response
information through an input terminal 3030. The gain
quantizer circuit 3130 is also supplied with the gain
codebook switching information from the gain codebook
switching circuit 3120 and with the galn code vectors
from the gain codebook 371 or 372 (Fig. 1) connected to

one of input terminals 3060 and 3070 that is selected by
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the gain codebook switching information. For the
excitation code vector being selected, the gain quahtizer
circuit 3130 selects combinaﬁions of the excitation code
vectors and the gain code vectors in the gain codebook
selected by.the gain codebook éwitching information so as
to minimize (j,k)-th differences defined by the above
equation (8) described with reépegt to the first
embodiment. In this embodiment, the gain quantizer
circuit 3130 delivers to an output terminal 3080 the
indexes indicative of the selected combinations of the
excitation code vectors and the gain code vectors.

Next, description will be made as regards a

speech encoder according to a fourth embodiment of this

invention.

The speech encoder of this embodiment:is similar
in structure to that of the first embodiment except that
the gain quantizer circuit 365 is replaced by a‘gain
quantizer circuit 4365. In the following, the gailn

quantizer circuit 4365 alonefwill be described with

reference to Fig. 5.

Referring to Fig. 5, a short-term prediction gain
calculator circuit 4110 is Supplied with the)spectrai
parameters through an input terminal 4040 and calculates,
as the second feature quantities, short-term prediction
gains G which are delivered to delay units 4170 and 4150.
The short-term prediction gains G are given by the above

equation (7) described with respect to the first

embodiment.
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Supplied with the short-term prediction gain of a
previous frame (one frame period prior to the current
frame) from the delay unit 4170 and with the short-term
prediction gain of another previous frame (two:frame
periods prior to'the'current frame) from the-delay,unit
4160, the short—térm prediction gain ratio calculator
circuit 4140 calculates a short-term prediction gaih
ratio and delivers the short-term prediction gain ratio
to a gain codebook SWitching circuit 4120.- Supplied with
the short-term prediction gain ratio from the short-term

prediction gain ratio calculator circuit 4140 and with

the mode information through an input terminal 4050, the

gain codebook switching circuit 4120 compares the short -
term prediction gain ratio with a predetermined threshold
value when the mode information indicates a predetermined
mode. As a result of comparison, the gain codebook
switching circuit 4120 produces gain codebook switching
information which is delivered td a gain'quantizer
circuit 4130; The gain quantizer circuit 4130 is
supplied with the adaptive code vectors through an input
terminal 4010, with the excitation code vectors through
an input terminal 4020, and with the impulse.response
information throﬁgh an input termina1'4030. The gain
quantizer circuit 4130 is also supplied with the gain
codebook switching information from the gain codebook
switching circuit 4120 and with the galn code vectors
from the gain codebook 371 or 372 (Fig. 1) connected to

one of input terminals 4060 and 4070 that is selected by

B e e e e L R o T AL SRR R T TN NN TP RIIIARMRIATS S vYE 4 o { -0 004 -l d00m oo 81 ke 14w ekttt Wt 0 R TELL U, TRTMATTVII AP AT ke ot i
. PP i Pyl dasiny) = o sewetl

T e AN M va v {1y



el e LIS LN i e 0 3 s i aaatw b and Sghitriialy bignf -

CA 02182159 1999-10-29

22

the gain codebook switching information. For the
excitation code vectors being selected, the gain
quantizer circuit 4130 selects comblnations of the
exclitation code vectors and the gain code vectors in the
gain codebook selected by the gain codebook switching
information so as to minimize (j,k)-th diffeteﬁces
defined by the above equation (8) described with respect
to the first embodiment. 1In this embodiment,.the gain
quantizer circuit 4130 delivers to an output terminal
4080 the indexes indicative of the selected combinations
of the excitation code vectors and the gaih,code.VQCtors.

Description will now be made as regards a speech
encoder according to a fifth embddiment of this

invention.

The épeech encoder of this”embodiment'is similar
in structure to that of the first embodiment except.that
the gain quantizer circuit 365 is replaced by a gain
quantizer circuit 9365 and that the gain codebooksn371
and 372 are replaced by gain codebooks 9371, 9372, and
9373. The speech encoder of the fifth embodiment will
hereinafter be described with reference to Figs. 6 and 7.

Supplied with the mode decision information from
the mode deciding circuit 250 and with the spectral
parameters from the spectral parameter calculator circuit
200, the gain quantizer circuit 9365 selects one of the
gain codebooks 9371, 9372, and 9373 by the use of the
second feature quantities when the mode decision

information indicates a predetermined mode. The gain
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quantizer circuit 9365 reads the gain code vectors from a
selected one of the gain codebooks 9371 through 9373 and
supplies the indexes indicativé'of the excitation and the
gain code vectors to the multiplexer 400. -
Referring to Fig. 7, a short-term prediction gain
calculator circuit 5110 is supplied with the spectral .
parameters throughaninéut‘terminal 5040 and calculdtes,
as the second feature quantities, short-termprediction
gains G which are delivered to delay units 5170 and 5150.
The short-term prediction gains G afe,given by the above

equation (7) described with respect to the first embodi-

ment.

Supplied with the short-term predicﬁion gain of a
previous frame (one frame period prior to the current
frame) from the delay'unit 5170 and with the short-tefm
prediction gain of another previous frame (two frame
periods prior to the current frame) from the delay unit
5160, the short-term prediction gain ratio calculator
circuit 5140 calculates a short-term prediction gain
ratio and delivers the short-term prediction gain ratio
to a gain codebook switching circuit 5120. Supplied with
the short-term prediction gain ratio from the short-term
prediction gain ratio calculator circuit 5140 and with
the mode information through an input terminal 5050, the
gain codebook switching circuit 5120 compares the short-
term prediction gain ratio with a predeterminéd threshold
value when the mode information indicateé a predetermined

mode. As a result of comparison, the gain codebook
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switching circuit 5120 produces galn codebook switching
information which is delivered to a gain quantizer
circuit 5130. The gain quantizer circuit 5130 1is
supplied with the adaptive code vectors through an input
terminal 5010, with the excitation code vectors through
an input terminal 5020, and with the impulse responSe
information through an input terminal 5030. The gain
quantizer circuit 5130 is also supplied with the gﬁin
codebook switching informatioh from'ﬁhe gain‘codebook
switching circuit 5120 and with.the gain code vectors
from the gain codebook 9371, 9372, or 9373 connected to
one of input terminals 5060, 5070, and 5090 that 1is
selected by the gain codebook switching information. For
the excitation code vectors being selected, the gain
quantizer circuit 5130 selecté éombinations of the
excitation code vectors and the gain code vectors in the
gain codebook selected by the gain cOdébook switching
information so as to minimize (j,k)ch differences
defined by the above equation (8) described with respect
to the first embodiment. In this embodiment, the gailn
quantizer circuit 5130 delivers to an output termihal
5080 the indexes indicative of the selected combinations
of the excitation code vectors and the galn code vectors.
As described above, a plurality of the codebooks
are switched in a predetermined mode. Thus, the speech
encoder according to this invention has a function

equivalent to inclusion of a codebook having a size

several times greater than that of the conventional
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speech encoder without increasing the number of
transmitted bits. This makes it possible to'improve

speech quality.
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THE EMBODIMENTS OF THE INVENTION IN WHICH AN EXCLUSIVE PROPERTY OR
PRIVILEGE IS CLAIMED ARE DEFINED AS FOLLOWS:

1. A speech encoder comprising:

frame segmenting means for segmenting an input speech signal into speech frames at
a predetermined frame length;

mode deciding means responsive to said input speech signal for calculating at least one
kind of first feature quantities frame by frame to produce mode decision results:

encoding means for encoding said input speech signal in response to said mode

decision results: and
codebook switching means, including a short-term prediction gain calculator circuit

configured to produce short-term prediction gains, the codebook switching means

responsive to at least one kind of second feature quantities, wherein the second feature
quantities may include a temporal variation in at least one kind of the first feature quantities,
calculated from an input terminal for controllably switching any of a plurality of preliminarily

stored codebooks when the mode deciding means selects a predetermined mode: and
the codebook switching means being related to the mode deciding means by comparing
the short term prediction gains with a predetermined threshold value.

2. A speech encoder as claimed in claim 1, wherein said second feature quantities include
a ratio of the two feature quantities of any two frames selected from a current frame and at least
one previous frame.

3. A speech encoder as claimed in claim 1, wherein said second feature quantities include
at least one of pitch prediction gains, short-term prediction gains, levels, and pitches.

4. A speech encoder as claimed in claim 1, wherein said plurality of codebooks comprise
a plurality of RMS codebooks, a plurality of LSP codebooks. a plurality of adaptive codebooks.
a plurality of excitation codebooks, or a plurality of gain codebooks.

5. A speech encoder as claimed in claim 2, wherein said second feature quantities include

at least one of pitch prediction gains, short-term prediction gains, levels, and pitches.

CA 02182159 2001-08-17
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6. A speech encoder as claimed in claim 2, wherein said plurality of codebooks comprise
a plurality of RMS codebooks, a plurality of LSP codebooks, a plurality of adaptive codebooks,
a plurality of excitation codebooks, or a plurality of gain codebooks.

7. A speech encoder as claimed in claim 3, wherein said plurality of codebooks comprise
a plurality of RMS codebooks, a plurality of LSP codebooks, a plurality of adaptive codebooks.
a plurality of excitation codebooks, or a plurality of gain codebooks.

8. A speech encoder, comprising:

a frame divider circuit configured to receive an input speech signal and to segment the
input speech signal into speech frames at a predetermined frame length;

a frame subdivider circuit configured to receive the segmented input speech signal
output from the frame divider circuit and to subdivide the segmented input speech signal into
speech sub-frames at a predetermined sub-frame length that is less that the predetermined
frame length;

a spectral parameter calculating circuit configured to receive the segmented input
speech signal output from the frame divider circuit and to determine spectral parameters
therefrom, said spectral parameters corresponding to linear prediction coefficients determined
on a sub-frame-by-sub-frame basis:

a perceptual weighting circuit configured to receive the sub-frame segmented input
speech signal output from the frame subdivider circuit and the spectral parameters output by
the spectral parameter calculating circuit, to determine perceptual weights for the sub-frame
segmented input speech signal and to output a perceptually weighted signal based on the
determined perceptual weights;

a mode deciding circuit connected to receive the perceptually weighted signal output by
the perceptual weighting circuit and to calculate at least one kind of first feature quantities that
correspond to pitch prediction gains and modes, on a sub-frame-by-sub-frame basis, to produce
a mode decision result;

a plurality of gain codebooks:

a gain quantizer circuit connected to receive the mode decision result output by the
mode deciding circuit and the spectral parameters output by the spectral parameter calculating
circuit, and to select one of the plurality of gain codebooks based on second feature quantities
determined by the gain quantizer circuit from the sub-frame segmented input speech signal;

an output device for receiving and outputting gain code vectors received from the

selected one of the plurality of gain codebooks,

CA 02182159 2001-08-17
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a spectral parameter quantizing circuit configured to receive the linear prediction
coefficients output by the spectral parameter calculating circuit, to quantize and interpolate the
linear prediction coefficients, and to output converted linear prediction coefficients as a result:

aresponse signal calculator circuit configured to receive the linear prediction coefficients
output by the spectral parameter calculating circuit and the converted linear prediction
coefficients output by the spectral parameter quantizing circuit, and to calculate a response
signal on a sub-frame by sub-frame basis, the response signal being based on a first signal
received by said response signal calculator circuit:

a subtractor configured to subtract the response signal from the perceptually weighted
signal and to output a subtraction result:

an impulse response calculator circuit configured to receive the converted linear
prediction coefficients output by the spectral parameter quantizer circuit and to calculate, at a
predetermined number of points, an impulse response that is based on a weighting factor;

an adaptive codebook circuit configured to receive the impulse response outputted by
the impulse response calculator circuit and the subtraction resuit output by the subtractor, and

to calculate pitch parameters to output an adaptive codebook pitch difference signal and an
adaptive code vector:

an excitation codebook configured to store excitation code vectors; and

an excitation quantizer circuit coupled to the excitation codebook and configured to
receive the impulse response outputted by the Impulse response calculator circuit and the
adaptive codebook pitch difference signal output by the adaptive codebook circuit, the excitation
quantizer circuit configured to select at least one optimal excitation code vector as a result,

wherein said gain quantizer circuit includes a short-term prediction calculator circuit
configured to determine the second feature quantities from the spectral parameters received
from the spectral parameter calculating circuit, and

wherein said gain quantizer circuit selects the one of the plurality of gain codebooks
based on the second feature quantities as a result of the mode decision result indicating a
predetermined mode,

wherein the excitation quantizer circuit outputs the at least one optimal excitation code
vector to the gain quantizer circuit, and

wherein the gain quantizer circuit outputs indexes indicative of the optimal excitation

code vector and a gain code vector obtained from the one of the plurality of gain codebooks to
the output device.

CA 02182159 2001-08-17
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