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BACKGROUND OF THE INVENTION

1. Field of the Invention

20) The present invention relates to an improved technique for digitally encoding
a sound signal, in particular but not exclusively a speech signal, in view of
transmitting and synthesizing this sound signal. In particular, the present mvention
relates to the design of a vector quantization method of the linear prediction filter

parameters n variable bit-rate lincar prediction based speech coding.
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2. Brief Description of the Prior Techniques

2.1 Speech coding and hnear prediction (LP) parameters quantization

Digital voice communication systems such as wireless systems use speech
coders to mcrease capacity while maintaining high voice quality. A speech encoder
converts a speech signal wmto a digital bitstream which is transmitted over a
communication channel or stored in a storage medium. The speech signal 1s digitized,
that 1s, sampled and quantized with usually 16-bits per sample. The speech encoder
has the role of representing these digital samples with a smaller number of bits while
mamntaimmng a good subjective speech quality. The speech decoder or synthesizer

operates on the transmitted or stored bit stream and converts 1t back to a sound signal.

Digital speech coding methods based on linear prediction analysis have been
very successful in low bit rate speech coding. In particular, Code-Excited Linear
Prediction (CELP) coding 1s one of the best prior techniques for achieving a good
compromise between the subjective quality and bit rate. This coding technique is a
basis of several speech coding standards both in wireless and wireline applications. In
CELP coding, the sampled speech signal is processed in successive blocks of N
samples usually called frames, where N 1s a predetermimmed number corresponding
typically to 10-30 ms. A linear prediction (LP) fhlter is computed, encoded, and
transmitted every frame. The computation of the LP filter typically needs a
lookahead, which consists of a 3-15 ms speech segment from the subsequent frame.
The N-sample frame 1s divided into smaller blocks called subframes. Usually the
number of subframes 1s three or four resulting in 4-10 ms subframes. In each
subframe, an excitation signal 1s usually obtamed from two components, the past
excitation and the mnovative, fixed-codebook excitation. The component formed
from the past excitatton 1s often referred to as the adaptive codebook or pitch
excitattion. The parameters characterizing the excitation signal are coded and
transmitted to the decoder, where the reconstructed excitation signal 1s used as the

input of the LP filter.
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The linear prediction (LP) synthesis filter 1s given by

l ]
A(z) 1+ Z:.la,.z "

H(z) =

where «; are the linear prediction coefticients and M 1s the order of LP analysis. The

LLP synthesis filter models the spectral envelope of the speech signal. At the decoder,

LN

the speech signal 1s reconstructed by filtering the decoded excitation through the LP

synthesis filter.

The set of linear prediction coefficients, a;, are computed such that the

prediction error
e(n) =s(n)—sn) (1)

10 is minimized, where s(n) is the input signal at time n and s (#2) 1s the predicted signal

based on the last M samples given by

Al

s(n) = MZ a.s{n-—-1i)
1=

Thus the prediction error 1s given by

Al

(i) = s{in) + Za!x(u —1)
1=l

15 This corresponds tn the z-trantorin domain to
E(z)=38(z)A(z)

where A(z) 1s the hinear prediction filter ot order M given by
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Typically, the LP coefficients a; are computed by mummizing the mean-squared
prediction error over a block of L samples. The computation of LP parameters 1s well
known to people skilled in the art. An example computation i1s given in {1}

The prediction coefficients «; can not be directly quantized for transmission to
the decoder. The reason is that small quantization errors on the prediction coetticients
can produce large spectral errors in the transfer tunction of the prediction tilter, and
can even cause filter istabilities. Hence, a transtormation is applied to the prediction
coefficients prior to quantization. The transformation yields what s called a
representation  of the prediction coefficients. After receiving the quantized.
transformed prediction coefticients, the decoder can then apply the nverse
transformation to obtain the quantized prediction coefticients. One widely used
representation for the linear prediction coelticients 1s the Line Spectral Frequencies
(LSF) also known as Line Spectrum Pairs (LLSP). Details of the computation of the

I.SFs can be found in |2].

A similar representation 1s the Immitance Spectral Frequencies (ISF), which
has been used in the AMR-WB coding standard [1]. Other representations are also
possible and have been used. Without loss of generality, we consider in this invention

the case of ISF representation.

The LP parameters are quantized either with scalar quantization (SQ) or vector
quantization (VQ). In scalar quantization, the parameters are quantized individually
and usually 3 or 4 bits per parameter are needed. In vector quantization, the
parameters are grouped in a vector and quantized as an entity. A codebook, or a table,
containing the set quantized vectors is stored. The quantizer searches the codebook
for the codebook entry that is closest to the input vector according to a certam

distance measure. The index of the selected quantized vector i1s transmitted to the
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decoder. Vector quantization gives better performance than scalar quantization but at

the expense of increased complexity and memory requirements.

Structured vector quantization 1s usually used to reduce the complexity and
storage requirements of VQ. In spht-VQ, the LLP parameter vector 1s sphit into 2 or
more subvectors which are quantized individually. In multistage VQ the quantized
vector 1s the addition of entries from several codebooks. Both sphit VQ and multistage
VQ result in reduced memory and complexily while maintaining good quantization
performance. Further, an interesting approach 1s to combine multistage and split VQ
to further reduce the complexity and memory. In reference (2] the LP vector is

quantized in two stages where the second stage vector 1s sphit in two subvectors.

The LP parameters exhibit strong correlation between successive frames and
this is usually exploited by the use of predictive quantization to improve the
performance. In predictive vector quantization, a predicted LP vector 1s computed
based on information from past frames. Then the predicted vector 1s removed from the
input vector and the prediction error is vector quatized. Two kinds of prediction are
usually used: auto-regressive (AR) prediction and moving average (MA) prediction.
In AR prediction the predicted vector i1s computed as a combination of quantized
vectors from past frames. In MA prediction, the predicted vector 1s computed as a
combination of the prediction error vectors from past frames. AR prediction yields
better performance, however, it is not robust to frame loss conditions which 1is
encountered in wireless and packet-based communication systems. [n case of lost
frames, the error will propagate 1o consecutive trames sine the prediction 1s based on

previous corrupted frames.

2.2 Vanable bit-rate (VBR) coding

In several communications systems, for example wireless systems using code
division multiple access (CDMA) technology, the usc of source-controlled variable
bit rate (VBR) speech coding significantly improves the system capacity. In source-

controlled VBR coding, the encoder operates at several bit rates, and a rate selection
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module 15 used to determine the bit rate used for encoding each speech frame based
on the nature of the speech frame (e.g. voiced, unvoiced, transient, background noise).
The goal 1s to attamn the best speech quality at a given average bit rate, also referred to
as average data rate (ADR). The encoder can operate at different modes by tuning the
rate selection module to attain different ADRs at the different modes where the
encoder performance 1s improved at mcreased ADRs. This enables the encoder with a
mechamsm of trade-off between speech quality and system capacity. In CDMA
systems (e.g. CDMA-one and CDMA2000), typically 4 bit rates are used and they are
reterred to as full-rate (FR), half-rate (HR), quarter-rate ((QR), and eighth-rate (ER). In
this system two rate sets are supported referred to as Rate Set I and Rate Set 1. In
Rate Set I, a variable-rate encoder with rate selection mechanism operates at source-
codmng bit rates to 13.3 (FR), 6.2 (HR), 2.7 (QR), and 1.0 (ER) kbit/s, corresponding
to gross bit rates of 14.4, 7.2, 3.6, and 1.8 kbit/s (with some bits added for error

detection).

A wideband codec known as adaptive multi-rate wideband (AMR-WB)
speech codec was recently selected by the ITU-T (International Telecommunications
Union — Telecommunication Standardization Sector) for several wideband speech
telephony and services and by 3GPP (third generation partnership project) for GSM
and W-CDMA third generation wireless systems. AMR-WB codec consists of nine bit
rates in the range from 6.6 to 23.85 kbit/s. Designing an AMR-WB-based source
controlled VBR codec for CDMA2000 system has the advantage of enabling the
interoperation between CDMA2000 and other systems using the AMR-WB codec.
The AMR-WB bit rate of 12.65 kbit/s 1s the closest rate that can fit in the 13.3 kbit/s
full-rate of Rate Set II. This rate can be used as the common rate between a
CDMA2000 wideband VBR codec and AMR-WB which will enable the
mteroperability without the need for transcoding (which degrades the speech quality).
A half-rate at 6.2 kbit/s has to be added to enable the etficient operation in the Rate
Set I1 framework. The codec then can operate in few ('DMA2000-specific modes but
it will have a mode that enables interoperability with systems using the AMR-WB

codec.
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Halt-rate encoding 1s typically chosen m frames where the input speech
signal 1s stationary. The bit savings (compared to the tull rate) are achieved by
updating encoder parameters less frequently or by using fewer bits to encode some
parameters. Specitfically, in stationary voiced segments, the pitch information is
encoded only once in a frame, and fewer bits are used for the fixed codebook and the

L.P coefticients.

Smce predictive VQ with MA prediction 1s typically applied to encode the
LP coefficients, there 1s an unnecessary increase in quantization noise i the LP
coetficients. MA prediction, as opposed to AR prediction, 1s used to increase the
robustness to frame losses; however, in stationary frames the LP coetficients evolve
slowly so usmg AR prediction m this case would have a smaller impact on error
propagation In the case of lost frames. This can be seen by observing that, in the case
of missing frames, most decoders apply a concealment procedure which essentially
extrapolates the coefficients of the last frame. [t the missing frame 1s stationary
voiced, this extrapolation gives very similar values to the actual transmitted (but not
received) LP parameters. The reconstructed LP vector 18 thus close to what would
have been decoded if the frame had not been lost. In that specific case, using AR
prediction in the quantization procedure of the LP coetfficients can not have a very

adverse effect on quantization error propagation.

OBJECTIVE OF THE INVENTION

An objective of the present invention is theretore to provide a novel
technique to improve a speech coder’s LP quantizer efficiency while maintaining the
robustness to channel errors in variable bit rate speech coding by switching between

MA and AR prediction depending on the nature of the speech frames.

The above and other objects, advantages and fecatures of the present invention

will become more apparent upon reading of the following non restrictive description
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of an illustrative embodiment thercot, given by way of example only with reference to

the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[n the appended drawings:

Figure 1 1s a schematic drawing showing the principle of multi-stage vector

quantization;

Figure 2 1s a schematic drawing showing the principle of split-vector vector

gquantization;

Figure 3 1s a schematic drawing showing the principle of autoregressive

predictive vector quantization;

Figure 4 1s a schematic diagram showing the principle of predictive vector

quantization using Moving Average (MA) prediction:

Figure 5 1s a schematic block diagram showing the basic steps of disclosed
switched predictive vector quanuzation at the encoder, according to an illustrative

embodiment of present invention:

Figure 6 1s a schematic block diagram showmg the basic steps of disclosed
switched predictive vector quantization at the decoder, according to an illustrative

embodiment of present invention;

Figure 7 1s an illustrative drawing showing how the ISFs are distributed over
the frequency range — each distribution is the probability function of an ISF at a gtven

posttion i the ISF vector; and



1

tO)

AN

20

I~
(N

CA 02415105 2002-12-24

A method and device for robust predictive vector quantization ot
lincar prediction parameters i variable bit rate speech coding 9 of 23

Figure 8 is a graph showing typical evolution of ISF coetficients through

successive speech frames.

DETAILED DESCRIPTION OF THE ILLUSTRATIVE EMBODIMENT

Most recent speech coding techniques are based on linear prediction analysis
such as CELP coding. The linear prediction (LP) parameters are computed and
quantized in frames of 10-30 ms. In this illustrative embodiment 20 ms frames are
used and a 16 order LP analysis is assumed. An illustrative example of the
computation of the LP parameters in a speech coding system 1s found in reference [1].
In this illustrative example, the preprocessed speech signals 1s windowed and the
autocorrelations of the windowed speech are computed. The Levinson-Durbin
recursion is then used to compuied the prediction coetficients «;, i=1,....M from the

autocorrelations R(k), k=0.....M, where M is the predictor order.

The prediction coefticients «¢; cannot be directly quantized for transmission to
the decoder. The reason is that small quantization errors on the prediction coefficients
can produce large spectral errors in the transfer function of the prediction filter, and
can even cause filter instabilitics. Hence, a transformation is applied to the prediction
coefficients prior to quantization. The transformation yields what is called a
representation of  the  prediction  coefficients.  After receiving the quantized,
transformed prediction coeflicients, the decoder can then apply the INVErse
transformation to obtain the quantized prediction coefficients. One widely used
representation for the linear prediction coetticients 1s the L.ine Spectral Frequencies
(LSF) also known as Line Spectrum Pairs (LLSP). Details of the computation of the

[ SFs can be found in reference [2]. The LSFs consists of the poles of the polynomials

P(z) = (A(z) oz (T ))/(] +2z7")

and
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0(z) = (A(z)— 2" A=) - =7")

For even values of M, each polynomial has M/2 conjugate roots on the unit circle

[e* ) . therefore, the polynomials can be written as

and

where ¢ :cos(m ) with o, being the line spectral frequencies (LSF) and they satisty

the ordering property O <w, <w, <...<w,, <7

A similar representation i1s the Immitance Spectral Pairs (ISP) or the
Immitance Spectral Frequencies (ISF), which has been used in the AMR-WB coding
standard. Details of the ISF computation can be found in reference [1]. Other
representations are also possible and have been used. Without loss of generality, we

consider in this invention the case of 1S representation as an tllustrative example.

For an Mth order LP filter, where M 1s even, the ISPs are defined as the roots

of the polynomials

Fz)=Az)+z " A(z7)
and

F(z)= (A(z) —z VAT -27)

Polynomials F(z) and /"5(z) have M/2 and M/2-1 conjugate roots on the unit

circle (c’i"”"’* } , respectively. Therefore, the polynomials can be written as

Fz)= (1 +a]_h,) 1—[(] ~2¢.z" +;:*2)

I:l,?‘,-...ﬂ!"‘[
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and

where ¢,=cos(w;) with @; being the immittance spectral frequencies (ISF) and ay 1s
the last prediction coefficient. The [ISFs satisty the ordering property
5 O<w <, <...<w,,_, <7x. Thus the ISF parameters consist of M-1 frequencies in
addition to the last prediction coetticients. In this illustrative embodiment the ISFEs are
mapped into frequencies n the range 0 to £,/2, where f; 1s the sampling frequency,

using the following relation

f =-"arccos(q, ), i=1,...,M~1,
2T

10 and

f,, ===arccos(a,, )
| A

I.SFs and ISFs have been widely used due to several properties which make
them suitable for quantization purposes. Among these properties are the well detined
dynamic range, their smooth evolution resulting in strong inter and intra-frame

1S correlations, and the existence of the ordering property which guarantees the stability

of the quantized LP filter.

We will describe here the mam propertics of ISFs to understand the
quantization approaches used. Figure 7 shows a typical example of the probability
distribution function (PDF) of ISF coefticients. Each curve represents the PDF of an

20 mdividual ISF coefticient. The mean of each distribution 1s shown on the horizontal
axis (14). For example, the curve for ISF) indicates all values, with their probability of
occurring, that can be taken by the first ISF cocfticient in a frame. The curve for ISk,
indicates all values, with their probability of occurring, that can be taken by the
second ISF coefficient in a frame, and so on. The PDF function 1s typically obtamed

25 by applying a histogram to the values taken by a given coefficient as observed
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through several consecutive frames. We see that each ISF coefficient occupies a
restricted interval over all possible ISF values. This effectively reduces the space that
the quantizer has to cover and increases the bit-rate efficiency. It 1s also important to
note that, while the PDFs of ISF coefficients can overlap, ISF coefficients in a given
frame are always ordered (ISFy+; - ISF, > 0, where k 1s the position of the ISF

coefticient within the vector of ISF coefficients).

With frame lengths of 10 to 30 ms typical in a speech coder, ISF coefficients
exhibit interframe correlation. Figure 8 illustrates how ISt coefficients evolve across
frames in a speech signal. Figure & was obtained by performing LP analysis over 30
consecutive frames of 20 ms in a speech segment comprising both voiced and
unvoiced frames. The LP coetticients (16 per frame) were transtormed into ISF
coefficients. We see that the lines never cross, which means that ISFs are always
ordered. We also see that ISF coefficients typically evolve slowly, compared to the
frame rate. This means mn practice that predictive quantization can be applied to

reduce the quantization error.

.y

As per this Figure, a prediction error vector e, 1s first obtained by subtracting

(Processor 301) a prediction vector p, from the input parameter vector to be quantized

x,. The symbol n here refers to the frame index in time. The prediction p,, 1s computed

~

by a predictor P (Processor 302) using the past quantized vectors X, X, _,, etc. The
prediction error vector is then quantized (Processor 203) to produce an index i (tor
transmission) and a quantized prediction error e . The total quantized vector X, is

obtained by adding (Processor 304) the quantized prediction error vector and the

prediction vector p,,. A general form of the predictor P in Processor 302 1s

where A; are prediction matrices of dimension MxAM and K 1s the predictor order. A

simple form for the predictor P in Processor 302 1s the use of first order prediction
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pu — A’xn -] (2)

where A 1s a prediction matrix of dimension MxM, where M 1s the dimension of LP
parameter vector. A simple form of the prediction matrix is a diagonal matrix with
diagonal elements a;, aa,...., am, where «, are prediction factors for individual LP
parameters. 1f the same factor « i1s used for all LP parameters then equation 2 reduces

1o

et

pn :axn-“l (3)

Using the simple prediction form of Equation (3), then in Figure 3, the quantized

vector X 1s given by the following autoregressive (AR) relation

H I ““ -1 (4)

The recursive form of Equation (4) imphes that, when using an AR predictive
quantizer of the form of Figure 3, channel errors will propagate across several frames.
This can be scen more clearly 1f we write Equation (4) in the following

mathematically equivalent {form :

- - oy
xu - en +Z(I en*f( (5)
A=

In this form, we see clearly that in principle each past decoded prediction error vector

™

e _, contributes to the value of the quantized vector x, . Hence, 1n the case of channel

errors, which would modify the value of e received by the decoder relative to what

~

was sent by the encoder, the decoded vector x  obtained i Equation 4 would not be

the same at the decoder and at the encoder. Because of the recursive nature of the

predictor, this encoder-decoder mismatch will propagate mn the future and affect the

next vectors X .., X .., ctc,, even if there are no channel errors in later frames. In

short, predictive vector uantization 1s not robust to channel errors, especially when

the prediction factors are high (« close to | in Equations 4 and 5).
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To alleviate this propagation problem, Moving Average (MA) prediction can
be used mstead of AR prediction. In MA prediction, the infinite series in Equation (5)
1$ truncated to a finite number of terms. The tdea 15 to approximate the autoregressive
torm of the predictor in Equation (4) by using a small number of terms in Equation
(5). Note that the weights i the summation can be modified to better approximate the

predictor ot Equation (4).

The MA predictive quantization is shown in Figure 4. A general form of the

predictor P in Processor 402 18

where B, are prediction matrices of dimension MxM and K is the predictor order.

Note that in MA prediction, transmission errors propagate only into next K frames.

A simple form for the predictor P in Processor 402 1s to use first order

prediction
pn - Béu—t (())

where B is a prediction matrix of dimension MxM, where M 1s the dimension of LP
parameter vector. A simple form of the prediction matrix 1s a diagonal matrix with
diagonal elements £, f,..., Pu. where [, are prediction factors for individual LP
parameters. If the same factor /3 is used for all LP parameters then Equation (6)

reduces to

p, =X, (7)

Using the simple prediction form of Equation (7), then in Figure 4, the quantized

~

vector X 1s given by the following moving average (MA) relation

~

ﬁur = en T [fé:r-l (8)



10

20

I
whn

CA 02415105 2002-12-24

A method and device for robust predictive vector quantization of
lincar prediction parameters o variable bit rate speech coding I50f 23

The structure of predictive vector quantization using MA prediction 1s shown

in Figure 4. In this figure, the predictor memory m Processor 402 15 formed by the

~

past decoded prediction error vectors e, ,, €,_,, etc. Hence, the maximum number of
frames over which a channel error can propagate 1s the order of the predictor P
(processor 402). In illustrative predictor example of Equation (8), for 1% order

prediction 1s used so the MA prediction error can only propagate over one frame.

While more robust to transmission errors than AR predictors, MA predictors
do not achieve the same prediction gamn for a grven prediction order. The prediction
error has consequently a greater dynamic range, and can require more bits to achieve
the same coding gain as with AR predictive quantization. The compromise is thus

robustness to channel errors versus coding gain at a given bit rate.

In source-controlled variable bit rate (VBR) coding, the encoder operates at
several bit rates, and a rate selection module 1s used to determine the bit rate used tfor
encoding each speech frame bascd on the nature of the speech frame (e.g. voiced.
unvoiced, transient, background noise). The goal is to attain the best speech quality at
a given average bit rate, also referred to as average data rate (ADR). As an illustrative
example, in CDMA systems (¢.g. CDMA-one and CDMA2000), typically 4 bat rates
are used and they are referred to as tull-rate (FR), hall-rate (HR), quarter-rate (QR),
and cighth-rate (ER). In this system two rate sets are supported reterred to as Rate Set
[ and Rate Set II. In Rate Set 11, a variable-rate encoder with rate selection mechanism
operates at source-coding bit rates to 13.3 (FR), 6.2 (HR), 2.7 (QR), and 1.0 (ER)
kbit/s.

In VBR coding, a classification and rate selection mechanism 1s used to
classify the speech frame according to its nature (vorced, unvoiced, transient, noise,
etc.) and selects the bit rate needed to encode the frame according to the classifier
information and the required average data rate. Half-rate encoding 1s typically chosen
in frames where the input speech signal 1s stationary. The bit savings (compared to the
full rate) are achieved by updating encoder parameters less frequently or by using

fewer bits to encode some parameters. Further, these frames exhibit strong correlation
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which can be exploited to reduce the bit rate. Specifically, in stationary voiced
segments, the pitch information is encoded only once m a frame, and fewer bits are
used for the fixed codebook and the LP coefticients. In unvoiced frames, no pitch
prediction 1s needed and the excitation can be modeled with small codebooks in HR

or random noise 1n QR.

Since predictive VQ with MA prediction is typically applied to encode the
LP coefticients, this results in an unnecessary increase mn quantization noise. MA
prediction, as opposed to AR prediction, 1s used to increase the robustness to frame
losses: however, in stationary frames the LP coefficients evolve slowly so using AR
prediction in this case would have a smaller impact on error propagation in the case ot
lost frames. This can be seen by observing that, in the case of missing frames, most
decoders apply a concealment procedure which cessentially extrapolates the
coefficients of the last frame. If the missing frame 1s stationary voiced, this
extrapolation gives very similar values to the actual transmitted (but not received) LP
parameters. The reconstructed LP vector is thus close to what would have been
decoded if the frame had not been lost. In that specitic case, using AR prediction 1n
the quantization procedure of the LP coetficients can not have a very adverse etfect

on quantization error propagation.

Thus, in the this invention a predictive VQ method for LP parameters 1s
disclosed whereby the predictor is switched between MA and AR prediction
according to the nature of the speech frame being processed. More specifically, n
transient and nonstationary frames MA prediction is used while 1n stationary frames
AR prediction is used. Further, due to the fact that AR prediction results mn a
prediction error vector ¢, with a smaller dynamic range than MA prediction, then it 1s
not efficient to use the same quantization tables for both types of prediction. To
overcome this problem, the prediction error after AR prediction 1s properly scaled so
that it can be quantized using the same quantization tables as in the MA prediction
case. When multistage VQ is used to quantize the prediction error, the first stage can

be used for both types of prediction after properly scaling the AR prediction error.
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Since it 1s sufficient to used split VQ 1in the second stage which doesn’t require large
memory, the second stage quantization tables can be trained and designed separately
for both types of prediction. Note that instead of designing the 1% stage tables with
MA prediction and scaling the AR prediction error, the opposite 1s also vahd, that is,
the 1™ stage can be designed tor AR prediction and the MA prediction error vector 1s

scaled.

Thus, it 1s also disclosed 1n this invention a predictive vector quantization
method for quantizing LP parameters in a variable bit rate speech codec whereby the
predictor is switched between MA and AR prediction according to classification
information regarding the nature of the speech frame bemg processed, and whereby
the prediction error vector is properly scaled such that the same first stage
quantization tables in a multistage VQ of the prediction error can be used for both

types of prediction.

An illustrative embodiment of the disclosed invention 1s given below.

Figures 1 shows an illustration of a two-stage VQ. An input vector X is first quantized

~

with the quantizer Q! in processor 101 to produce a quantized vector X, and a
quantization index /. The difference between the mput vector and first stage
quantized vector is computed and further quantized with a second stage VQ to
produce the quantized second stage error vector X, with quantization index /. The
indices of i, and 7/, are transmmtied and the quantized vector is reconstructed at the

N

decoderas X =X, +X,.

Figure 2 shows an illustrative example of split vector quantization. An mput
vector X of dimension M is split into K subvectors of dimensions Ny, Na,..., Nk, and
guantized with vector quantizers Q, Qi ..., Qg, respectively. The quantized
subvectors v,, ¥,. ..., ¥, with quantization indices iy, /2, and ix , are found. The
quantization indices are transmitted and the quantized vector X 1s reconstructed by

simple concatenation of quantized subvectors.
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An efticient approach for vector quantization is to combine both mulistage
and split VQ which results 1n a good trade-oft between quality and complexity. In a

first iHustrative example, a two-stage VQ can be used whereby the second stage error

vector X, 1S split into several subvectors and quantized with second stage quatizers
Qa1, Q22, ..., Qo respectively. In an second illustrative example, the input vector can
be split mto two subvectors, then each subvector is quantized with two-stage VQ

using further splhit in the second stage as in the first illustrative example.

Figure 5 1s a schematic block diagram showing an illustrative embodiment of
a switched predictive VQ according to the present invention. In Processor 501, the
vector of mean LP parameters p 1s removed from the mput LP parameter vector z to
produce the mean-removed LP parameter vector x. Note that the LP parameter vectors
can be vectors of LSF parameters, ISF parameters, or any other relevant LP parameter
representation. Removing the mean vector 1s optional and results in improved
prediction performance. If Processor 501 1s disabled then the vector x will be the
same as Zz. Note that the frame index n used in Figures 3 and 4 has been dropped here
for stmphification. The predicted error vector is then computed and removed from the
mean-removed vector X to produce the prediction error vector e (Processor 502).
Now, according to the present invention, based on frame classification information, if
the frame is stationary votced then AR prediction is used and the error vector e is
scaled by a certain factor to obtain the scaled error vector e’. The scaling factor 1s
typically larger than | and results i upscaling the dynamic range of the prediction
error so that 1t can be quantized with a quantizer designed for MA prediction. The
value of the scaling factor depends on the coefficients used for MA and AR
prediction. Typical values are: MA prediction coetticient 3=0.33, AR prediction
coetticient a=0.65, and scaling factor cqual 1.25. Note that if the quantizer is
destgned for AR prediction then the opposite will apply, that 1s, the error vector in

case of MA prediction will be scaled and the scaling factor will be less than 1.

The scaled prediction error vector e’ 1s then vector quantized in 508 to

~ 1

produce the quantized scaled error vector €'. In this illustrative embodiment, the
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vector quantizer 508 consists of a two-stage quantizer where split VQ is used in both
stages and whereby the first stage vector quantization tables are the same for both MA
and AR prediction. The vector quantizer 508 consists of blocks 504, 505, 506, 507,
and 509. In the tirst stage quantizer Q1, the scaled prediction error vector is quantized
to produce the first stage quantized vector e,. This vector is removed from the input
scaled error vector in Processor 505 to produce the second stage vector e,. The vector

e, 1s then quantized in 506 by either second stage quantizer Qua or second stage

quantizer Qar to produce the second stage quantized vector e,. The choice of the
second stage quantizer depends on the frame classification mformation. The scaled
quantized error vector 1s reconstructed m Processor 509 by the addition of the
quantized vectors from the two stages. That is ¢'=e, +e,. Finally, inverse scaling is
applied to the quantized scaled error vector in Processor 510 to produce the quantized
prediction error vector €. Note that i this illustrative example the vector dimension
1s 16, and split VQ 1s used 1n both stages. The quantization index sets iy and i, are

multiplexed and transmitted in Processor 507.

The prediction vector p is computed 1 either Processor 511 or Processor 512
depending the frame classification mformation. If the frame 1s stationary voiced then
the prediction vector 1s equal to the output of the AR predictor S12. Otherwise the
prediction vector is equal to the output of the MA predictor 511. As explained above
the MA predictor 511 operates on the quantized error vectors from previous frames
while the AR predictor 512 operates on the quantized mput vector from previous
frames. The quantized input vector (mean-removed) 1s constructed by adding the

P ¥ )

quantized error vector to the prediction vector in Processor 514. That1s, x=e+p..

I

Figure 6 1s a schematic block diagram showing an illustrative embodiment of
a switched predictive VQ at the decoder according to the present mvention. At the
decoder side, the received sets of indices i, and Iy are used by the quantization tables
601 and 602 to produce the first and second stage quantized vectors €, and e,. Note

that the second stage quantization 602 consists of two sets of tables for MA and AR
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prediction as at the encoder side of Figure 5. The scaled error vector 1s then
reconstructed n Processor 603 by the addition of the quantized vectors from the two
stages. That is, ¢'=e, +e,. Inverse scaling 1s applicd in Processor 609 to produce the
quantizated prediction error vector e . Note that the inverse scaling 1s a function of the
received frame classification mformation. The quantized (mean-removed) nput
vector 1s then reconstructed in Processor 604 by adding the prediction vector p to the
quantized error vector €. That is, X=e+p. In case the mean vector has been
removed at the encoder side, 1t 1s added in Processor 608 to produce the quantized LP
parameter vector z. Note that as in the case of the encoder side of Figure 5, the
prediction vector p is either the output of the MA predictor 605 or the AR predictor
606 depending on the frame classification information (according to the logic 1n

Processor 607).

Note that despite the fact that only the output of either the MA pedictor or the
AR predictor is used in a certain frame, the memories of both predictors need to

always be updated in each frame. This 1s valid for both the encoder and decoder sides.

To optimize the encoding gain, some vectors of the first stage, designed for
MA prediction, can be replaced by new vectors designed for AR prediction. In a
second illustrative embodiment, the first stage codebook size 1s 256, and ha sthe same
content as in the AMR-WB standard at 12.65 kbit/s, and 28 vectors are replaced 1n the
first stage codebook when using AR prediction. An extended, first stage codebook 1s
thus formed as follows: first, the 28 first stage vectors less used when applymg AR
prediction are placed at the beginning of a table, then the remaining 256-28 = 228 first
stage vectors are appended in the table, and finally 28 new vectors are put at the end
of the table. The table length is thus 250 + 28 = 284 vectors. When using MA
prediction, the first 256 vectors of the table are used i the first stage: when using AR
prediction the last 256 vectors of the table are used. To cnsure interoperability with
the AMR-WB standard, a table is used which contains the mapping between the
position of a first stage vector in this new codebook, and its origimal position n the

AMR-WB first stage codebook.
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To summarize, the novelty of the present invention, with respect to Figures 5

and 0, lics in the following aspects:

- Switched AR/MA prediction 1s used depending on the encoding
mode of the variable rate coder (which depends on the nature of

the present speech frame).

- Essentially the same first stage quantizer 1s used whether AR or
MA prediction is apphied (memory savings). In an illustrative
embodiment, 16" order LP prediction is used and the LP
parameters are represented 1n the ISF domain. The first stage
codebook is the same as the one used in the 12.65 kbit/s mode of
the AMR-WB encoder where the codebook was designed using

MA prediction.

- Instead of MA prediction, AR prediction 1s used in stationary
modes, specifically half-rate voiced mode; otherwise, MA

prediction 1s used.

- [n the case of AR prediction, the first stage of the quatizer 1s the
same as the MA prediction case, however, the second stage can

be properly designed and trained tor AR prediction.

- To take into account this switching in the predictor mode, the
memories of both MA and AR predictors have to be updated 1n
cach frame, assuming both MA or AR prediction can be used for

the next trame.

- Further, to optimize the encoding gain, some vectors ot the first

stage, designed for MA prediction, can be replaced by new
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vectors designed for AR prediction. In this 1llustrative
embodment, 28 vectors are replaced m the first stage codebook

when using AR prediction.

An enlarged, first stage codebook 1s thus formed as follows: first,
the 28 first stuge vectors less used when applying AR prediction
ar¢ placed at the beginning of a table, then the remaining 256-28
= 228 first stage vectors are appended 1n the table, and finally 28
new vectors are put at the end of the table. The table length 1s

thus 2560 + 28 = 284 vectors. When using MA prediction, the

first 256 vectors of the table are used in the first stage; when

using AR prediction the last 256 vectors of the table are used.

To ensure interoperability with the AMR-WB standard, a table is
used which contains the mapping between the posttion of a first
stage vector i this new codebook, and 1ts original position 1n the

AMR-WB first stage codebook.

Since AR prediction achieves lower prediction error energy than
MA prediction (when used on stationary signals), a scaling factor
has to be applied to the prediction error. In this illustrative
embodiment, the scaling factor 1s 1 when MA prediction is used,
and 1/0.8 when AR prediction 1s used. This mcreases the AR
prediction error to a dynamic equivalent to the MA prediction
error. Hence, the same quantizer can be used for both MA and

AR prediction in the first stage.

REFERENCES

[TU-T Recommendation (G.722.2 “Wideband coding of speech at around 16
kbit/s using Adaptive Multi-Rate Wideband (AMR-WB)"”, Geneva, 2002.
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structure algebraic-code-excited linear prediction (CS-ACELP),” Geneva, March

1996.
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