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FOREWORD

The ITU-T (Telecommunication Standardization Sector) is a permanent organ of the InternBémealmmunication
Union (ITU). The ITU-T is responsible for studyingechnical, operatingnd tariff questionsand issuingRecommen-
dations on them with a view to standardizing telecommunications on a worldwide basis.

The World Telecommunication Standardization Conference (WTSC), winelts everyour years, establishes thapics
for study by the ITU-T Study Groups which, in their turn, produce Recommendations on these topics.

The approval of Recommendations twe Members ofthe ITU-T is covered bythe procedure laid down in WTSC
Resolution No. 1 (Helsinki, March 1-12, 1993).

ITU-T Recommendation G.729 was preparedThyT Study Group 1§1993-1996) anavas approvedinder the WTSC
Resolution No. 1 procedure on the 19th of March 1996.

NOTE

In this Recommendation, the expression “Administration” is usedtonciseness to indicate both a telecommunication
administration and a recognized operating agency.

0 ITU 1996

All rights reserved. No part @his publicationmay be reproduced or utilized amy form or by anyneans, electronic or
mechanical, including photocopying and microfilm, without permission in writing from the ITU.
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Recommendation G.729

CODING OF SPEECH AT 8 kbit/s USING CONJUGATE-STRUCTURE
ALGEBRAIC-CODE-EXCITED LINEAR-PREDICTION (CS-ACELP)

(Geneva, 1996)

1 Introduction

This Recommendation contains the description of an algorftmthe coding of speech signals at 8 kbit/s using
Conjugate-Structure Algebraic-Code-Excited Linear-Prediction (CS-ACELP).

This coder is designed to operatith a digital signal obtained by firgterforming telephonédandwidth filtering
(Recommendation G.712) tiie analogue input signal, theampling it at8000Hz, followed by conversion to 16-bit
linear PCMfor the input to the encoder. The output of the decoder should be conbadedo an analogue signal by
similar means. Other input/output characteristics, such as those specified by Recommendatitor 647 khit/s PCM
data, should be converted to 16-bit linear PCM before encodifignod 6-bit linear PCM to the apppriate format after
decoding. The bitstream from the encoder to the decoder is defined within this Recommendation.

This Recommendation is organized as follows: Claugiwes a generalutline of the CS-ACELP algorithm. In clauses 3
and 4, the CS-ACELP encodand decoder principles are discussedpectively. Clause 5 describthe softvare that
defines this coder in 16 bit fixed-point arithmetic.

2 General description of the coder

The CS-ACELP coder is based on the Code-Excited Linear-Prediction (CELP) coding model. The coder operates on
speech frames of 10 ms corresponding to 80 samples at a samaptirgf 8000 samples per second. Fevery 10 ms
frame,the speech signal is analysed to extractpiwameters othe CELPmodel (linear-prediction filter coefficients,
adaptiveandfixed-codebookndices and gains)hese parameters are encoded transmittedThe bit allocation of the

coder parameters is shownTable 1. Atthe decoder, theggarameters aresed toretrievethe excitation andynthesis

filter parameters. The speech is reconstructed by filtdtimgy excitation through thehort-term synthesis filter, as is

shown in Figure 1. The short-term synthesis filter is basedldheorder Linear Prediction (LP) filter. The long-term, or

pitch synthesis filter is implemented usitigg so-callecadaptive-codebook approach. After computing reconstructed
speech, it is further enhanced by a postfilter.

TABLE 1/G.729

Bit allocation of the 8 kbit/s CS-ACELP algorithm (10 ms frame)

Parameter Codeword Subframe 1 Subframe 2 Total per fram
Line spectrum pairs LO,L1,L2,L3 18
Adaptive-codebook delay P1, P2 8 5 13
Pitch-delay parity PO 1 1
Fixed-codebook index C1,C2 13 13 26
Fixed-codebook sign S1, 4 4
Codebook gains (stage 1) GAl, GA2
Codebook gains (stage 2) GBL1, GB2 4 4 8
Total 80

Recommendation G.729  (03/96) 1

Page 5 of 39



_— Long-term Short-term Output
Excitation h h Post utpul
codebook g sy?ﬁ?;&s sy?il?eergs filter » speech

Parameter decoding

A T1518640-95/d01

|
Received bitstream

FIGURE 1/G.729
Block diagram of conceptual CELP synthesis model

2.1 Encoder

The encoding principle is shown in Figure 2. The input signal is high-pass fitecesicaled in thpre-processing block.
The pre-processed signal serveshasinput signafor all subsequent analysis. LP analysis is done once per fiaunmes
to computethe LP filter coefficients. These coefficients are converted to Line Spectrum PairsafiéSBYiantized using
predictive two-stage Vector Quantization (V@ijth 18 bits. The excitation signal is chosen by usingaaalysis-by-
synthesis search procedure in which the error between the odgimhaeconstructesipeech is minimized according to a
perceptually weighted distortion measure. This is done by filtering the error sigdhah perceptual weighting filter,
whose coefficients are derivéebm the unquantized LP filter. The amount of perceptual weightingade adaptive to
improve the performance for input signals with a flat frequency-response.

The excitation parameters (fixeohd adaptive-codebook parameters) are determined per subframe of4® semples)
each. The quantizeahd unquantized LP filtegsoefficients araisedfor the secondubframe, while irthe first subframe
interpolated LP filter coefficients atesed (both quantized and unquantized).ofen-loop pitch delay is estimated once
per 10 ms framéased on the perceptually weighted speech signal. Then the following operations are fepeatsd
subframe. The target signgh) is computed by filtering the LP residual through the weighted synthesisvi{z#A(2).
The initial states of these filters are updated by filtering the error between LP residual and excitation. This is equivalent t
the common approach cfubtracting the zero-input response of the weighted synthesisfiiiiterthe weightedspeech
signal. The impulse responisg) of the weighted synthesis filter is computed. Closed-loop pitch analykisrigdone (to
find the adaptive-codebook delagnd gain), using the targefn) andimpulse responsh(n), by searching around the
value of theopen-loop pitch delay. A fractional pitch delajth 1/3 resolution is used. The pitatelay is encoded with
8 bits in the first subframe and differentially encoded with 5 bits in the setdrichme. The target signdh) is updated
by subtracting the (filteredadaptive-codebook contribution, and this new targém), is used in thdixed-codebook
search to find theptimum excitation. An algebraic codeboekh 17 bits is usedor the fixed-codebook excitation. The
gains of theadaptiveandfixed-codebook contributions are vectjuiantized with 7 bits, (with MA prediction applied to
the fixed-codebook gain). Finally, the filter memories are updated using the determined excitation signal.

2 Recommendation G.729  (03/96)
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2:2 Decoder

The decoder principle is shown in Figure 3. First, the parameter’s indices are extracted from the received bitstream. These
indices are decoded to obtain the coder parameters corresponding to a 10 ms speech frame. These parameters are the LSP
coefficients, the two fractional pitch delays. the two fixed-codebook vectors, and the two sets of adaptive and fixed-
codebook gains. The LSP coefficients are interpolated and converted to LP filter coefficients for each subframe. Then, for

each 5 ms subframe the following steps are done:

e  the excitation is constructed by adding the adaptive and fixed-codebook vectors scaled by their respective

gains:

e the speech is reconstructed by filtering the excitation through the LP synthesis filter;

e the reconstructed speech signal is passed through a post-processing stage, which includes an adaptive
postfilter based on the long-term and short-term synthesis filters, followed by a high-pass filter and scaling

operation.

Eayie 060884

FIGURE 2/G.729
Encoding principle of the CS-ACELP encoder
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FIGURE 3/G.729
Principle of the CS-ACELP decoder

2.3 Delay

This coder encodes speech and other audio signals with 10 ms frames. In addition, there is a look-ahead of 5 ms, resulting
in a total algorithmic delay of 15 ms. All additional delays in a practical implementation of this coder are due to:

e  processing time needed for encoding and decoding operations:
e  transmission time on the communication link:

e  multiplexing delay when combining audio data with other data.

2.4 Speech coder description

The description of the speech coding algorithm of this Recommendation is made in terms of bit-exact, fixed-point
mathematical operations. The ANSI C code indicated in clause 5, which constitutes an integral part of this
Recommendation, reflects this bit-exact, fixed-point descriptive approach. The mathematical descriptions of the encoder
(clause 3), and decoder (clause 4), can be implemented in several other fashions, possibly leading to a codec
implementation not complying with this Recommendation. Therefore, the algorithm description of the ANSI C code of
clause 5 shall take precedence over the mathematical descriptions of clauses 3 and 4 whenever discrepancies are found. A
non-exhaustive set of test signals, which can be used with ANSI C code, are available from the ITU.

2.5 Notational conventions
Throughout this Recommendation, it is tried to maintain the following notational conventions:

e  Codebooks are denoted by caligraphic characters (e.g. C).

e  Time signals are denoted by their symbol and a sample index between parenthesis [e.g. s(x7)]. The symbol n
is used as sample index.

e Superscript indices between parenthesis (e.g. gt are used to indicate time-dependency of variables. The
variable m refers, depending on the context, to either a frame or subframe index, and the variable n to a
sample index.

e  Recursion indices are identified by a superscript between square brackets (e.g. E[*/).
e Subscripts indices identify a particular element in a coefficient array.
e  The symbol ~ identifies a quantized version of a parameter (c.g. g¢ ).

e Parameter ranges are given between square brackets. and include the boundaries (e.g. [0.6, 0.9]).

4 Recommendation G.729 (03/96)

PEE 000885



«  The functionlog denotes a logarithm with base 10.
*  The functionint denotes truncation to its integer value.

*  The decimal floating-point numbers used are roundgdions ofthe values used in the 16 Hiked-point
ANSI C implementation.

Table 2 listshe most relevant symbolssed throughout thiRecommendation. A glossary tbfe most relevant signals is
given in Table 3. Table 4 summarizes relevant variaestheir dimension. Constaparameters are listed iFable 5.
The acronyms used in this Recommendation are summarized in Table 6.

TABLE 2/G.729

Glossary of most relevant symbols

Name Reference Description
VA(2) Equation (2) LP synthesis filter
Hn1(2 Equation (1) Input high-pass filter
Hp(2 Equation (78) Long-term postfilter
H¢ (2 Equation (84) Short-term postfilter
H(2) Equation (86) Tilt-compensation filter
H(2) Equation (91) Output high-pass filter
P(2 Equation (46) Pre-filter for fixed codebook
W2) Equation (27) Weighting filter

TABLE 3/G.729

Glossary of most relevant signals

Name Reference Description
c(n) 3.8 Fixed-codebook contribution
d(n) 3.8.1 Correlation between target signal arn(d)
ew(n) 3.10 Error signal
h(n) 3.5 Impulse response of weighting and synthesis filters
r(n) 3.6 Residual signal
s(n) 3.1 Pre-processed speech signal
8(n 4.1.6 Reconstructed speech signal
(n) p g
s(n) 3.2.1 Windowed speech signal
sf(n) 4.2 Postfiltered output
sf'(n) 4.2 Gain-scaled postfiltered output
sw(n) 3.6 Weighted speech signal
x(n) 3.6 Target signal
x'(n) 3.8.1 Second target signal
u(n) 3.10 Excitation to LP synthesis filter
v(n) 3.7.1 Adaptive-codebook contribution
y(n) 3.7.3 Convolutionv(n) * h(n)
z(n) 3.9 Convolutiorc(n) * h(n)
Recommendation G.729  (03/96) 5
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TABLE 4/G.729

Glossary of most relevant variables

Name Size Description
9p 1 Adaptive-codebook gain
o 1 Fixed-codebook gain
g 1 Gain term for long-term postfilter
O 1 Gain term for short-term postfilter
O 1 Gain term for tilt postfilter
G 1 Gain for gain normalization
Top 1 Open-loop pitch delay
EEN 11 LP coefficients §5 = 1.0)
ki 10 Reflection coefficients
Ky 1 Reflection coefficient for tilt postfilter
o] 2 LAR coefficients
W, 10 LSF normalized frequencies
ﬁi,j 40 MA predictor for LSF quantization
i 10 LSP coefficients
r(k) 11 Auto-correlation coefficients
r+(k) 11 Modified auto-correlation coefficients
Wi 10 LSP weighting coefficients
/I\i 10 LSP quantizer output
TABLE 5/G.729
Glossary of most relevant constants
Name Value Description
fs 8000 Sampling frequency
fo 60 Bandwidth expansion
Y1 0.94/0.98 Weight factor perceptual weighting filter
Yo 0.60/[0.4- 0.7] Weight factor perceptual weighting filter
Ya 0.55 Weight factor postfilter
Yd 0.70 Weight factor postfilter
Yo 0.50 Weight factor pitch postfilter
Ve 0.90/0.2 Weight factor tilt postfilter
¢ Table 7 Fixed (algebraic) codebook
LO 3.24 Moving-average predictor codebook
L1 3.24 First stage LSP codebook
L2 3.24 Second stage LSP codebook (low part)
L3 3.24 Second stage LSP codebook (high part)
YA 3.9 Gain codebook (first stage)
bB 3.9 Gain codebook (second stage)
Wiag Equation (6) Correlation lag window
Wip Equation (3) LP analysis window

Recommendation G.729
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TABLE 6/G.729

Glossary of acronyms

Acronym Description
CELP Code-Excited Linear-Prediction
CS-ACELP Conjugate-Structure Algebraic-CELP
MA Moving Average
MSB Most Significant Bit
MSE Mean-Squared Error
LAR Log Area Ratio
LP Linear Prediction
LSP Line Spectral Pair
LSF Line Spectral Frequency
VQ Vector quantization
3 Functional description of the encoder

In this clause the different functions of the encoder represented lifotties of Figure 2 are described. A detailed signal
flow is shown in Figure 4.

3.1 Pre-processing

As stated in clause 2, the input to the speech encoder is assumed to be a 16 bit PCMwsigimatprocessing functions
are applied before the encoding process:

1) signal scaling; and

2) high-pass filtering.
The scaling consists of dividing the input byfactor 2 to reducehe possibility ofoverflows in the fixed-point
implementation. The high-pass filter serves as a precaution agadesiredow-frequency components. A second order

pole/zero filterwith a cutoff frequency of140 Hz is usedBoth the scaling antligh-pass filtering are combined by
dividing the coefficients at the numerator of this filter by 2. The resulting filter is given by:

Huy(2) = 0:A6363718- 0.92724705™ + 0463637182 )
hi 1 — 1.90594651 + 0.91140242

The input signal filtered throughp(2) is referred to ag(n), and will be used in all subsequent coder operations.

3.2 Linear prediction analysis and quantization
The short-term analysis and synthesis filters are based on 10th order Linear Prediction (LP) filters.

The LP synthesis filter is defined as:

1 1
1. _ ()
AR 1+ &z

whered;, i = 1,...,10,are the (quantized) Linear Prediction (LP) coefficients. Short-term prediction, or linear prediction
analysis is performed once per speframeusing the autocorrelation method with a 30amgmmetricwindow. Every

80 samples (10 ms}he autocorrelatiorcoefficients of windowed speech are computad converted to the LP
coefficients usinghe Levinson algorithm. Thethe LP coefficients are transformed tbe LSP domairior quantization

and interpolationpurposes. The interpolated quantizaxd unquantizedilters are converted back tthe LP filter
coefficients (to construct the synthesis and weighting filters for each subframe).

Recommendation G.729  (03/96) 7
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3.21 Windowing and autocorrelation computation

The LP analysis window consists of two parts: the first part is half a Hamming window and the second part is a quarter of
a cosine function cycle. The window is given by:

It
f=}

0L Db | n
399

wip(n) = (€)

cos [Z2 P = 200) n = 200....239
159

There is a 5 ms lookahead in the LP analysis which means that 40 samples are needed from the future speech frame. This
translates into an extra algorithmic delay of 5 ms at the encoder stage. The LP analysis window applies to 120 samples

from past speech frames. 80 samples from the present speech frame. and 40 samples from the future frame. The
windowing procedure is illustrated in Figure 5.

l NN \ N\ LP windows
A 3 !
T T 1 A T NN ] Sufames

FIGURE 5/G.729
Windowing procedure in LP analysis

The different shading patterns identify corresponding excitation and LP analysis windows.

The windowed speech:

s'(n) = wyp(n) s(n) n =.0;:239 @

is used to compute the autocorrelation coefficients:
239
r® = X vm) s -k  k=0..10 5)

n=k

To avoid arithmetic problems for low-level input signals the value of 7{0) has a lower boundary of #(0)=1.0. A 60 Hz
bandwidth expansion is applied, by multiplying the autocorrelation coefficients with:

Wiag(k) = exp —% (ZT}AAT k=1,.,10 (6)

Recommendation G.729 (03/96) 9
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wherefg = 60 Hz is the bandwidth expansiandfs = 8000 Hz is thesampling frequency. Furthermorg0) is multiplied
by a white-noise correction factor 1.0001, whicheiguivalent to adding a noistoor at 40 dB. The modified
autocorrelation coefficients are given by:

r'(0) = 1.0001r (0)

r'(k) = Wag(k) r (k) k =1,..,10

(7)

3.2.2  Levinson-Durbin algorithm

The modified autocorrelation coefficientgk) are used to obtain the LP filter coefficierdgs,i = 1,...,10, bysolving the
set of equations:

10
Yar -k =0 k=1..10 (8)
i=1

The set of equations in (8) is solved using the Levinson-Durbin algorithm. This algorithm uses the following recursion:

El0l = r(0)
fori = 1to10
a[(;'ll =1
i-1 i_ o .
= =10 i [i-1]
alll = i

forj =1toi -1
[ = Ji-1] ol =11
a8 =8 + Iqai_j
end

gl = [ - @Heli-Y

end

The final solution is given ag = %10],1- =0, ...,10, with g= 1.0.
3.2.3 LP toLSP conversion
The LP filter coefficientsa;, i =0,...10are converted to Line Spectral Pair (LSP) coefficidotsquantization and

interpolation purposes. Forl®th order LP filter, the LSRoefficients are defined dke roots of thesumanddifference
polynomials:

Fi2 = A@ + z11A@ZY )
and:

Fé(z) = A@2 - 71A(Y) (20)
10 Recommendation G.729  (03/96)
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respectively. The polynomidfi(z) is symmetric,and Fx(2) is antisymmetric. It can be provehat all roots of these
polynomials are othe unitcircle andthey alternate each othéi(z) has a rooz = -1 (w = 1) andF5(2) has a root z 1
(w=0). These two roots are eliminated by defining the new polynomials:

Fi@ = F@ /A + 7D (11)

and:

Fo) = F9 /(1 - 77 (12)

Each polynomial has five conjugate roots on the unit ciréi@ijeand they can be written as:

F@= [] @-2zl+2z? (13)
i=1,3,...,9
and:
F@= [] @-20zt+2z? (14)
i=2,4,...,10

whereq; = cos(y). The coefficientay are the Line Spectral Frequencies (L&Rjithey satisfythe orderingproperty 0 <
W <wy < ... <wyg < Tt The coefficients); are referred to as the LSP coefficients in the cosine domain.

Since bothpolynomialsF1(2) and F,(2) are symmetric onlyhe first five coefficients okach polynominaheed to be
computed. The coefficients of these polynomials are found by the recursive relations:

f,(i + 1) = g+1+ a0-i — fai) i =0,..4
fi +1)= a41- ao-i + () i =0,.4

(15)

wheref1(0) = f5(0) = 1.0. The LSP coefficients are found by evaluatthg polynomialsF1(2) and F»(2) at 60 points
equally spaced betweenabd 1t and checkindor sign changes. A sign change signifies the existence of aanabthe
sign change interval is then divided four times to allow better tracking of the root. The Chebyshev polynomsald toe
evaluate=1(2) andF,(2). In this method the roots are found directly in the cosine domainpdizleomialsF1(2) or F»(2),
evaluated at = &%, can be written as:

F(w) = 267150 C(x) (16)

with:
C() = T5(x) + f(1)Ta(x) + f(2)Ta(x) + f(3)T2X) + f(4)T1(x) + #(5)/2 17)
whereTy(x) = cosfmw) is themth order Chebyshev polynomiandf(i), i = 1,...,5,are thecoefficients of eitheF(2) or

F2(2), computed using Equation (15). The polynonti&) is evaluated at a certain valuexsf cos(w) using therecursive
relation:

fork = 4downto 1
bk = 2xlx+1 — bx+2 + (5 - K
end

Cx) = xby — by + f(5)/2
with initial valuesbs = 1 andbg = 0.

Recommendation G.729  (03/96) 11
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3.2.4  Quantization of the LSP coefficients

The LSP coefficients; are quantized using the LSF representatipim the normalized frequency domain @, that is:

Wy = arccosgj) i =1,..10 (18)

A switched 4thorder MA prediction is used to predict the L&&efficients ofthe currenframe. The difference between

the computedand predictedcoefficients is quantized using awo-stage vectorquantizer. The first stage is a
10-dimensional VQ usingodebookL1 with 128 entries (7 bits). The second stage is a 10 bit VQ which has been
implemented as a split VQ using two 5-dimensional codeba@kandL3 containing 32 entries (5 bits) each.

To explain the quantization process, it is convenient to first describe the decoding procesneHmiént is obtained
from the sum of two codebooks:

]
I
ol

A1 (L1) + L2i(L2) i
fi=0

L 19
A1 (L1) + L3j_5(L3) i (19)

I
o
=
o

wherelL1, L2 andL3 are thecodebookindices. To avoid sharp resonancestha quantized LP synthesis filter, the
coef‘ficientsﬂ are arranged such that adjaceoefficients have a minimum distance ofThe rearrangement routine is
shown below:
fori = 2,...,10
it (i-1 >0 -9
o=@+ -0 - 92
i =G+ G0+ 902
end

end

This rearrangement process is done twice. it a value ofJ = 0.0012, then with @&alue ofJ = 0.0006.After this
rearrangement process, the quantized t@éfficients&gr) for the currenframem, are obtainedrom the weighted sum

of previous quantizer outp K , and the current quantizer out;ﬁ\ :
B, s :
A N N —_ .
AR E. - Ra™+ > A, M =100 (20)
k=1 H k=1

Whereﬁ, k are thecoefficients ofthe switchedAMA predictor. Which MA predictor to use is defined bgarate bit.0.
At start-up the initial values 6}(") are given byjl=i1v11 for allk < 0.

After computinga)i, the corresponding filter is checked for stability. This is done as follows:
1) order the coel‘ficien’f)i in increasing value;
2) if & < 0,005 thery, = 0.005;
3) if Q41 — @ — 0.0391 themy; 41 = &; + 0.0391, £1,..9;

4)  if Gy > 3.135 thertd; o= 3.135.
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The procedure foencoding the LSkparameters can bmutlined as follows. For each of the two MA predictors hibst
approximation tothe current LSFcoefficients has to be found. The best approximation is definetthea®ne that
minimizes the weighted mean-squared error:

10

Ef = p W@ - Q)2 (21)
=1

The weights ware made adaptive as a function of the unquantized LSF coefficients,

_go ifap — 0041 -1 >0
éo o — 0.041 — 1P + 1 otherwise

ifwsr —w-1-1>0

W 2<i<9=
%0 W+ —W-1 - 1P + 1 otherwise

(22)

A.0 if -9 + 0.92T1 - 1 > 0

W10 = .
%O (Fwg + 0921 - 1¥ + 1 otherwise

In addition, the weightais andwg are multiplied by 1.2 each.

The vector to be quantized for the current framis obtained from

4 4
<r|n> z kf\l(m k)E EL ZﬁkE i =1,.,10 (23)

k=1

The first codebook 1 is searched and tleatryL1 that minimizeghe (unweighted) mean-squared error is selected. This

is followed by a search of the secormbebooki2, which defines the lower part of the second stage. Forpsdible
candidate, the partiazbctorﬁ;i, i =1,...,5, is reconstructed using Equation (20), and rearranged to guaramite@@m

distance 00.0012.The weightedMSE of Equation (21) isomputedand thevectorL2 which results in the lowest error

is selected. Using the selected first stage vdctand the lower part of the second stagethe higher part of the second

stage is searchedom codebool 3. Again the rearrangement procedure is used to guaranteeimum distance of
0.0012.The vectorL3 that minimizeghe weighted MSE is selectetihe resultingvectori\i, i=1,..,10 isrearranged to
guarantee a minimum distance0006.This process is dorfer each of the two MA predictors defined bg, and the

MA predictorLO that produces the lowest weighted MSE is selected. As was explained at the beginning of this clause, the
resulting vectoﬂ is rearranged twice and a stability check is applied to produce the quantized LSF coeﬁicients

3.2.5 Interpolation of the LSP coefficients

The quantized (and unquantized) t&efficients araisedfor the secondubframe. Fothe firstsubframethe quantized
(and unquantized) LEoefficients are obtained by linear interpolationtted correspondingarameters inhe adjacent
subframes. The interpolation is donetba LSPcoefficients inthe cosine domairl.et q(CU"e”" be the LSReoefficients
computed forthe current 10 m&ame,and q(pre"'°“3 the LSPcoefficients computed ithe previous 10 ms frame. The
(unquantized) interpolated LSP coeff|C|ents in each of the two subframes are given by:

SubframeL: ¢{) = 0.5gPrevious 4 g gleurreny i = 1,.,10 o
Subframe2: q(iz) = q(cu"e”‘) i =1,.,10
Recommendation G.729  (03/96) 13

Page 17 of 39



The same interpolation procedure is used for the interpolation of the quantizedéfS&lents by substituting; by §; in
Equation (24).

3.2.6 LSP to LP conversion

Once the LSFcoefficients arequantized and interpolatethey are converted back the LP coefficientsa. This
conversion is done as follows. The coefficientsFgfz) and F(z) are found by expanding Equatiofs3) and (14)
knowing the quantized and interpolated LSP coefficients. The coeffi¢ints = 1,...,5,are computedrom g; using the
recursive relation:

fori = 1to5
fi(i) = —2pi-1f - 1) + (i - 2)
forj =i - 1down tol

G = 790 - 200180 7Y -+ TG - 2)
end

end

with initial valuesf;(0) = 1 andfi(-1) = 0. The coefficient$,(i) are computed similarly by replacingj—; by dy;.

Once the coefficients (i) andf,(i) are foundF4(2) andF,(2) are multiplied by # z'1 and 1- z1, respectively, to obtain
F1(9 andF (2); that is:

fi() = fu(i) + f(i - 1) i =1,..,
. . . . (25)
f5() = i) — (i - 1) i=1,..,
Finally the LP coefficients are computed fréji) andf;(i) by:
Eb.Sfi(i) + O.Sfé(i) i=1,..5
;= O (26)

EDSH(1L - i) - 0.Hy(11 - i) i

I
o
=
o

This is directly derivedrom the relationA(z) = (F(2) + F42)/2, andbecauseF (2) and Fx(2) are symmetric and
antisymmetric polynomials, respectively.

3.3 Perceptual weighting

The perceptual weighting filter is based on the unquantized LP filter coeffieiearsd is given by:

10 \ig i
_Azly) Lt 2= Vi

W(2) (27)

The values of yandy, determine the frequency response of the filtgz). By proper adjustment of these variables it is
possible to makéhe weightingmore effectiveThis is done by making; andy, a function of the spectral shape of the
input signal. This adaptation is done once per 1@rame, but an interpolation procedure for each first subframsed

to smooththis adaptatiorprocess. The spectral shape is obtaiineih a2nd order linear prediction filter, obtained as a
by-product fromthe Levinson-Durbin recursiof8.2.2). The reflection coefficient&; are converted to Log Area Ratio

(LAR) coefficientso; by:

= 1010 + K P =
Oj Iog(l'0 =0 i=1,2 (28)
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The LAR coefficients corresponding te current 10 mameare usedor the secondubframe. The LAR coefficients
for the first subframe are obtaindarough linear interpolation with theAR parameters fronthe previous frame. The
interpolated LAR coefficients in each of the two subframes are given by:

Subframel: ofl)

Subframe2: 0€2) = Ol(current) i

0_50i(previous) + 0_50i(current)

1,2

12 (29)

The spectral envelope is characterized as being either figat=() or tilted {lat=0). For eachsubframe this
characterization is obtained by applying a threshold function thARecoefficients. To avoid rapid changes, a hysteresis
is used by taking into account the valuédlaf in the previous subfranta-— 1,

Eo if o™ < -1.74ando{™ > 0.65andflatm-1) = 1
flat(m = |:|1 if @gm) > -1.520r ogm) < O.4g andflat(m-1) = 0 (30)

@ flat(m-1)  otherwise

If the interpolatedspectrum for a subframe is classified as fiw#t{™ = 1), the weightfactors are set tg; = 0.94 and
y2 = 0.6. If thespectrum is classified aitted (flat(™ = 0), thevalue of y is set t00.98, and thevalue of y is adapted to
the strength of the resonances in the LP synthesis filter, but is bounded beteerd 0.7. If astrong resonance is
present, thealue ofy, is set closer to the upper bound. This adaptation is achieved by a criterion basethiomthm
distance between two successive LSP coefficients for the current subframe. The minimum distance is given by:

dmin = MiN[wj+1 — W] i =1,...9 (32)

The value ofy, is computed using the linear relationship:

Y2 = —=6.0dpin + 1.0 bounded by 04 v, < 0.7 (32)

The weighted speech signal in a subframe is given by:

10 10

swn) = () + > ayisn = i) = Y ayhswn i) n
i=1 i=1

0,...,39 (33)

The weighted speech sigrgl(n) is used to find an estimation of the pitch delay in the speech frame.

3.4 Open-loop pitch analysis

To reduce thecomplexity ofthe searchHor the bestadaptive-codebook delayhe search range is limited around a
candidate delayl,p, obtainedfrom an open-looitch analysis. This open-loop pitch analysisiene once peframe
(10 ms). The open-loop pitch estimation usesweighted speech sigral(n) of Equation (33), and is done fatlows:

In the first step, three maxima of the correlation:

79

RK = D swnswn - K) (34)

n=0
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are found in the following three ranges:

i =1: 80,...,143
i = 2:40,..,79
i =3: 20,..,39

The retained maximB(t;), i = 1,...,3, are normalized through:

R(ti)

R(t) =
Sasw(n - t)

i =1,.,3 (35)

The winneramongthe three normalized correlations is selectedawpuring the delayswith the values inthe lower
range. This is done by weighting the normalized correlations corresponding to the longer delays. The best open-loop delay
Topis determined as follows:

Top=t

R(Top) = R(ty)

if R(tp) = 0.8R(Top)
R(Top) = R(t2)
Top = b2

end

if R(tz) = 0.8 (Top)
R(Top = Ri(t3)
Top = 13

end

This procedure of dividing the delay range into three sectiad$avouringthe smaller values isised to avoid choosing
pitch multiples.

3.5 Computation of the impulse response

The impulse responsg(r) of the weighted synthesis filt&h(z)/A(2) is neededor the search ofdaptiveand fixed
codebooks. The impulse respoiigr) is computed for each subframe by filtering a signal consistitigeaoefficients of
the filter A(zly;) extended by zeros through the two filter&(Z) and 1A(zly).

3.6 Computation of the target signal

The target signaf(n) for the adaptive-codebook search is usually computed by subtrabenzero-input response of the
weighted synthesis filtaM2)/A(2) = A(Zy1)/[A(2)A(Zly,)] from the weighted speech sigrsai(n) of Equation (33). This is
done on a subframe basis.

An equivalent procedure for computitfte target signal, which is used in tRecommendation, is the filtering of the LP
residual signak(n) through the combination of synthesis filteA(@ and the weighting filtet\(z/y)/A(Zly,). After

determining the excitation for the subframe, the initial states of these filters are updated by filtering the difference betwee
the residual and excitation signals. The memory update of these filters is explained in 3.10.
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The residual signal(n), which is neededor finding the target vector is also used in the adaptive-codebook search to
extend the past excitation buffer. This simplifies the adaptive-codebook search procedure for deteys fleessubframe
size of 40 as will be explained in the next subclause. The LP residual is given by:

10

r(n) = s(n) +'Zlé,-s(n - ) n=0,.,39 (36)

3.7 Adaptive-codebook search

The adaptive-codebook parameters (or pitch parameterteadelay and gain. In theadaptive-codebook approach for
implementing the pitch filter, the excitation is repedmddelays lesshan thesubframelength. In the search stage, the
excitation is extended by the LP residuakitoplify the closed-loop search. The adaptive-codebook seamtbnisevery
(5 ms) subframe. Inhe first subframe, a fractional pitch deldy is used with a resolution df/3 in therange of

[19%, Sz‘é ] and integers only ithe rangg85, 143]. For the seconslibframe, a delay, with a resolution ofl/3 is

always used in the rangt(T,) — 5%, int(Ty) + 4%, whereint(T,) is the integer part of the fractional pitdalayT; of the
first subframe. This range is adapted for the cases Whesteaddles the boundaries of the delay range.

For each subframéhe optimal delay is determineasing closed-loop analysibat minimizesthe weighted mean-squared
error. In the first subframe the del@yis found by searching a small range (six samples) of delay values arowpthe
loop delayT,,, (see 3.4). The search boundatjgg andtyaxare defined by:
tmin = Top ~ 3
tmax = tmin + 6
if tmax > 143then
tmax = 143
tmin = tmax — 6

end

For the secondubframe, closed-loop pitch analysis is daneund the pitch selected in the fimtbframe tdind the
optimal delayT,. The search boundaries are betvve\qn—% andtmay + % wheretmin andtyax are derivedrom T; as
follows:

tmin = Int(Ty) - 5
if tmin < 20then fyin = 20
tmax = tmin + 9
if tmax > 143then
tmax = 143
tmin = tmax = 9

end
Recommendation G.729  (03/96) 17
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The closed-loop pitch search minimizée mean-squared weighted error between the origimalreconstructespeech.
This is achieved by maximizing the term:

39 x(n) y(n)

A D22 o k() yi(n)

wherex(n) is the target signal ang(n) is the past filtered excitation at delajpast excitation convolved with(n)]. Note
that the search range is limited around a preselected value, whiclopetiop pitchly), for the first subframeand T,
for the second subframe.

RK) = (37)

The convolutiony,(n) is computed for the deldy,i,. For the other integer delays in the search r&wggyin + 1,...tmax it
is updated using the recursive relation:

Yk (N) = Yk-1(n = 1) + u(=K)h(n) n = 39,..,0 (38)

whereu(n), n = -143,...,39, is thexcitation bufferandyy-;(-1) = 0. Note that in the search stage, saenplesu(n),
n=0,...,39are not knownandthey are needefbr pitch delays lesthan 40. Tosimplify the search, the LP residual is
copied tou(n) to make the relation in Equation (38) valid for all delays.

For the determination of,, andT; if the optimum integer closed-loop delay is léhan 85, theractions around the
optimum integer delay have to be tested. The fractional pitch search is done by interpolating the normalized correlation in
Equation (37) and searchirgr its maximum. Theinterpolation is done using RIR filter by, based on d&damming
windowed sinc function with the sinc truncatedtdtl and padded witheros att 12 (015(12) = 0). The filter has its

cut-off frequency {3 dB) at 3600 Hz in the oversampled domain. The interpolated valgk)dor the fractions- % —%,

0, % and% are obtained using the interpolation formula

3 3
RK = ) Rk = ibagt + 3) + > Rk + 1+ b3 - t + 3) t=01,2 (39)
i=0 i=0

wheret =0, 1, 2 corresponds to the fraction%@a,nd%, respectively. Not¢hat it isnecessary to computbe correlation

terms in Equation (37) using a rargg, — 4, tmax™* 4, to allow for the proper interpolation.

3.7.1  Generation of the adaptive-codebook vector

Once the pitchdelay has been determinettie adaptive-codebook vecta(n) is computed by interpolating theast
excitation signau(n) at the given integer deld&yand fractiort:

9 9

v(n) = ) u(n—K+ibget+3) + ) u(—Kk+1+i)bze(3-t+3) n=0.,39 t=0,12 (40)
i=0 i=0

The interpolation filteibsg is based on dlamming whdowed sinc functions truncated29 and padded witheros at
+ 30 [b3¢(30) = 0]. The filter has a cut-off frequency3 dB) at 3600 Hz ithe oversampled domain.
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3.7.2  Codeword computation for adaptive-codebook delays

The pitch delayT; is encoded with 8 bits in the firsubframeand therelative delay irthe secondgubframe is encoded
with 5 bits. A fractionadelayT is represented by its integer part(T), and afractional partfrac/3, frac = -1,0,1. The
pitch indexP1 is now encoded as:

BB(nt(T) - 19) + frac - 1 if T, = [19,...,85], frac= [-1, 0, 1]

P1 (41)

=0
Hint(Ty) — 85) + 197 if T, = [86....,143],frac = 0

The value of the pitcldelay T, is encoded relative to thealue of T. Using thesameinterpretation as before, the
fractional delayT, represented by its integer part i), and a fractional paftac/3,frac =-1,0,1, is encoded as:

P2 = 3{nt(T2) — tmin) + frac +2 (42)

wheretnin is derived fronil, as in 3.7.

To make the codanorerobust against random bit errors, a parityRiitis computed on théelay indexP1 of the first

subframe. The parity bit is generated through an XOR operation on thmsisignificant bits oP1. At the decoder this
parity bit is recomputednd if therecomputed value does not agmith the transmitted value, an errooncealment
procedure is applied.

3.7.3  Computation of the adaptive-codebook gain

Once the adaptive-codebook delay is determined, the adaptive-codebogkigainmputed as:

DERONG

== bounded by & g, < 1.2 (43)
> 32 /¥ y(n)

Op

wherex(n) is the target signal angn) is the filteredadaptive-codebook vector [zero-state respons&(BiA(2) to (n)].
This vector is obtained by convolvingn) with h(n):

n

yn) = Y vih(n - i) n=0,.,39 (44)
i=0
3.8 Fixed codebook — Structure and search

The fixed codebook is based on an algebraic codebook strutimg aninterleaved Single-Pulse Permutation (ISPP)
design. In thiscodebook, each codebook vector contains faurzero pulses. Each pulse daaveeither the amplitudes
+1 or-1, and can assume the positions given in Table 7.
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TABLE 7/G.729

Structure of fixed codebook(’

Pulse Sign Positions
io s +1 me: 0, 5, 10, 15, 20, 25, 30, 35
i s +1 m: 1, 6, 11, 16, 21, 26, 31, 36
iy s +1 my: 2, 7,12, 17, 22, 27, 32, 37
i3 s 1 mg: 3, 8, 13, 18, 23, 28, 33, 38
4,9, 14, 19, 24, 29, 34, 39

The codebook vectax(n) is constructed by taking a zero vector of dimengi@nand putting the fownit pulses at the
found locations, multiplied with their corresponding sign:

c(n) = sgo(n — mg) + s10(N — M) + $0(N — Mp) + s36(n — mg) n = 0,...,39 (45)

whered(0) is a unit pulse. Apecial feature incorporated in tbedebook ighat the selectedodebook vector is filtered
through an adaptive pre-filt€(2) that enhances harmonic componentsnjarovethe quality of the reconstructed speech.
Here the filter:

P@ =1/(1- Bz (46)
is used, wher@ is the integecomponent ofhe pitchdelay ofthe currensubframeandf is a pitch gain. The value 8f

is made adaptive by using the quantized adaptive-codebook gain from the previous subframe, that is:

B = @ém_l) bounded by 0.2 B < 0.8 (47)

For delays less than 40, the codebo@ of Equation (45) is modified according to:

£e(n) n=0,.7T-1
cn) =0 48)
femn) + Ben = T) n =T,..39

This modification is incorporated in the fixed-codebook search by modifying the impulse resmr@aeording to:

Eh(n) n=0.T-1
h(n) = O (49)
Eh(n) + Bh(n - T) n =T,..,39

3.8.1 Fixed-codebook search procedure

The fixed codebook is searched by minimizihg mean-squared error between the weighted input spe€oh of
Equation (33) and the weighted reconstructed speech. The target signal usediogetidoop pitch search is updated by
subtracting the adaptive-codebook contribution. That is:

x(n) = x(n) —gpy(n) n=0,..,39 (50)
wherey(n) is the filtered adaptive-codebook vector of Equation (44)ggrble adaptive-codebook gain of Equat{é8).
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The matrixH is defined as the lower trianguld@oepliz convolution matrixwith diagonalh(0) andlower diagonal
h(1),...h(39). The matrixd® = H'H contains the correlations bfn), and theslements of thisymmetric matrix are given

by:

39
®i,)) = Y h(n = h(n - ) i=0,..39 j=i.,39 (51)
n=j

The correlation signal(n) is obtained from the target sign&n) and the impulse responké) by:

39
din) = > x(@hi - n) n=0,.,39 (52)

If ¢ is thekth fixed-codebook vector, then the codebook is search by maximizing the term:

c? _ [odmadntf

Ex ctk(D Ck

(53)

wheret denotes transpose.

The signald(n) and thematrix @ are computed beforthe codebook search. Notkat only the elements actually needed
are computed and an efficient storage procedure has been designed to speed up the search procedure.

The algebraic structure of thedebookC allows for a fast search procedwiace thecodebook vectog, containsonly
four non zero pulses. The correlation in the numerator of Equation (53) for a givencyésgiven by:

3

C= iZOSd(M) (54)

wheremy is the position of théh pulse and; is its amplitude. Thenergy in the denominator of Equation (53yigen
by:

2 3

om,m) +2 ) ) ssem,m) (55)

i=0 j=i+1

E =

Mo

To simplify the search procedure, the pulse amplitudes are predetermined by quantizing thd(rgigiihls is done by
setting the amplitude of a pulse at a certain position equal to the sigm) at the positionBeforethe codebook search,
the following steps are done. First, the sigi(@l) is decomposethto two parts: its absolute valu#n)| and its sigrsign
[d(n)]. Second, the matris is modified by including the sign information; that is,

@G, ) = sign[d(i)] sign[d()]e, j) i=0,..39 j=i+1,..39 (56)

The main-diagonal elements ©fare scaled to remove the factor 2 in Equation (55)

@G, i) = 0.59(, i) i =0,..,39 (57)
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The correlation in Equation (54) is now given by:

C = [d(mg)| + d(my)| + [d(mgp)| + [d(ma)l (58)

and the energy in Equation (55) is given by:

E/2

@ (mo, M)

@(my, my) + @(mo, my)

@(mp, M) + @(mo, Np) + @(my, Np)

@(mg, mg) + @(mo, Np) + @(my, Np) + @(My, Ny)

+

(59)

+

+

A focused search approach is used to furdiraplify the search procedure. In tldpproach a precomputed threshold is
testedbeforeentering the last loo@nd theloop is entered only ithis threshold is exceeded. Theximum number of
times theloop can be entered is fixed #wat a low percentage of tlkedebook is searched. Thaeshold is computed
based on the correlatiadd. Themaximumabsolute correlation and tlerage correlatiodue to the contribution of the
first three pulsesnax andavs, are found before the codebook search. The threshold is given by:

thr3 = avg + Kz(max — aw) (60)

The fourth loop is entered onlytiie absolute correlation (due to three pulses) exdbeglsvhere 0< K3 < 1. The value

of K3 controls the percentage @fdebook searcand it is set here t0.4. Note that this results in\ariable search time.
To further control the search the number of times theldagt is entered (fothe twosubframes) cannot exceed a certain
maximum, which is set here to 180 (the average worst case per subframe is 90 times).

3.8.2  Codeword computation of the fixed codebook

The pulse positions of the pulsgsi; andi,, are encoded with 3 bits each, while the position & encoded with 4 bits.
Each pulse amplitude is encoded with 1 bit. Tigs atotal of 17 bits fotthe 4 pulses. By defining= 1 if the sign is
positive ands = 0 if the sign is negative, the sign codeword is obtained from:

S=g5+ 25 + 45 + 8 (61)

and the fixed-codebook codeword is obtained from:

C = (mp/5) + 8(m/5) + 64(my/5) + 512(2(g/5) + jX) (62)
wherejx =0 if mg = 3,8,...,38, angk = 1 if my = 4,9...,39.

3.9 Quantization of the gains
The adaptive-codebook gain (pitch gasmd thefixed-codebook gain are vectguantized using 7 bits. The gain

codebook search idone by minimizing the mean-squared weighted error between oraidateconstructedpeech
which is given by:

E = xx + g3yly + g572 - 2gpXly — 290Xz + 20pgey'z (63)

wherex is the targevector (se€3.6),y is the filteredadaptive-codebook vector &quation (44), ana is thefixed-
codebook vector convolved witin),

n

zn) = ) c(i)h(n - i) n=0,..39 (64)
i=0
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3.9.1  Gain prediction

The fixed-codebook gaig. can be expressed as:

Oc = Y& (65)

wheregg is a predicted gain based on previous fixed-codebook energigsisaadorrection factor.

The mean energy of the fixed-codebook contribution is given by:

E =10 Iog Z c(n)% (66)

After scaling thevectorc(n) with thefixed-codebook gaimy., theenergy ofthe scaled fixedtodebook is given by 20 log
gc+ E. Let EM be the mean-removed energy (in dB) of the (scdirell-codebook contribution #e subframem, given

by:

EM = 20logg. + E - E (67)

Wherelg =30 dB is the mean energy of the fixed-codebook excitation. Theygaim be expressed as a functioEG?,
E andE by:

. = 10E"+E-B)/20 (68)

The predicted gaigg is found by predicting the log-energy of the current fixed-codebook contribution from the log-energy
of previous fixed-codebook contributions. T4 order MA prediction is done as follows. The predictegrgy is given
by:

4
EM = % pOm-i (69)
i=1

where [l b, bs bs] =[0.68 0.58 0.34 0.1%re the MA prediction coefficientand UM is the quantizedersion of the
prediction errot)™ at subframe pdefined by:

um = gm — Em (70)

The predicted gaing is found by replacing(™ by its predicted value in Equation (68).

g, = 1d§m)+é— E)/20 (71)

The correction factoy is related to the gain-prediction error by:

um = Em - EM = 20 logg) (72)
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3.9.2  Codebook search for gain quantization

The adaptive-codebook gaigy,, and thefactory are vectoiquantized using éwo-stage conjugate structureddebook.
The first stage consists of a 3 bit two-dimensional codeldpknd the seconstage consists of a 4 bit two-dimensional
codebooklB. The first element in each codebook represtmsquantizechdaptive-codebook gaiﬁb, and the second
element represents the quantifiedd-codebook gain correction fac@\rGiven codebooindices GA and GBor b4 and
b8, respectively, the quantized adaptive-codebook gain is given by:

8o = U41(GA) + bB1(GB) (73)

and the quantized fixed-codebook gain by:

e = gV = g (Wa(GA) + HBy(GB)) (74)

This conjugate structure simplifitise codebook search, by applying a pre-selection process. The opfiitimgain g,

and fixed-codebook gaing., are derivedfrom Equation (63), andare usedfor the pre-selection. Theodebook¥A
contains eight entries in which the second element (correspondiggtas in general larger values than the itetent
(corresponding tgy). This bias allows a pre-selection using ¥atue ofgc. In this pre-selectioprocess, a cluster of four
vectors whose second elements are closg &we selected. Similarly, ttewdebookh contains 16 entries in which each
has a bias towards the first element (correspondirgg)toA cluster of eight vectors whose first elements are clogg to
are selected. Hence for each codebtiek best50% candidaterectors are selected. This is followed by an exhaustive
searchoverthe remaining 4 8 = 32 possibilities, such that the combination of the two indisiEsmizesthe weighted
mean-squared error of Equation (63).

3.9.3  Codeword computation for gain quantizer

The codeword$GA andGB for the gain quantizer are obtain&@dm the indices corresponding to the best choice. To
reduce the impact of single bit errors the codebook indices are mapped.

3.10 Memory update

An update of the states of the synthesis and weigfitiags is needed taomputethe target signal in the nestibframe.
After the two gains are quantized, the excitation sig(a), in the present subframe is obtained using:

u(n) = gov(n) + Gec(n) n=0,.39 (75)

whereép and{; are the quantizeddaptiveand fixed-codebook gains, respectivelyn) is theadaptive-codebook vector
(interpolated past excitatiomndc(n) is thefixed-codebook vectoincluding harmonic enhancement. The states of the
filters can be updated by filtering the sigméh)-u(n) (difference between residuahd excitation) through the filters
1/A(2) and A(ziy,)/A(Zly») for the 40sample subframand savingthe states of the filters. This would require three filter
operations. A simpler approachihich requiresonly one filter operation, is as follows. The locally reconstructed speech
§(n) is computed by filtering the excitation signal through(4). The output of the filtedue to the input(n) — u(n) is
equivalent toe(n) = s(n) — §(n). So the states of the synthesis filteh(Z) are given bye(n), n = 30,...,39. Updating the
states of the filteA(z/y,)/A(zly,) can be done by filtering the error sigméh) through this filter to find th@erceptually
weighted erroew(n). However, the signaw(n) can be equivalently found by:

ew(n) = x(n) - Gpy(n) - Gez(n) (76)

Since the signals(n), y(n) andz(n) are availablethe states of the weighting filter are updated by compwirg) as in
Equation (76) fon = 30,...,39. This saves two filter operations.
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4 Functional description of the decoder

The principle of the decoder was shown in clause 2 (Figlre=irst theparameters are decoded (LP coefficients,
adaptive-codebook vector, fixed-codebook veend gains). The transmitted parameters are listeGable 8. These
decoded parameters arsed tocomputethe reconstructed speech signal as will be describddlirThis reconstructed
signal is enhanced by a post-processing operation consisting of a postfilter, a high-passféterupscalinfsee4.?2).
Subclausel.4 describes the error concealment procedure used when eftagtyaerror has occurred, arhen the frame
erasure flag has been set. A detailed signal flow diagram of the decoder is shown in Figure 6.

TABLE 8/G.729

Description of transmitted parameters indices — The bitstream ordering is reflected by the order
in the table — For each parameter the Most Significant Bit (MSB) is transmitted first

Symbol Description Bits
LO Switched MA predictor of LSP quantizer 1
L1 First stage vector of quantizer 7
L2 Second stage lower vector of LSP quantizer 5
L3 Second stage higher vector of LSP quantizer 5
P1 Pitch delay first subframe 8
PO Parity bit for pitch delay 1
Cl Fixed codebook first subframe 13
Sl Signs of fixed-codebook pulses 1st subframe 4
GAlL Gain codebook (stage 1) 1st subframe
GBl Gain codebook (stage 2) 1st subframe 4
P2 Pitch delay second subframe
c2 Fixed codebook 2nd subframe 13
2 Signs of fixed-codebook pulses 2nd subframe 4
GA2 Gain codebook (stage 1) 2nd subframe
GB2 Gain codebook (stage 2) 2nd subframe 4

4.1 Parameter decoding procedure

The decoding process is done in the following order.

4.1.1  Decoding of LP filter parameters

The received indicelsO, L1, L2 and 13 of the LSP quantizer are used to reconstruct the quantizedde®fitients using
the procedure described 3n2.4.The interpolation procedure describedif.5 is used tobtain two sets of interpolated
LSP coefficients (corresponding to two subframes). For each subfifzenieterpolated LSEoefficients are converted to
LP filter coefficientsa;, which are used for synthesizing the reconstructed speech in the subframe.

The following steps are repeated for each subframe:
1) decoding of the adaptive-codebook vector;
2) decoding of the fixed-codebook vector;
3) decoding of the adaptive and fixed-codebook gains;

4) computation of the reconstructed speech.
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4.1.2

Before the excitation is reconstructed, the parity bit is recomputed from the adaptive-codebook delay index P1 (see 3.7.2).

Signal flow at the CS-ACELP decoder

Computation of the parity bit

FIGURE 6/G.729

T1518690-95/d06

42

425

If this bit is not identical to the transmitted parity bit PO. it is likely that bit errors occurred during transmission.

If a parity error occurs on Pl, the delay value T is set to the integer part of the delay value T, of the previous frame. The

value T is derived with the procedure outlined in 4.1.3, using this new value of Tj.

26
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4.1.3  Decoding of the adaptive-codebook vector

If no parity error has occurretie received adaptive-codeboaidex P1 is used to find the integer afrdctional parts of
the pitch delayl';. The integer paitt(T,) and fractional pafrac of T, are obtained frorR1 as follows:

if P1 < 197
int(Ty) = P1L + 2)/3+ 19
frac = P1 - 3in{(Tq) + 58
else
int(Ty) = P1 - 112
frac = 0

end

The integer and fractional part © are obtained fror®2 andty,,, wheretyin is derived fromil'; as follows:

tmin = int(Ty) — 5
if tmin < 20thentpin = 20
tmax = tmin + 9
if tmax > 143then

tmax = 143

tmin = tmax — 9
end

Now T, is decoded using:

int(Ty) = P2 + 2)/3— 1 + tmin
frac = P2 -2 -3(P2 + 2)/[3-1)

The adaptive-codebook vectafn) is found by interpolating the past excitation) (at the pitch delay) using
Equation (40).
4.1.4 Decoding of the fixed-codebook vector

The received fixed-codebook ind€xis used to extract the positions of the excitation pulses. The pulse signs are obtained
from S. This is done by reversing the process described in 3.8.2. Once the pulse positions and signs are dfxedied the
codebook vectoe(n) is constructed using Equation (45). If the integart of the pitctdelayT is less than theubframe

size 40¢(n) is modified according to Equation (48).

4.1.5 Decoding of the adaptive and fixed-codebook gains

The received gain-codebook indgivesthe adaptive-codebook ga@b and thefixed-codebook gain correction factpr
This procedure is described in detaildr9. The estimated fixed-codebook gajpis found using Equation (71). The
fixed-codebook vector is obtaindtbm the product of the quantized gain correctfastor with this predicted gain
Equation (74). The adaptive-codebook gain is reconstructed using Equation (73).
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4.1.6  Computing the reconstructed speech

The excitationu(n) [see Equation (75)] is input to the LP synthesis filter. The reconstraptth fothe subframe is
given by:

10

§n) =um - > &45n - i) n=0,.,39 (77)
i=1

where & are the interpolated LP filtezoefficients forthe currentsubframe. The reconstructed spe&a) is then
processed by the post processor described in the next subclause.

4.2 Post-processing

Post-processing consists of three functions: adaptive postfiltering, high-pass fétedirgignal upscalingthe adaptive
postfilter is the cascade of three filterdoag-term postfilteHp(2), a short-term postfilteris(z) and a tiltcompensation
filter H(2), followed by an adaptive gain control procedure. The postfilter coefficients are upsatgd ms subframe.
The postfiltering process is organized as follows. FRingtreconstructed speegfm) is inverse filtered through(z/y,) to
produce the residual sigriéh). This signal is used tcomputethe delay T and gaing; of thelong-term postfiltetHy(2).
The signal'tn) is then filtered through thieng-term postfiltetH,(2) and the synthesis filter HA(z/vg)]. Finally, the
output signal of the synthesis filter 1Jf{z/yy)] is passed through the titompensation filteH;(2) to generate the
postfiltered reconstructed speech sigsih). Adaptive gain control ishen applied tesf(n) to match theenergy of§(n).
The resulting signaf'(n) is high-pass filtered and scaled to produce the output signal of the decoder.

4.2.1  Long-term postfilter
The long-term postfilter is given by:

1
Ho@ = 13 g 4+ W97 7 (78)

whereT is the pitch delay, ang| is the gain coefficient. Note thgtis bounded by 1, and it is setzero ifthe long-term
prediction gain is less than 3 dBhe factory, controls the amount dbng-term postfilteringand has thevalue of
Yp = 0.5. The long-term delagnd gainare computedrom the residual signat(n) obtained by filtering the spee&mn)
through Az/y,), which is the numerator of the short-term postfilter (see 4.2.2).

10

f(n) = &(n) +_Zly,i134 §n - i) (79)

The long-term delay is computed using a two-pass procedure. The first pass selects the bekg intdgerangeift(T,)
- 1,int(T1) +1], whereint(T,) is the integer part of the (transmitted) pitidday T, in the firstsubframe. The best integer
delay is the one that maximizes the correlation.

39
RK) = > f)f(n - K (80)
n=0

The second pass chooghe best fractionadelay T with resolutionl/8 aroundTy. This is done by finding théelaywith
the highest pseudo-normalized correlation

>3, Pk

Rk = 81
v D22, ) o
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wheref\(n) is the residual signal at del&y Once theoptimal delayT is found, the corresponding correlatiB{T) is
normalized with the square-root of te@ergy off(n). The squared value of this normalized correlation is used to
determine if the long-term postfilter should be disabled. This is done by sgttirtif:

R’(T)2

S AP < 05 (82)

Otherwise the value @ is computed from:

39 Ff(n)
= <39 5., 2 < bounded by & < 1.0 83
g zﬁ{io ?k(n)f\k(n) ounaed by gl ( )

The non-integer delayed sigrfa(n) is first computed using an interpolation filter of leng® After the selection of,
f(n) is recomputedvith a longer interpolation filter of length29. The new signal replaces thesvious one only if the
longer filter increases the value R{T).

4.2.2  Short-term postfilter
The short-term postfilter is given by:
~ 10 4 i
1 A@zlyy) 1 L +Z:1 &z

Hf(z) = & A(Z/yd) = a 1+ zllgl yc'jélz‘l (84)

whereA(2) is thereceivedquantized LP inverse filter (LP analysis is not done at the decaddnhefactorsy, andyy
control the amount afhort-term postfilteringandare set toy, = 0.55, andyy = 0.7. The gain terng; is calculated on the
truncated impulse responisgn) of the filterA(z/y,)/A(z/yg) and is given by:

19

g = » Ihe(n)l (85)
n=0

4.2.3  Tilt compensation

The filterH{(2) compensates for the tilt in the short-term postfitg) and is given by:

@ = g (@ + YKz (86)

wherey;k; is a tilt factork; being the first reflection coefficient calculated fropgn) with
19-i

%z—%% rm)iémmmo+n ®7)

The gain terng; = 1 — Y, kj| compensates fahe decreasingffect of g in Hy(2). Furthermore, it has been shown that the
product filterH;(2)Hy(2) has generally no gaiifwo values fory; are used depending on the sigrkpflf k; is negative,
y; = 0.9, and ifk; is positivey; =
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4.2.4  Adaptive gain controll

Adaptive gain control imised tocompensate fogain differences between the reconstructed speech §gnaind the
postfiltered signasf(n). The gain scaling factds for the present subframe is computed by:

39
DG o)
- 39
> 32, st
The gain-scaled postfiltered sigrsdli(n) is given by:
sf(n) = g(Msf(n) n=0,.,39 (89)
whereg® is updated on a sample-by-sample basis and given by:
g = 0.859("-1) + 0.15G n=20,.,39 (90)

The initial value of §1) = 1.0 is used. Then for each new subfragie) is set equal tg(39) of the previous subframe.

4.2.5 High-pass filtering and upscaling

A high-pass filter with a cut-off frequency of 100 Hz is applied to the reconstructed postfiltered Sfi@gchhe filter is
given by:

0.93980581- 1.8795834"1 + 0.939805812 ©@1)

Hno(2) =
h2(2) 1 - 1.933073571 + 0.9358919972

The filtered signal is multiplied by a factor 2 to restore the input signal level.

4.3 Encoder and decoder initialization

All static encoder and decoder variables should be initialized to 0, except the variables listed in Table 9.

TABLE 9/G.729

Description of parameters with non-zero initialization

Variable Reference Initial value
B 3.8 0.8
gt 4.2.4 1.0
fi 3.2.4 i1l
o] 3.24 arccosiv11)
N
U® 3.9.1 -14
4.4 Concealment of frame erasures

An error concealment procedure has been incorporated in the decoder to reduce the degradation in the reconstructed
speech because of fraremsures in the bitstream. This error concealmeotess is functionakhen the frame of coder
parameters (corresponding to a 10 ms frahas) been identified as being erased. The mechabisaetectingframe

erasures is not defined in the Recommendation, and will depend on the application.
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The concealment strategy has to reconstituetcurrentframe, based on previously received information. The method
replaces the missing excitation signal with one of similar characteristics, while gradually decaying its energy. This is done
by using a voicing classifier based thie long-term prediction gainwhich is computed as part of theng-term postfilter
analysis. The long-term postfilter (see 4.2.1) finds the long-term predictor for which the prediction gain is more than 3 dB.
This is done by setting a threshold @5 on the squaredormalized correlation of (Equatio82). For theerror
concealment process, a 10 ms frameeidlated periodic if at least one 5 ms subfrdrag a long-term prediction gain of
morethan 3 dB. Otherwise thfgame is @clared non-periodic. An eras@@me inherits its clasgrom the preceding
(reconstructed) speech frame. Nthat thevoicing classification is continuously updated basedhi® reconstructed

speech signal.

The specific steps taken for an erased frame are:
1) repetition of the synthesis filter parameters;
2) attenuation of adaptive and fixed-codebook gains;
3) attenuation of the memory of the gain predictor;
4) generation of the replacement excitation.
4.4.1  Repetition of synthesis filter parameters
The synthesis filter in an erasédme uses the LRparameters othe last goodrame. Thememory of the MA LSF

predictor contains thealues of theeceived codeword§ Since the codeword is navailable for the currerftamem, it
is computed from the repeated LSF paraméhgimd the predictor memory using:

l= %‘.i(m) - iﬁ,ki\i(m_k)E/ E é E i =1,.,10 (92)

k=1

where the MA predictor coefficienfﬁk are those of the last received good frame.
4.4.2  Attenuation of adaptive and fixed-codebook gains

The fixed-codebook gain is based on an attenuated version of the previous fixed-codebook gain and is given by:

g™ = 0.0gMm"Y (93)

wherem is thesubframeindex. Theadaptive-codebook gain is based on an attenuated versibe mfevious adaptive-
codebook gain and is given by:

g™ = 0.9V bounded bg{™ < 0.9 (94)

4.4.3  Attenuation of the memory of the gain predictor

As was described iB.9 the gain predictor uses thrergy of previously selected fixed-codebook vectork d(@ avoid
transitionaleffects at the decoder, once gdaaines are receivedhe memory ofthe gain predictor is updated with an
attenuated version tiie codebook energy. The value @f™ for the currensubframem is set to theveragedjuantized
gain prediction-error, attenuated by 4 dB:

Om = %252 O(m- ')E 4.0 bounded b (M > -14 (95)
i=1
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4.4.4  Generation of the replacement excitation

The excitation used depends on the periodicity classification. If the last reconstraictedas classified as periodic, the

current frame is considered to be periodic as well. In that case only the adaptive codabedkasd théxed-codebook
contribution is set to zero. The pitch delay is basedheninteger part of the pitattelay inthe previous frameand is

repeated for each successive frame. To avoid excessive periodicity the delay is increased by one for each next subframe but
bounded by 143. The adaptive-codebook gain is based on an attenuated value according to Equation (94).

If the last reconstructefilamewas classified as non-periodic, the currgamme isconsidered to be non-periodic as well,
and the adaptive-codebook contribution is set to zero. The fixed-codebook contribution is generated by randomly selecting
a codebook index and sign index. The random generator is based on the function

seed= 31821seed+ 13849 (96)

with the initial seedralue 0f21845.The fixed-codeboolkndex is derivedrom the 13 least significant bits of the next
random number. The fixed-codebook sign is derifreth the 4 least significant bits of the next random number. The
fixed-codebook gain is attenuated according to Equation (93).

5 Bit-exact description of the CS-ACELP coder

ANSI C code simulatinghe CS-ACELP coder in 16 bit fixed-point available fromlITU-T. The following subclauses
summarize the use of this simulation code, and how the software is organized.

5.1 Use of the simulation software

The C code consists of two main progrataesler.c which simulates the encodemd decoder.¢ which simulates the
decoder. The encoder is run as follows:

coder inputfile bitstreamfile
The input file and output file are sampled data files containing 16 bit PCM signals. The decoder is run as follows:
decoder bitstreamfile outputfile

The mapping table of the encoded bitstream is contained in the simulation software.

5.2 Organization of the simulation software

In the fixed-point ANSI C simulation, only two types of fixed-point data are used as is shown in Table 10. To facilitate the
implementation of the simulation code, loop indices, Boolean valngfiags usethe type Flag, which would be either
16 bits or 32 bits depending on the target platform.

TABLE 10/G.729

Data types used in ANSI C simulation

Type Maximal value Minimal value Description
Word16 0ox7fff 0x8000 Signed 2's complement 16-bit word
Word32 OXTfffffffL 0x80000000L Signed 2's complement 32-bit word
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All the computations are done using a predefined set of basic operators. The description of these opgvatoiis is

Table11. The tables used by the simulation codersamamarized in Tabl&2. These main programmesse a library of

routines that are summarized in Tables 13and 15.

TABLE 11/G.729

Basic operations used in ANSI C simulation

Operation

Description

Word16 sature(Word32 L_varl)

Word16 add(Word16 varl, Word16 var2)

Word16 sub(Word16 varl, Word16 var2)

Word16 abs_s(Word16 varl)

Word16 sh1(Word16 varl, Word16 var2)

Word16 shr(Word16 varl, Word16 var2)

Word16 mult(Word16 varl, Word16 var2)

Word32 L_mult(Word16 varl, Word16 var2)

Word16 negate(Word16 varl)

Word16 extract_h(Word32 L_varl)

Word16 extract_1(Word32 L_varl)

Word16 round(Word32 L_varl)

Word32 L_mac(Word32 L_var3, Word16 varl, Word16 var2)
Word32 L_msu(Word32 L_var3, Word16 varl, Word16 var2)
Word32 L_add(Word32 L_varl, Word32 L_var2)

Word32 L_sub(Word32 L_varl, Word32 L_var2)

Word32 L_negate(Word32 L_varl)

Word16 mult_r(Word16 varl, Word16 var2)

Word32 L_sh1(Word32 L_varl, Word16 var2)

Word32 L_shr(Word32 L_varl, Word16 var2)

Word16 shr_r(Word16 varl, Word16 var2)

Word16 mac_r(Word32 L_var3, Word16 varl, Word16 var2)
Word16 msu_r(Word32 L_var3, Word16 varl, Word16 var2)
Word32 L_deposit_h(Word16 varl)

Word32 L_deposit_I(Word16 varl)

Word32 L_shr_r(Word32 L_varl, Word16 var2)

Word32 L_abs(Word32 L_varl)

Word16 norm_s(Word16 varl)

Word16 div_s(Word16 varl, Word16 var2)

Word16 norm_1(Word32 L_varl)

Limit to 16 bits

Short addition

Short subtraction

Short absolute value

Short shift left

Short shift right

Short multiplication

Long multiplication

Short negate

Extract high

Extract low

Round
Multiply and accumulate
Multiply and subtract

Long addition

Long subtraction

Long negate

Multiplication with rounding

Long shift left

Long shift right

Shift right with rounding
Mac with rounding
Msu with rounding

16-bit varl into MSB part

16-bit varl into LSB part

Long shift right with round

Long absolute value

Short norm

Short division

Long norm
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TABLE 12/G.729

Summary of tables fond in tab. 1d8.c

Table name Size Description
tab_hup_s 28 Upsampling filter for postfilter
tab_hup_1 112 Upsampling filter for postfilter
inter_3 13 FIR filter for interpolating the correlation
inter_3 31 FIR filter for interpolating past excitation
Ispchl 128x 10 LSP quantizer (first stage)
Ispcb2 32x10 LSP quantizer (second stage)
fg 2x4x10 MA predictors in LSP VQ
fg_sum 2x10 Used in LSP VQ
fg_sum_inv 2x 10 Used in LSP VQ
gbk1 8x2 Codebook GA in gain VQ
gbk2 16x 2 Codebook GB in gain VQ
mapl 8 Used in gain VQ
imapl 8 Used in gain VQ
map2 16 Used in gain VQ
ima21 16 Used in gain VQ
window 240 LP analysis window
lag_h 10 Lag window for bandwidth expansion (high part)
lag_1 10 Lag window for bandwidth expansion (low part)
grid 61 Grid points in LP to LSP conversion
tabsqr 49 Lookup table in inverse square root computation
tablog 33 Lookup table in base 2 logarithm computation
table 65 Lookup table in LSF to LSP conversion and vice versa
slope 64 Line slopes in LSP to LSF conversion
tabpow 33 Lookup table in 2 computation
TABLE 13/G.729
Summary of encoder specific routines
Filename Description
acelp_co.c Search fixed codebook
cod_1d8k.c Encoder routine
Ipc.c LP analysis
pitch.c Pitch search
pre_proc.c Pre-processing (HP filtering and scaling)
pwf.c Computation of perceptual weighting coefficients
qua_gain.c Gain quantizer
qua_1sp.c LSP quantizer
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TABLE 14/G.729

Summary of decoder specific routines

Filename Description
de_acelp.c Decode algebraic codebook
dec_gain.c Decode gains
dec_lag3.c Decode adaptive-codebook index
dec_ld8k.c Decoder routine
Ispdec.c LSP decoding routing
post_pro.c Post processing (HP filtering and scaling)
pst.c Postfilter routines
TABLE 15/G.729
Summary of general routines
Filename Description
basicop2.c Basic operators
oper_32b.c Extended basic operators
bits.c Bit manipulation routines
dspfunc.c Mathematical functions
filter.c Filter functions
gainpred.c Gain predictor
Ipcfunc.c Miscellaneous routines related to LP filter
Ispgetq.c LSP quantizer
p_parity.c Compute pitch parity
pred_lt3.c Generation of adaptive codebook
util.c Utility functions
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