INTERNATIONAL TELECOMMUNICATION UNION

I TU-T G.723.1

TELECOMMUNICATION (03/96)
STANDARDIZATION SECTOR
OF ITU

GENERAL ASPECTS OF DIGITAL
TRANSMISSION SYSTEMS

DUAL RATE SPEECH CODER
FOR MULTIMEDIA COMMUNICATIONS
TRANSMITTING AT 5.3 AND 6.3 kbit/s

ITU-T Recommendation G.723.1




FOREWORD

The ITU-T (Telecommunication Standardization Sector) is a permanent organ of the InternBé@mealmmunication
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), winels everyour years, establishéke topics
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 Recommendatior5.723.1 was prepared BYU-T Study Group 151993-1996) andvas approvedinder the
WTSC Resolution No. 1 procedure on the 19th of March 1996.

NOTE

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

0 ITU 1996

All rights reserved. No part @his publicationmay bereproduced or utilized iany form or by anyneans, electronic or
mechanical, including photocopying and microfilm, without permission in writing from the ITU.



CONTENTS

Introduction

11 1
1.2 1
1.3 1
1.4 DIBIAY.... ettt e e e e e e e —— 1
15 Speech COUET UESCIPLION ....cccviiiiiieitii ettt ettt e e 1
ENCOUET PIINCIPIES .t e e e e e e e e e e e e e e e e e e s — ettt 1t es 2
2.1 GENETAl HESCIIPON ....eiiitiiee ittt e et e s e e st s ¢

2.2 [ 1 0[] SO PP PTPPTPTOPR SR 2
2.3 HIQN PASS FlIEOE... et e e e e e e e e e e e e e e e e —————— 3
2.4 LPC ANAIYSIS. ...ttt e ettt e s bt n 4
2.5 LSP QUANTIZET ...ttt e e e e e e . 4
2.6 (IS o [T oo o = ST PP PSRTRTPP 5
2.7 ST S 01 (=T oTo] =110 I OO RO P P PPPPPPTPPPPPN 6
2.8 Formant perceptual Weighting filter..........c.evoiiiie e 6
2.9 PItCH @SHMALION .....eeiiiiii it e e e s emmmmmmeeeeeea . 7
2.10  SUDTAME PrOCESSIMG. . .uttvriieiiieee et e i e i ittt e et e e e e e e e e et eteaaeeeesea s atbebbeeaeataaaeesessnssstbbaaseeeaaaeeeenas
2.11  HarmoniC NOISE SNAPING. ... .coruureieeiiitt ettt ettt e e ettt e e e et e e e ettt e e s e e e e e et e e s ane
2.12 ImpuUlSE reSPONSE CAICUIALAL. ... .. .uuuiiiiiiieiee ettt e et e et e e e e e e s e et bb e e eeaeeeeeaaanne
2.13  Zero input response and riNging SUDFACLION ...........uuuiuiuiuiiiiiiiiiiisrs s s e s e e e e s e e naeaeaaaeeeas 9...
P2 S (o1 o I o] =T [ o1 (o] OO PP PP PP P 9
2.15 High rate excitation (MP-MLQ) .....coiiiiuiiiiiiiee ettt e e e e e e et be e e e e e e e e e annees 9
2.16  Low rate exCitation (ACELP) ......uuuiiiiiiiiiiiiiiiiiisssss s s s s s s e s e e e e e e e e e e e aaaaaaeaaaaaeaeesss e e eee 11
P20 A = (o = 1[0 ] I o L= o Lo [T OSSR 13
2.18 Decoding of the pitch INFOMMALION .........coiiiiiiiii e e e e e eeeee e 14
P R N |V 1= 10 (0] VAU oo I L= S SSUPRPPPRTRPIN: 14
2,20 Bt @IIOCALION ....eiiiiiiiie ettt nr e e nnr s 15
P R O o o (=Y gl o 1 1= 1[4 11T o H O 16
DECOAET PIINCIPIES ...ttt a e e s et e s et e e e b e e e emn e e e eenreeas 17
3.1 General description - 17
3.2 [T o =T oo o (=] PP PO 17
3.3 (IS S 01 (=T oTo] = Lo S PO TP P PSPPSRI 17
3.4 Decoding of the pitch INFOrMAatioN ..........oooiiiiii e s 18
35 Excitation decoder 18
3.6

3.7

3.8

3.9

3.10 Frame interpolation handling..............eoiiiiiiii e e 21
3.11 22
Bitstream packing e 22
F NS ] O oo Lo L= RSO RT 22
GIOSSAIY.... ettt e ekt n R e e e e e bbbt — e 22

Recommendation G.723.1  (03/96) i

20



Summary

This Recommendation specifies a coded representativrcan be usefr compressinghe speech or other audio signal
component of multimedia services avexy low bit rate as part of theverall H.324 family of standards. This coder has
two-bit rates associateslith it, 5.3 and 6.Xbit/s. The higher bit rate has greater quality. The lower bitgiats good
quality andprovides systendesigners with additiondlexibility. Both rates are a mandatory parttbe encoder and
decoder. It is possible to switch between the two ratasyaframeboundary. An option for variable rate operatiging
discontinuous transmission and noise fill during non-speech intervals is also possible.

This coder was optimized to represent speech with a high quality @bakierates using a limited amount cdmplexity.

It encodes speech or other audio signalfamesusing linear predictivanalysis-by-synthesis coding. The excitation
signal forthe high rate coder is Multipulddaximum Likelihood Quantization (MP-MLQgndfor the low rate coder is
Algebraic-Code-Excited Linear-Prediction (ACELP). Tin@me size is 30 msand there is an additionidok ahead of
7.5 msec, resulting in a total algorithmic delay3@f5 msec. Alladditional delays irthis coder aralue toprocessing
delays ofthe implementation, transmissiaelays inthe communication linland buffering delays othe multiplexing
protocol.

The description of thiRecommendation is made in terms of bit-exact, fixed-point mathematical operations. The ANSI C
code indicated in clause 5 constitutes an integral part ofRB®mmendatiorand shalltake precedence over the
mathematical descriptions this text if discrepancies are found. A non-exhaustive set of test sequences which can be
used in conjunction with the C code are available from the ITU.
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Recommendation G.723.1

DUAL RATE SPEECH CODER FOR MULTIMEDIA COMMUNICATIONS
TRANSMITTING AT 5.3 AND 6.3 kbit/s

(Geneva, 1996)

1 Introduction

1.1 Scope

This Recommendation specifies a coded representaiiican be usefdr compressinghe speech or other audio signal
component of multimedia services atexy low bit rate. In the design of this coder, the principal application considered
was very low bit rate visual telephony as part of the overall H.324 family of standards.

1.2 Bit rates

This coder has two bit rates associated witfitiese aré.3 and 6.Xbit/s. The higher bit rate has greater quality. The
lower bit rate gives good quality and provides system designers with additéxitzility. Both rates are a mandatory part
of the encoder and decoder. Ipisssible to switch between the two ratesrat 30 ms framéoundary. An option for
variable rate operation using discontinuous transmission and noise fill during non-speech intervals is also possible.

1.3 Possible input signals

This coder was optimized to represent speech with a high quality @bakerates using a limited amount cdmplexity.
Music and other audio signase not represented as faithfully as speech, but can be compedsetompressed using
this coder.

1.4 Delay

This coder encodes speech or other audio signals ims&@ frames. lraddition, there is 4ok ahead of7.5 msec,
resulting in a total algorithmic delay of 37.5 msec. All additional delayiseénmplementatiomndoperation of this coder
are due to:

i) actual time spent processing the data in the encoder and decoder;
i) transmission time on the communication link;

iii) additional buffering delay for the multiplexing protocol.

1.5 Speech coder description

The description of the speech coding algorithm of fRé&commendation is made in terms of bit-exact, fixed-point
mathematical operations. The ANSI C codelicated in clause 5, which constitutes an integral part of this
Recommendation, reflecthis bit-exact, fixed-point description approach. The mathematical descriptidhe ehcoder
and decodergiven respectively in clausesahd 3, can b@mplemented in several other fashions, posdigading to a
codec implementation not complyingth this Recommendation. Thereforthe algorithm description of the C code of
clause 5 shall take precedence ovemtlathematical descriptions of clauseartl 3whenever discrepancies are found. A
non-exhaustive set of test sequences which can be used in conjunction with the C code are available from the ITU.
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2 Encoder principles

2.1 General description

This coder is designed to operatéth a digital signal obtained by firgterforming telephonédandwidth filtering
(Recommendation G.712) of the analogyaut, thensampling aB000 Hz and thenonverting to 16-bit lineaPCM for
the input to the encoder. The output of the decoder should be conbadkdo analogue by similar means. Other
input/output characteristics, such as those specified by Recommendation f@. 84l kbit/s PCM data, should be
converted to 16-bit lineg?CM beforeencoding offrom 16-bit linear PCM to th@ppropriate format after deding. The
bitstream from the encoder to the decoder is defined within this Recommendation.

The coder is based on the principles of linear predicsinalysis-by-synthesis codingnd attempts to minimize a
perceptually weighted error signal. The encoder operates on blocks (frames) of 240 samples each. That is equal to 30 msec
at an 8 kHz samplingate. Each block is firdtigh pass filtered teemovethe DCcomponentand then divided intdour

subframes of 60 samples each. Eeery subframe, &0th order Linear Prediction Coder (LPC) filter is computed using

the unprocessed input signal. The LPC fifterthe lastsubframe igjuantized using a Predictive Split Vector Quantizer
(PSVQ). The unquantized LPC coefficients are used to construstoineterm perceptual weighting filtavhich is used

to filter the entire frame and to obtain the perceptually weighted speech signal.

For everytwo subframeg¢120 samples)the operloop pitch periodl g, is computed using the weighted speech signal.
This pitch estimation is performed on blocks1#0 samples. The pitch period is searchedha rangefrom 18 to
142 samples.

From this point the speech is processed on a 60 samples per subframe basis.

Using the estimated pitch period compupedviously, a harmonic noise shaping filter is constructed. The combination of
the LPC synthesis filter, the formant perceptual weighting fiéted theharmonic noise shaping filter is used to create an
impulse response. The impulse response is then used for further computations.

Using the pitch period estimatiobg, and theémpulse response, a closed loop pitch predictor is computed. A fifth order
pitch predictor is used. The pitch period is computed as a small differential value around the open loop pitch estimate. The
contribution of the pitch predictor is then subtracfean the initial targetvector. Boththe pitch period and the
differential value are transmitted to the decoder.

Finally the non-periodiccomponent ofthe excitation isapproximated. Fothe high bit rate, Multi-pulséMaximum
Likelihood Quantization (MP-MLQ) excitation is used, dodthe low bit rate, an algebraic-code-excitation (ACELP) is
used.

The block diagram of the encoder is shown in Figure 1.

2.2 Framer
File : LBCCODEC.C Procedure : main() Reads 240 samples input frames
File : CODER.C Procedure : Coder() Performs subframe division

The coder processéise speech by buffering consecutive spesamplesy[n], into frames 0f240 samplesg[n]. Each
frame is divided into two parts of 120 samples for pitch estimation computation. Each part is divided by two again, so that
each frame is finally divided into four subframes of 60 samples each.

2 Recommendation G.723.1  (03/96)



2.3 High pass filter

File : UTIL_LBC.C Procedure : Rem_Dc() Performs high pass filter

This block removes the DC element from the input spespeh, The filter transfer function is:

1-z1
O = 157 (1)
1-7552"
128
The output of this filter isx[n], = 0..239
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FIGURE 1/G.723.1

Block diagram of the speech coder — For each block the corresponding
reference number is indicated
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2.4 LPC analysis

File : LPC.C Procedure : Comp_Lpc() Performs LPC coefficients calculation

File : LPC.C Procedure : Durbin() Levinson-Durbin recursion

The LPC analysis is performed on sigril] in the followingway. Tenth order Linear Predictive (LP) analysisised.
For each subframe, a window ®80 samples is centered dhe subframe. A Hammingvindow is applied to these
samples. Eleven autocorrelation coefficients are comgtdedthe windowed signal. A white noise correctifactor of
(1025/1024) isapplied by using théormula R[0] = R[0](1 + 1/1024).The other 10 autocorrelation coefficients are
multiplied by the binomial windoweoefficients table. (The values ftiris tableand all othersre given inthe C code.)
The Linear Predictive Coefficients (LPC) are computed using the conventional Levinson-Durbin recursieweryor
input frame, four LPC sets are computed, onedfeery subframeThese LPC sets are used to constructsti@t-term
perceptual weighting filter. The LPC synthesis filter is defined as:

A@Q=—7—,0<i<3 @)

1- Z a”Z_J
P51

wherei is the subframe index and is defined to be between 0 and 3.

2.5 LSP quantizer

File : LSP.C Procedure : AtoLsp() Converts LPC to LSP coefficients
File : LSP.C Procedure : LspQnt() LSP vector quantization
File : LSP.C Procedure : Lsp_Svq() LSP sub-vectors quantization

First, a small additionddandwidth expansio(v.5Hz) is performedThen the resultind(2) LP filter is quantized using
a predictive split vector quantizer. The quantization is performed in the following way:

1) The LP coefficients,d};=1.10 are converted to LSP coefficientg; = 1..10 by searching along thenit
circle and interpolating for zero crossings.

2) The long term DC componelpc, is removed fronthe LSP coefficientsyy’, and a new D@emoved LSP
vector,p, is obtained.

3) A first order fixed predictoy = (12/32), isapplied to thepreviously decoded LSP vecth _ 1, to obtain
the DC removed predicted LSP vecfay, and the residual LSP error vecteyat time (frame) n.

.
P, = [P1,nP2,n --- P10, (3.1)
_T _ _ _

P, = [P1,nP2,n --- P10, (3-2)
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Pn = b[Ph-1 — ppdl (3.3)

€ = Pn — Pn (3.4)

4) The unquantized LSRector, p;,, the quantized LSRector, p,,, the residual LSP errorector, e, are
divided into 3 sub-vectorsith dimension 3, 3 and espectively. Eachth sub-vector is vectaiuantized

using an 8 bit codebook. The indéx,of the appropriatsub-vector codebook entyat minimizes the
error criterionk, i, is selected.

D3,m=0
PR = [P1+3m P2+3m - P+ 3m], Km = [B.m=1 (4.1)

D4,m=2

_ _ _ 0<m<?2
EI,Tm = [Prlm P2lm- Pmlinl v 1 < | < 256 (4.2)
P=p+ Poc (4.3)
. _ 0<sm<?2
Pi,m = Pm + PDCy * B.my1 < | < 256 (4.4)
_ , _ 0<m<s?2

Eim = (Pm — Pmd)" Wi (Pm = Pim 1 < | < 256 (4.5)

whereg , is thelth entry of themth split residual LSP codeboaindW,, is a diagonal weighting matrix,
determined from the unquantized LSP coefficients vegiawith weights defined by:

1 .
Wi i = — 2<)<9
1) ' — 0. . - o}’
mln{pj p’J_l’ ﬁ]"’l p,J}
wg o= o ©)
1,1 - I _n
P~ Py
Wi L
10,10 - I _ A
P1o~ Po
5) The selected indices are transmitted to the channel.
2.6 LSP decoder
File : LSP.C Procedure: Lsp_Inq() Inverse quantization of LSP

The decoding of the LSP coefficients is performed in the following way:

1) First, the three sub-vectorsg{ 4} m=0.2 are decoded to form a tenth order vedgr,

2) The predicted vectop,, is added to the decodegdctor,&,, and DCvector,ppc, to formthe decoded LSP
vector,pp.
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3) A stability check is performed ahe decoded LSKector,py, to ensure that the decoded L&&ttor is
ordered according to the following condition:

Bj+1n ~ Pjn = Bmin, 1< <9 ©)

Amin is equal to 31.25 Hz. If this stability che(®) fails for p; andp; + 1, thenp; andp; + 1 are modified in
the following way:

Pavg = (ﬁj + B +1)/2 (7.1)
ﬁj = f’avg = Dmin/ 2 (7.2)
Bj+1 = Pavg * Bmin/ 2 (7.3)

The modification is performedntil condition (6) ismet. If after 10 iterationthe condition of stability is
not met, the previous LSP vector is used.

2.7 LSP interpolation

File : LSP.C Procedure : Lsp_Int() LSP interpolator

File : LSP.C Procedure : LsptoA() Converts LSP to LPC coefficients

Linear interpolation is performed betwettve decoded LSRector,p,, and theprevious LSP vectoy, - 1, for each
subframe. Four interpolated LSP vectoig}{ - o. 3 are converted to LPC vectorg}i=o.3

.7$n—1 + 02$n,| = 0

Pni = 0.9n-1 + 0.3, 1 _: 1 ®)
2Fn-1 + 0.7, = 2
Pn i = 3
&' = [G182 ... 819", 0<i <3 9)

The quantized LPC synthesis filté§(Z), is used for generating the decoded speech signal and is defined as:

- 1 .
Ai(z):T,OSIS3 (10)
1-» &2z
i=1
2.8 Formant perceptual weighting filter
File : LPC.C Procedure : Wght_Lpc() Computes perceptual filter coefficients
File : LPC.C Procedure : Error_Wght() Applies perceptual weighting filter

6 Recommendation G.723.1  (03/96)



For each subframe a formant perceptual weighting filtecasstructed, using the unquantized LRGefficients
{aj}j=1,.10 The filter has a transfer function:

10
1- ) ajzly
=1

10 ’
1- Zaijz‘Jyzj
!

Wi(2) = 0<i<3 (11)

wherey; = 0.9 andy, = 0.5. The input speedrame, [n]} = o..239 is then divided tdour subframesnd eactsubframe
is filtered using th&\i(2) filter, and the weighted output speech signEhl} , = o.239iS obtained.

2.9 Pitch estimation

File : EXC_LBC.C Procedure : Estim_Pitch() Open loop pitch estimation

Two pitch estimates are computed évery framepne forthe first twosubframesand onéfor the last two. The opeoop
pitch period estimaté,q,, is computed using the perceptually weighted spg@fhA crosscorrelation criteriorCoy(j),
maximization method is used to determine the pitch period, using the following expression:

Eg:f[n] Ef[ﬂ-J']E2

CoL (i) = 113 , 18<j < 142 (12)
> fin=ilHn-j]
n=0

The indexj which maximizesthe crosscorrelationCo (j), is selected as the opdmop pitch estimationfor the
appropriate two subframed/hile searchindor the best indexsome preference is given to smalhéch periods tavoid
choosing pitch multiples. Maximums &g, (j) are searched fobeginning withj = 18 For every maximum
CoL (j) found, its value is compared to the best previous maximum f@gd;j'). If the difference between indicgand

j" is less than 18 ar@o,_ (j) > CoL (j'), the new maximum is selected. If the difference between the indices is ¢naater
or equal to 18the new maximum is selected on\G§_ (') is greater tha€q, (j) by 1.25 dB.

2.10  Subframe processing

From this point on, all the computational blocks are performed on a once per subframe basis.

2.11  Harmonic noise shaping

File : EXC_LBC.C Procedure : Comp_Pw() Computes harmonic noise filter coefficients

File : EXC_LBC.C Procedure : Filt_Pw() Applies harmonic noise filter

Recommendation G.723.1  (03/96) 7



In order to improve the quality of the encoded speech, a harmonic noise shaping filter is constructed. The filter is:

P =1-pzt (13)

The optimal lagL, for this filter is the lag whichmaximizesthe criterion,Cpy/(j), While considering onlypositive
correlation values for the numeratbi(j), before squaring:

59
N(G) = ) f[n] Tn-j] (14.1)
n=0
(N(j))?
Cpw(j) = 59 ,L1gj<sLy (14.2)

Zof[n -] Hn-j]

whereL; = Lo - 3 andL; = Lo + 3. The maximum value will be defined &. The optimal filter gainGgpy, is:

59
S flnl fn-L]
n=0
Gopt = 59 (15)
S fln-Llfln-L]
n=0

Gopt is limited to the range [0,1]. The ener@y,of the weighted speech signdi[{]} , = o.59is given by:

59
E= Y fIn] (16)
n=0

Then the coefficien of the harmonic noise shaping filt€(z), is given by:

c
B - %).sussopt, if ~10 |og10§—EL§z 2.0 )
g 0.0, otherwise

After computing the harmonic noise filter coefficients, themant perceptually weighted spee€fn), is filtered using
P(2) to obtain the target vectos{n].

win] = f[n] - Bf[n-L], 0<n < 59 (18)

2.12  Impulse response calculator

File : LPC.C Procedure : Comp_lIr() Impulse response computation

8 Recommendation G.723.1  (03/96)



For closed loop analysis the following combined fil&¢z), is used:

S@ =A@DN@ P@, 0<is<3 (19)

where thecomponents 0§(2) are defined in théormulas10, 11 and 13The impulse response tifis filter iscomputed
and will be referred as{[nl} n=0.50, = 0.3-

2.13  Zero input response and ringing subtraction

File : LPC.C Procedure : Sub_Ring () Performs ringing subtraction

The zeroinput response of the combined filt&(2), is obtained by computing the output of that filter when the input
signal is all zero-valued samples. The Zeput response is denoted ]}, = o..59 The ringing subtraction jgerformed

by subtracting theeroinput responsé&om the harmonic weighted speeebctor, {W[n]} , = 9..59 The resultingrector is
defined ag[n] =w[n] — Zn].

2.14  Pitch predictor

File : EXC_LBC.C Procedure : Find_Acbk() Auteve codebook contribution. Calls Get_Rez() and
Decod_Acbk()

File : EXC_LBC.C Procedure : Get_Rez() Gets residual from the excitation buffer

File : EXC_LBC.C Procedure : Decod_Acbk() Decodes the adaptive codebook contribution

The pitch prediction contribution is treated as a conventional adaptive codebook contribution. The pitch predictor is a fifth
order pitch predictor (see equatidt.2). Forsubframes and 2 the closetbop pitch lag is selecteflom around the
appropriate open loop pitch lag the rangetl and coded using 7 bitéNote that the opefoop pitch lag isnever
transmitted.) For subframesahd 3 the closebbop pitch lag is coded differentiallysing 2 bits andnay differ from the
previous subframe lag only byL, 0,+1 or+2. The quantizeand decoded pitclag values will be referred to &s from
this point on. The pitch predictor gains aextorquantized using tweodebookswith 85 or 170entriesfor the high bit
rate andL70 entriesfor the low bit rate. Thd70entry codebook ithe same foboth rates. For the high rateli§ is less
than 58for subframes @nd 1 or ifL, is less than 58r subframes &nd 3, then the 88&ntry codebook isisedfor the
pitch gain quantization. Otherwise the pitch gain is quantized using the 170 entry codebook. The contrithatipriobf
predictor, p[nl}n = o.50 is subtractedfrom the targetvector {[n]}, = o0.59 to obtain the residual signal
{r[nl}n=0.59

rfn] = t[n] - pln] (20)
2.15 High rate excitation (MP-MLQ)
File : EXC_LBC.C Procedure : Find_Fcbk() Fixed codebook contribution
File : EXC_LBC.C Procedure : Find_Best() Residual signal quantization
File : EXC_LBC.C Procedure : Gen_Trn() Generates a train of Dirac functions
File : EXC_LBC.C Procedure : Fcbk_Pack() Combinatorial coding of pulse positions

Recommendation G.723.1  (03/96) 9



The residual signalr{n]}, = .59 is transferred as a new targetctor tothe MP-MLQ block. Thisblock performs the
quantization of this vector. The quantization process is approximating the target ugdtgr'[n]:

rin = Y h[jlMn-j], 0<n<59 (21)
i=0

wherev[n] is the excitation to the combined filt&fz) with impulse respondan] and defined as:

M-1
vin] =G ) akdin-mJ, 0<n<59 (22)

whereG is the gain facto[n] is a Dirac function, i} k= 0. m - 1 and {Mg k= 0.m - 1 are the signsHl) and the positions
of Dirac functions respectivelgnd M is thenumber of pulses, which isfér even subframeand is 5for odd subframes.
There is a restriction on pulses positions. The positions can be either all odéva@mallhis will be indicated by a grid
bit. So, theproblem is to estimatthe unknownparametersG, {0}k = o.m - ©» and MGk = o.m - 1, thatminimize the
mean square of the error sigeat[n]:

M-1

errfn] = r[n] = r'[n] =r[n] - G Z ok h[n — my] (23)

The parameters estimatiand quantizatioprocesses are based on an analysis-by-synthesis metha@y,Jygarameter
is estimated and quantizedfafiows. First the crosscorrelation functidfj] between the impulse responkf], and the
new target vector[n], is computed:

59
dij] = Z rin] Ch[n—-j], 0<j <59 (24)
n=j

The estimated gain is given by:

Cdl[ P =
G = maxég [i]13j=0.59 (25)

3 il o

Then the estimated gafBnaxis quantized by a logarithmic quantizer. This scalar gain quantizemson taboth rates
and consists of 24 steps, of 3.2 dB each. Around this quantized @alye additional gain values are selecteithin the
range Gmax 3.2, Gpax + 6.4]. For each of these gaualuesthe signs and locations of the pulsee sequentially
optimized. This procedure is repeated for btitt odd andeven grids. Finally the combination of the quantized
parameterghat yields theminimum mearsquare oferr[n] is selected. The optimal combination of pulse locations and
gain is transmittec(ﬁ,lo) combinatorial coding is used to transmit the pulse locations. Furthermore, usfagtthat the
number of codewords in the fixembdebooks is not a power of 2, 3 additional bitssaeed by combininghe 4 most
significant bits of the combinatorial codfes the 4subframes to form &3-bit index. The C codprovidesthe details on
how this information is packed.

To improve the quality of speech with a short pitch period, the following additional procedure is igdd.léfss than 58
for subframes 0 and 1 orlif, is less than 5&r subframes 2nd 3, a train of Dirac functions with the period of the pitch
index, Lo or Ly, is usedfor each locationmg instead of a single Dirac function in th&bove quantization
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procedure. The choice between a train of Dirac functions or a single Dirac function to represent the residual signal is
made based othe mean square error computation. The configuratidgrich yields the lowestmean square error is
selected and its parameter indices are transmitted.

2.16  Low rate excitation (ACELP)

File : EXC_LBC.C Procedure : search_TO() Pitch synchronous excitation

File : EXC_LBC.C Procedure : ACELP_LBC_code() Computes innovative vector

File : EXC_LBC.C Procedure : Cor_h() Correlations of impulse response

File : EXC_LBC.C Procedure : Cor_h_X() Correlation of target vector with impulse response
File : EXC_LBC.C Procedure : D4i64_LBC() Algebraic codebook search

File : EXC_LBC.C Procedure : G_code() Computes innovation vector gain

A 17-bit algebraic codebook issedfor the fixedcodebook excitation]n]. Each fixed codevector contains, at most, four
non-zero pulses. The 4 pulses can assume the signs and positions given in Table 1:

TABLE 1/G.723.1

ACELP excitation codebook

Sign Positions
+1 0, 8, 16, 24, 32, 40, 48, 56

+1 2,10, 18, 26, 34, 42, 50, 58

+1 4,12, 20, 28, 36, 44, 52, (60)
+1 6, 14, 22, 30, 38, 46, 54, (62)

The positions of all pulses can be simultaneously shifted by one (to occupy odd positions) which needs onéNex¢ra bit.
that the last position of each of the last two pulses falls outsideutifeame boundaryyhich signifies that the pulse is
not present.

Each pulse position is encoded with 3 bits and each pulse sign is encoded in 1 lgjivekhatotal of 16 bits for the
4 pulses. Further, an extra bit is used to encode the shift resulting in a 17-bit codebook.

The codebook is searched by minimizitige mean square error betwed#me weighted speech signa[n], and the
weighted synthesis speech given by:

Er = It - GHvg @ (26)

wherer is the targewector consisting ofhe weighted speedifter subtractindhe zero-input response of the weighted
synthesis filter and the pitch contributio®,is the codebook gainys is the algebraic codeword at indgxandH is a
lower triangular Toeplitz convolution matrix with diagom#D) and lower diagonalg(1),...,h(L — 1), with h(n) being the
impulse response of the weighted synthesis fiia).
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It can be shown that the optimum codeword is the one which maximizes the term:

Ce?  (dTvg)?

g = 33 B veT®vg

(27)

whered = HT r is the correlation between the targettor signalr[n], and thémpulse responséyn), and® = HT H is
the covariance matrix othe impulse response. Thiectord and thematrix @ are computed prior to tteodebook search.
The elements of the vectdrare computed by:

59
dij) = Y rinjthin-jl, 0<j < 59 (28)

n=j

and the elements of the symmetric ma®iXi, j) are computed by:

59 2|

o o
@@, j) = n;_h[n i] Chin =], 0<i< 59 (29)

NOTE — Onlythe elements actually needed are compatetl anefficient storagehasbeen designed that speeds the search
procedure up.

The algebraic structure of tikedebook allows fovery fast search procedures sirthe excitatiorvectorvg containsonly
4 non-zero pulses. The search is performedmested loops, corresponding to each pulse positions, where itoepch
the contribution of a new pulse is added. The correlation in equation (27) is given by:

C = agdmg] + azd[my] + axd[mp] + asdmg] (30)

wheremy is the position of thé&th pulse andyy is its sign £1). The energy for even pulse position codevectors in
equation (27) is given by:

e = ®(mg,mo)

®(mg,my) + 20000119 (Mo, My)

®(mp,mp) + 2[0g02®(Mp, Mp) + 01012P(My, Mp)]

®(mg,mg) + 2[0gazP(mp,mg) + a103P(My,Mg) + a03P(Mp, M3)]

(31)

+ o+ o+

For odd pulse positionodevectorsthe energy inequation (27) isapproximated byhe energy ofthe equivaleneven
pulse position codevector obtained by shifting the odd position pulses to one sample earlier in time. Tatsngeléych
procedure, the functiond[j] and ®(my, my) are modified. The simplification is performed as follows (prior to the
codebook search). First, the siggg] is defined and then the sigrdifj] is constructed.

S2j] = 92 + 1] = sign(d[2j]) if Od[2j]10 > Od[2j + 1]d

92j] = 92 + 1] = signd[2j + 1])  otherwise (32)

and the signadl’ is given byd'[j] = d[j]dj]. Second, the matri$ is modified by including the signal information; that is,
@'(i, j) = di]9j]1P(, J)-The correlation in equation (30) is now given by:

C=d[mo] +d[mg] + d[mg] + d[mg] (33)
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and the energy in equation (31) is given by:

e = ®(mp,mp)
+  @'(mg,my) + 20'(mg,my)
+  P(mpmyp) + 2[P'(Mo,mp) + P'(my,my)]
+ @'(mg,mg) + 2[®'(Mg,mg) + P'(Mg,mg) + D'(Mp,mg)]

(34)

A focused search approach is used to furireplify the search procedure. In tldpproach a precomputed threshold is
testedbeforeentering the last loo@nd theloop is entered only ithis threshold is exceeded. Theaximum number of
times theloop can be entered is fixed #wat a low percentage of tlwedebook is searched. Thaeshold is computed
based on the correlatidh Themaximumabsolute correlation and tla@erage correlatiodue to the contribution of the
first three pulsesnaxg andavs, are found prior to the codebook search. The threshold is given by:

thr3 = av3 + (maxg — awg) /2 (35)

The fourth loop is entered only tiie absolute correlation (due to three pulses) excieglsNote that this results in a
variable complexity search. To further control the search, the number of times the last loop is entbedgtdiframes)
is not allowed to exceeBl00. (The average worst case per subframgsi8times. This can be viewed as searchomndy
150x 8 entries of the codebook, ignoring the overhead of the first three loops.)

A special feature of the codebook is that, for pitch delays less than 60, a pitch contribution depending onRiG&riddex
of the LTP pitch predictor gain vector is added to the code. That is, after the optimum algebraja]dsdietermined, it

is modified byv[n] — v[n] + b(PGInd)v[n - L; — &(PGInd)], the valuesB(PGInd) ande(PGInd) are tabulate@nd L;
being the integer pitch period. Note that prior to toelebook searchihe impulse response should be modified in a
similar fashion ifL; < 60.

The last step, after gettirtbe v[n] sequence, is quantizing the g&n The gain is quantized in tieame way as in the

high rate excitation. This is done by stepping through the gain quantizatioratabelecting the indeMGInd which
minimizes the following expressionlG - Gj0J, 0<j < 23.

2.17 Excitation decoder

File : EXC_LBC.C Procedure : Fcbk_Unpk() Decode fixed codebook excitation

The decoding of pulses is performed as follows:

1) First the maximum gaiGmaxindex is derived using:

MGInd = GInd - PGInd OGSize (36)

whereGSize= 24 is the size of thé table and®GInd is obtained in 2.18.

2) The positions of the pulses are decoded L@ﬁ)gcombinatorial decoding wheM is either 6 or 5for the
high rate. For the low rate, direct decoding of the position indices is performed.

3) The grid position (even/odd) is derived from the grid bit.

4) The pulse signs are derived from the sign bits.

5) For the high rate coder, the decoding of the pulse train bit is performed bny58.
6) Then the/[n] vector is reconstructed using the decoded parameters.

7) Finally, the pitch contributiory[n], and the pulse contributiong}n], are summed together form the
excitation vectog[n].
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2.18 Decoding of the pitch information

File : EXC_LBC.C Procedure : Get_Rez() Gets residual from the excitation buffer

File : EXC_LBC.C Procedure : Decod_Acbk() Decodes the adaptive codebook contribution

The decoding of pitch information is performed as described below:

1) First, the lag of pitch predictor for even subframes is decoded:

Li = PInd + 18,i = 0,2

2) The lag of pitch predictor for odd subframes is decoded as follows:

Li=Li-1+4,i=13

whered; O {-1,0,+1,+2}.

(37)

(38)

3) The gain vector of the pitch predictoriih subframe is derived from the gain ind8ind. For the low rate
this index contains the information about the pitch predictor gedétorand the index of the gain of the

pulse sequence. In this case pitch gain irRiéind is derived as follows:

PGInd = OGInd / GSizeld, i = 0..3

(39)

wherek[indicates the greatest integex. For the high rate, in theasethat the conditiorh; = 58 is met,
this index is derived in the same manner as described in (39). dbakie caseBGInd is a pointer to 170
entries gain vector codebook. Otherwitdgs index is a pointer to 85 entries gaector codebook and
contains an additional information about the impulse train bithiBicase pitch gain index is derived as

follows:

PGInd = 0OGIng; &0x7FF / GSizedl, i = 0..3

(40)

The pitch predictor lagand gainvector are decodeffom these indices and utilizetbr the pitch

contributionu[n] extraction as described below. First, a sigal is defined by:

€[0] = e-Li - 2]
€ [1] = ef-L - 1]
€ [n] = €(nmodL;) - Lj], 2< n < 63

where mod stands for the modulus operation. Then,

i=4
un] = > Bj€[n +jl, 0<n<59
j=o

2.19 Memory update

(41.1)

(41.2)

File : LPC.C Procedure : Upd_Ring () Memory update
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The last task of thith subframe before proceeding to enctite nextsubframe is to updatbe memories othe synthesis
filter Aj(2), theformant perceptual weighting filtéké(z), and theharmonic noise shaping filt€(2). To accomplishhis,
the complete response of combined fil®{z), is computed by passing the reconstructed excitation sequence ttirsugh
filter. At the end of the excitation filtering, theemory ofthe combined filter isavedand will be used teompute the
zero input response during the encoding of the next speech vector.

2.20 Bit allocation

File : UTIL_LBC.C

Procedure : Line_Pack()

Bitstream packing

This subclause presents the bit allocation tatdebothhigh and low bit ratesThe major differences between two rates
are in the pulse positions and amplitudes coding. Also, at the lower rate 170 codebook entries are alfeayth eiszin
vector of the long term predictor. See Tables 2, 3 and 4.

TABLE 2/G.723.1

Bit allocation of the 6.3 kbit/s coding algorithm

Parameters coded Subframe Subframe| 1 Subframe 2Subframe 3 Total
LPC indices 24
Adaptive codebook lags 7 2 7 2 18
All the gains combined 12 12 12 12 48
Pulse positions 20 18 20 18 73 (Note)
Pulse signs 6 5 6 5 22
Grid index 1 1 1 1 4
Total: 189

NOTE - By usirg the fact that the number of codewords infiked codebook isiot apower of 2, 3 additional bits are saveg b
combining the 4 MSB of each pulse position index into a single 13-bit word.

TABLE 3/G.723.1

Bit allocation of the 5.3 kbit/s coding algorithm

Parameters coded Subframe Subframe 1 Subframe 2Subframe 3 Total
LPC indices 24
Adaptive codebook lags 7 2 7 2 18
All the gains combined 12 12 12 12 48
Pulse positions 12 12 12 12 48
Pulse signs 4 4 4 4 16
Grid index 1 1 1 1 4
Total: 158
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TABLE 4/G.723.1

List of transmitted parameters

Name Transmitted parameters H;?Eiigte L%V\kl)iréte
LPC LSP VQ index 24 24
ACLO Adaptive CodeBook Lag 7 7
ACL1 Differential Adaptive CodeBook Lag 2 2
ACL2 Adaptive CodeBook Lag 7 7
ACL3 Differential Adaptive CodeBook Lag 2 2
GAINO Combination of adaptive and fixed gains 12 12
GAIN1 Combination of adaptive and fixed gains 12 12
GAIN2 Combination of adaptive and fixed gains 12 12
GAIN3 Combination of adaptive and fixed gains 12 12
POSO Pulse positions index 20 (Note 12
POS1 Pulse positions index 18 (Note 12
POS2 Pulse positions index 20 (Note 12
POS3 Pulse positions index 18 (Note 12
PSIGO Pulse sign index 6 4
PSIG1 Pulse sign index 5 4
PSIG2 Pulse sign index 6 4
PSIG3 Pulse sign index 5 4
GRIDO Grid index 1 1
GRID1 Grid index 1 1
GRID2 Grid index 1 1
GRID3 Grid index 1 1
NOTE - The 4 MSB of these codewords are combined to form a 13-bit index, MSBPOS.

2.21  Coder initialization

File : CODER.C Procedure : Init_Coder() Coder initialization

All the static codewrariablesshould be initialized to 0, with the exception of firevious LSP vectoryhich should be
initialized to LSP DC vectoppc.
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3 Decoder principles

3.1 General description

The decoder operation is also performed drame-by-framebasis. First the quantized LPC indices are decoded, then the
decoder constructs the LPC synthesis filter. Beery subframepoth the adaptive codebook excitatioand fixed
codebook excitation are decodadd input to the synthesis filtefhe adaptive postfilter consists of a formamid a
forward-backward pitch postfilter. The excitation signainiput to the pitch postfilter, which iturn is input to the
synthesis filter whose output is input to foemant postfilter. A gain scalingnit maintains theenergy athe inputlevel

of the formant postfilter.

LSP LsSP A@2)
— »  Decoder > Interpolator
2.6 2.7
A 4 4
Pitch Pitch f Synthesis sy[n] Formant
——»  Decoder ulnj, elnj Postfilter ppiin] » Filter 9—» Postfilter
2.18 36 3.7 38
i pfin]
Excitation vin Gain Scaling n,
—»  Decoder (i Unit alni
217 39

T1517850-95/d02
FIGURE 2/G.723.1

Block diagram of the speech decoder — For each block the corresponding
reference number is indicated

3.2 LSP decoder

File : LSP.C Procedure : Lsp_Inq() Inverse guantization of LSP

This block is the same as in 2.6.

3.3 LSP interpolator

File : LSP.C Procedure : Lsp_Int() LSP interpolator

File : LSP.C Procedure : LsptoA() Converts LSP to LPC coefficients

This block is the same as in 2.7.
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3.4 Decoding of the pitch information

File : EXC_LBC.C Procedure : Get_Rez() Gets residual from the excitation buffer

File : EXC_LBC.C Procedure : Decod_Acbk() Decodes the adaptive codebook contribution

This block is the same as in 2.18.

3.5 Excitation decoder

File : EXC_LBC.C Procedure : Fcbk_Unpk() Decode fixed codebook excitation

This block is the same as in 2.17.

3.6 Pitch postfilter

File : EXC_LBC.C Procedure : Comp_Lpf() Computes pitch postfilter parameters
File : EXC_LBC.C Procedure : Find_F() Forward crosscorrelation maximization
File : EXC_LBC.C Procedure : Find_B() Backward crosscorrelation maximization
File : EXC_LBC.C Procedure : Get_Ind() Gain computation

File : EXC_LBC.C Procedure : Filt_Lpf() Pitch postfiltering

A pitch postfilter is used tamprovethe quality of the synthesized signal. It is important to note that the pitch postfilter
is performed for every subframemnd toimplementit, it is required that the wholeameexcitation signal €[n]} , = o..239

is generated anshved. The qualitimprovement iobtained by increasing the SNR at multiples of the pitch period. This
is done in the followingvay. The postfiltered signalppf[n]} , = o.59 is obtainedfrom the decoded excitation signal
{eln} n=0.59as given by the following expression:

gp O{e[n] + gip W Ogr Oefn + M¢] + wy Ogp Oe[n = Mp])}
9p Uppf'[n]

f
ppfln] 42)

wheregfn] is the decoded excitation signal. The computation of the gging;, g, and thedelays My, My, is based on a
forward and backward crosscorrelation analysis. The weightg, may have the following values: (0,@9,1), and (1,0).
The delays are selected by maximizing the crosscorrelations. The crosscorrelation for the forward pitch lag is given by:

59
Ci = ) efnlefn + M¢], M1 < Mg < My (43.1)
n=0
and the crosscorrelation for the backward pitch lag is given by:
59
< Mp £ My (43.2)

Cp = ) elnleln — Mp], My
n=0

18 Recommendation G.723.1  (03/96)



whereMy = L; = 3 andM, = L; + 3 and {}; = 9.2 are thereceived pitch lag$or the firstand thirdsubframesLg is

utilized for the first twosubframesandL, for the last two. Note that if one of timeaximumcorrelations is negative or if

for somen [0...59] there is n@ample valueln + My] available,then the corresponding weight adelay are set to 0.

This makes four possible cas€8) bothmaximaare negativeand no pitchpostfilter weights need to be computed, (1)

only the forward maximum is positive, so it is selected, (2) only the backward maximum is positive, so it is selected, or (3)
both maximaare positiveand the onenakingthe larger contribution is selected. This procedure is described below. For
caseq1), (2) and (3), theelevant signal energie$d, D; and/orDy) for the optimumpitch lag (M or My) are computed
according to equations (44.1), (44.2) and (44.3):

59
Dr = > e[n + Mgl eln + M] (44.1)
n=0
59
Dp = Ze[n — Mp] gn = My] (44.2)
n=0
59
Ten = ) en] eln] (44.3)
n=0
The forward energy is given by:
59
Er = > (eIn] — or e[n + M¢])2 (45.1)
n=0
and the backward energy is given by:
59
Ep = > (eln] - gp e[n - My))2 (45.2)
n=0

2
E is minimized by maximizing% . In casg(3), the selection betwednrward and backward is made by selecting the

c% c% - - C? . L
larger of Dy and Dp The prediction gain is equal 10 log o Br - DTenH' If this gain is less thah.25 dB, then the

contribution is judged to be negligible and no pitch postfilter is used. If a pitch postfilter ishesetheoptimumgain is
given by:

(46)

Q@
]
olo
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According to the speech coder bit rate, the optimum gain is multiplied by a weighting fggtarhich equals 0.1875 for
the high rate and 0.25 for the low rate. Finally, the scaling ggifis computed as:

59

> € [n]
n=0

59

Zo(ppf’ [n])?

Op = (47)

If the denominator in equation (47) is less than the numerator, the gain is set to 1.

3.7 LPC synthesis filter

File : LPC.C Procedure : Synt() Synthesizes reconstructed speech

The10thorder LPC synthesis filtek(2) is used to synthesize the speech sigyfal from the decoded pitch postfiltered
residualppfln].

10
syinl = ppf[n] + > & syn - j] (48)
i=1
3.8 Formant postfilter
File : LPC.C Procedure : Spf() Formant postfiltering
File : UTIL_LBC.C Procedure : Comp_En() Computes synthesized signal energy

A conventional ARMA postfilter is used. The transfer function of the steom postfilter is given byhe following
equations:

59
Z syn]syin — 1]
n=1

k=g (49.1)

S svnlsyin]

n=0

3 1
ki = 5 kiold + 7K (49.2)

F@ = = (1 - 0.25z7Y) (49.3)
1- D &Npz7
i1
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whereA; = 0.65 and\, = 0.75,kis the first autocorrelation coefficient that is estimdterh the synthesized speestin],
andkjqiq is thevalue ofk; from the previous subframe. The postfiltered sigpdln] is obtained as the output of the
formant postfilter with input signah{n].

3.9 Gain scaling unit

File : UTIL_LBC.C Procedure : Scale() Gain adjustment of postfiltered signal

This unit receives twanput vectors,the synthesized speeelector {s\{n]}, = o..59 and thepostfiltered outputvector
{pf[n]} » = 0..59 First the amplitude ratigs is computed, using:

Os = (50)

If the denominator is equal to @ is set to 1.

Then the outpuvectorq[n] is obtained by scaling the postfiltered sigp#n] and the gairg[n] is updated using the
following expressions respectively:

glnl = (1 - a)gln - 1] + ags (51)
q[n] = pf[n] Og[n] O + a) (52)
wherea is equal to 1/16.
3.10  Frame interpolation handling
File : EXC_LBC.C Procedure : Comp_Info() Computes interpolation index
File : EXC_LBC.C Procedure : Regen() Current frame regeneration

This coder has been designed to be rofmrshdicatedframeerasures. An error concealment strategyfromeerasures

has been included in the decodéowever this strategy must be triggered by an external indicatian the bitstream for

the current frame has been erased. Because the coder was designed for burst errors, there is no error correction mechanism
provided for randonbit errors. If aframe erasure has occurred, the decoder switdims regular decoding tdrame

erasure concealment mode. The frame interpolation procedure is performed independently for the LSP caeffitients

residual signal.

3.10.1 LSP interpolation
The decoding of the LSP coefficients in frame interpolation mode is performed in the following way:

1) The vectog, is set to zero.

2) The predicted vectop,, is added to theector,§&,, and DCvector,ppc, to formthe decoded LSRector,
Pn. Forpp generation a different fixed predictor is useg=23/32.

From this point the decoding of the LSP continues as in 2.6, exceptfhat 62.5 Hz, rather than 31.25 Hz.
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3.10.2 Residual interpolation

The residual interpolation igerformed in two different wayslepending on the lagtrevious good framerior to the
erased frame. The frame is checked with a voiced/unvoiced classifier.

The classifier is based on a cross-correlation maximization function. The last 120 samples of the frame are cross-correlated
with L, £ 3. The index which reaches theaximumcorrelation value, is chosen as the interpolation index candidate.
Then the prediction gain of the bestctor istested. If this gain isnorethan 0.58 dB thdrame is @clared as voiced,
otherwise the frame is declared as unvoiced.

The classifier returns for the unvoicectaseand theestimated pitch valufer the voiced case. Ithe framewas declared
unvoiced, the average of the gain indices for subframes 2 and 3 is saved.

If the current frame was marked as erasaed, theprevious framevas classified as unvoiced, the currgatneexcitation
is generated using a uniform random number generator. The random number generator output is scaled using the
previously computed gain value.

In the voiced case, the current frame is regenerated with periodic excitation having a period equalue tirevided by
the classifier.

If the frameerasure state continués the next twdrames,the regeneratedector isattenuated by an addition2l5 dB
for each frame. After 3 interpolated frames, the output is muted completely.

3.11 Decoder initialization

File : DECOD.C Procedure : Init_Decod() Decoder initialization

All the static decoder variables should be initialized to 0, with the exception of:
1) Previous LSP vector, which should be initialized to LSP DC veggpy.,

2) Postfilter gairg[-1], which should be initialized to 1.

4 Bitstream packing

NOTE - Eaclbit of transmitted parameters is nanie8iR(x)_By: where PAR ighe name of the paramet@ndx indicates
the subframe index if relevant apdstandgor the bit position startinffom 0 (LSB) tothe MSB. The expression PARBY..PARx_Bz
standsfor the range of transmitted biftom bity to bitz. Theunused bit is named U@alue= 0). RATEFLAG_BO tellswhether the
high rate(0) or thelow rate (1) is usedor the current frameVADFLAG_BO tells whether the current frame &tive speech(0) or
non-speeclfl). The combination oRATEFLAG andVADFLAG both being set to 1 ieserved for futureise. Octets are transmitted
in the order in which they are listed in Tables 5 and 6. Within each octet, the bits are with the MSB on the left andihitbé 88ho.

5 ANSI C code

ANSI C code simulatinghe dual rate encoder/decoder in 16fbi¢d point arithmetic is availableom ITU-T. Table 7
lists all the files included in this code.

6 Glossary

This is a glossary containing the mathematical symbols used in trenterbrief description of what they represent. See
Table 8.
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High rate

TABLE 5/G.723.1

Octet bit packing for the high bit rate codec

Transmitted octets

PARBY, ...

1 LPC_B5...LPC_BO, VADFLAG_B0, RATEFLAG_BO
2 LPC_B13..LPC_B6
3 LPC_B21..LPC_B14
4 ACLO_B5...ACLO_BO, LPC_B23, LPC_B22
5 ACL2_B4..ACL2_B0, ACL1_B1, ACL1_BO, ACLO_B6
6 GAINO_B3...GAINO_BO, ACL3_B1, ACL3_B0, ACL2_B6, ACL2_B5
7 GAINO_B11...GAINO_B4
8 GAIN1_B7...GAIN1_BO
9 GAIN2_B3...GAIN2_BO, GAIN1_B11..GAIN1_BS
10 GAIN2_B11..GAIN2_B4
11 GAIN3_B7...GAIN3_BO
12 GRID3_BO0, GRID2_B0, GRID1_B0, GRIDO_B0, GAIN3_B11...GAIN3_B8
13 MSBPOS_B6...MSBPOS_BO0, UB
14 POS0_B1. POSO_B0, MSBPOS_B12...MSBPOS_B7
15 POSO0_B9...POS0_B2
16 POS1_B2, POS1_B0, POSO_B15...POS0_B10
17 POS1_B10...POS1_B3
18 POS2_B3..POS2_B0, POS1_B13..POS1_B11
19 POS2_B11..POS2_B4
20 POS3_B3...POS3_B0, POS2_B15..POS2_B12
21 POS3_B11..POS3_B4
22 PSIGO_B5...PSIGO_BO, POS3_B13, POS3_B12
23 PSIG2_B2...PSIG2_BO, PSIG1_B4...PSIG1_BO
24 PSIG3_B4...PSIG3_BO, PSIG2_B5...PSIG2_B3
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TABLE 6/G.723.1

Octet bit packing for the low bit rate codec

Low rate
Transmitted octets PARBY, ...

1 LPC_B5...LPC_BO, VADFLAG_BO, RATEFLAG_BO
2 LPC_B13..LPC_B6
3 LPC_B21..LPC_B14
4 ACLO_B5...ACLO_BO, LPC_B23, LPC_B22
5 ACL2_B4..ACL2_B0, ACL1_B1, ACL1_BO, ACLO_B6
6 GAINO_B3...GAINO_BO, ACL3_B1, ACL3_B0, ACL2_B6, ACL2_B5
7 GAINO_B11...GAINO_B4
8 GAIN1_B7..GAIN1_BO
9 GAIN2_B3...GAIN2_BO, GAIN1_B11...GAIN1_B8

10 GAIN2_B11...GAIN2_B4

11 GAIN3_B7...GAIN3_BO

12 GRID3_BO0, GRID2_B0, GRID1_B0, GRIDO_BO, GAIN3_B11...GAIN3_B8

13 POS0_B7...POS0_BO

14 POS1_B3..POS1 B0, POSO_B11..POSO_B8

15 POS1_B11...POS1_B4

16 POS2_B7..POS2_B0

17 POS3_B3...POS3_B0, POS2_B11...POS2_B8

18 POS3_B11..POS3 B4

19 PSIG1_B3...PSIG1_BO, PSIGO_B3...PSIGO_BO

20 PSIG3_B3...PSIG3_B0, PSIG2_B3...PSIG2_B0
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TABLE 7/G.723.1

List of software filenames

File name Description
TYPEDEF.H Data type definition is machine dependent
CST_LBC.H Definition of constants for G.723
LBCCODEC.C Main program for G.723 speech codecs
LBCCODEC.H Functions prototypes
CODER.C G.723 speech encoder for the two-bit rates
CODER.H Functions prototypes
DECOD.C G.723 speech decoder for the two-bit rates
DECOD.H Functions prototypes
LPC.C Linear predictive analysis
LPC.H Functions prototypes
LSP.C Line spectral pair related functions, quantizer
LSP.H Functions prototypes
EXC_LBC.C Adaptive and fixed (MP-MLQ, ACELP) excitation
EXC_LBC.H Functions prototypes
UTIL_LBC.C Miscellaneous functions (HPF, pack, unpack, I/0...)
UTIL_LBC.H Functions prototypes
TAB_LBC.C Tables of constants
TAB_LBC.H External declaration for constant tables
BASOP.C Fixed point arithmetic and logical operation
BASOP.H Functions prototypes
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TABLE 8/G.723.1

Glossary of symbols in the text

Symbol Description
ylil Input speech samples
9] Input speech frame of 240 samples
x[j] High pass filtered speech frame
R(j] Autocorrelation function, = 0,1,...,10
=N LPC coefficient vector of subframe
EN Quantized LPC coefficient vector of subframe
p' Unguantized LSP vector
p DC-removed LSP vector
Poc Long-term DC vector of LSP values
Pn Decoded LSP vector for frame n
Pn DC-removed predicted LSP vector
e, Residual LSP error vector for frame n
e, Quantized value o,
W, Diagonal weighting matrix for LSP quantization
Vi, Yo Weights for perceptual weighting filter, 0.9, 0.5
W Formant perceptual weighting filter for subframe
f[n] Formant perceptually weighted speech
Lo Open loop pitch period estimate
CoL (j) Open loop pitch estimate crosscorrelation criterion function
Cpw () Harmonic noise shaping pitch estimate crosscorrelation criterion function
B Harmonic noise shaping filter gain
L Optimal lag for harmonic noise shaping filter
Gopt Optimal gain for harmonic noise shaping filter
E Energy of weighted speech signal
P Harmonic noise shaping filter for subframne
S Combined harmonic and formant weighting and synthesis filters for subframe
h[n] Impulse response of combined filter
Z[n] Zero input response of combined filter
win] Harmonic noise weighted speech
t[n] Target vector
p[n] Pitch predictor contribution vector
r[n] Residual signal vector
r'(n] Filtered excitation vector
v[n] Fixed codebook excitation vector
M Number of pulses

26

Recommendation G.723.1  (03/96)




TABLE 8/G.723.1éng

Glossary of symbols in the text

Ok Sign of pulse k
my Position of pulse k
d[n] Crosscorrelation function dffn] andr[n]
Grax Estimated gain of pulses for high rate
L Pitch lag for subframi
H Lower triangular Toeplitz convolution matrix with diagonhls]
[} Covariance matrix formed bytT H
madg Maximum correlation of 1st 3 pulses for low rate
avs Average correlation of 1st 3 pulses for low rate
thrg Threshold for correlation of 1st 3 pulses for low rate
MGind Maximum gain index of subfrarie
GInd Gain index of subframi
Pind Pitch index of subframie
PGInd Pitch lag index of subframe
GSize Size of excitation gain codebook, 24
G Quantized gain
Bij Pitch predictor gain vector
u[n] Adaptive codebook excitation vector
e[n] Decoded combined excitation vector
ppfln] Pitch postfiltered excitation signal
M, My Optimal forward and backward pitch postfilter lags
ppf'[n] Unnormalized pitch postfiltered excitation signal
Yitp Gain weighting factor, 0.1875 or 0.25
gp Pitch postfilter scaling gain
9p» 9o Optimal forward and backward gains for pitch postfilter
G, G Forward and backward excitation crosscorrelations
Dy, Dy Forward and backward excitation energies
E;, By Forward and backward energies for pitch postfilter
Ten Energy of excitation signal
sy{n] LPC synthesized speech signal
pf[n] Formant postfiltered signal
qin] Output speech signal
o[n] Formant postfilter gain signal
k1 Interpolated reflection coefficient for tilt compensation filter
A Ao Weights for formant postfilter, 0.65, 0.75
Os Amplitude ratio of sy and pf vectors
a 0.0625 in gain scaling unit

e

Fixed predictor for LSP interpolation during frame erasure concealment, 23/32
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