WO 01! 24166 PGI/ SG9/ 00096 G 723.1 AUDI O ENCODER The present invention
relates to | ow conplexity encoders, and nore particularly, tolow 5

conpl exity encoders for inplenenting recomrendation G 723.1 of the

| nt er nat i orved or/zBedseconmruni cation Union (1 TU T). Lower coapsenidoms

conpr essor sl deeoi npressors (coders) may be preferred for sone
conputationally intensive applications. If the conplexity of the codec is
the bottleneck in a .10 system conplexity reduction is desirable and can
result in a significant red ' [ sy f_jnstructions per second
(MPS) required to be execut'tzi&ri Aﬁéﬂ]ﬂéﬁtm TU T recommendati on

G 723.1, incorporated herein by reference, relates to dual rate speech
coding for multinmedia communications transmtting at 5.3 and 6.3 Kbps. The
| S recomendati on prescribes certain nethods of inplenentation for each of
these transm ssion rates. The 6.3 Kbps codec has better quality and uses
Mul ti Phase Maxi mum Li kel i hood Quantization (MP M.Q for fixed codebook
excitation. The 5.3 Kbps codec uses Al gebraic Code-Excited Linear
Prediction (/Aiclgttsent/intentioh tedifdl to 16 ehidplekityt hGodeRd &t Mbre ParRNBAY B Jowt hESE

two encodi ng met i}ods bearsoglér[ost hal f of the conputational | oad of the
entire G 723 CPmPIFXUY, speess oiop (Implementing rRComBerdaion.6 7234 of, thehinternationalonal

nodul e are W@ﬂgﬁyﬁogmﬁy@@@ﬂ conput ati onal | oad, the G 723.1 speech
coder will have an increased efficlency. The present invention provides a

met hod of reducing the conputational |oad of a dual rate encoding system
t he encodi nng}%&%gda Ll abor n&ha a{n??;a =+ . L Ssion
rate 25 using a Ml tj-Pul sggﬁax#%umr#ﬁég@hggagf&@a tibtz:aél on&%@?&%ﬁ%
process or -atomEPuatioply intensiveapplicatigns, Hithe cooplexity of the epdes iathe botidaeckinat ed

Li ner Predio:tsjmgggn’(;,&gﬁgﬁ e WORE SlaRan Lol 3 I'MP'E%&R{ £ QLR Y
searches subfranmes o eg(ygIB{ atlgidessl gnaﬁ%corﬁa 0 a %%ﬁ%na hunber of
gai n scal e f &Eingtrustions pen second@IPS)orquited dubsxearadibythesiender. f or  encodi ng t he
speech signals and the ACELP process normally inposes a first correlation

threshold test for entry into 30 an enbedded signal processing |oop, the
met hod i ncl ud@be i U-Eaecomapndation 6:728 He invBrpbiatdd hereincyTeferena| relarsy 16 texl pasrber  of

gain scal e faabol ol iViGfiinltd Ymmunications transmitting at 5.3 and 6.3 Kbps. The
15 recommendation prescribes certain methods of implementation for each of these transmission.
rates. The 6.3 Kbps codec has better quality and uses Mult-Phase Maximum Likelthood
Quantization (MP-MLQ) for fixed codebook excitation. The 5.3 Kbps codec uses Algebraif:
Code-Excited Linear Prediction (ACELP). A functional module of the codec which execures
these rwo encoding methods bears almost half of the computational load of the entire G.723.1
20 speech coder, If the methods executed by the functional module are made to have a decreased
compurational load, the G.723.1 speech coder will have an increased efficiency.

The prescat invention provides a method of reducing the computational load of 2 dual rate
_ encoding system, the encoding system being configured to trafismit at & first transmission rate
25 using 2 Multi-Pulse Maximum Likelihood Quantization (MP-MLQ) process or at a second
transruission rate using an Algebraic Code-Excited Linear Prediction (ACELP) process, wherein
the MP-MLQ process normally searches subframes of excitation signals according to 2 nominal
number of gain scale factors in the execution of quantization steps for encoding the speech
siguals and the ACELP process narmally imposes a first comrelation threshold test for entry into
30 an embedded signal processing loop, the method including the step of:
for the MP-MLQ process, reducing the number of gain scale factors employed in the



WO 01/ 24166 PCT/ SG9/00096 -2 quantization steps, thereby reducing the
nunber of searches, which 'in turn reduces the conputational |oad; or for

t he ACELP woong4isé i nposing a second correl ation thresh®Ca/sGes0éor entry
into a previous signal processing |oop in which the enbedded signal
processing |l oop is enbedded, 5 thereby reducing the nunber of tines the
previ ous signal processing | oop and the enbedded signal processing |oop
are entered, which in turn reduces thgyconputational |oad. The present

i nvention further provides a dual rate speech coding system having a
reduced conputational |oad, the encoding system having Milti-Pul se Maxi num

Li kel i hood  4QnGAR5H istepd, i1Bdetly Rdddife) the mRAB&SIF GarbiRe, "HhitR in tnirdedHcéd ihBY at a
first transm'ssion rate and Al gebraic Code-Excited Linear Prediction
( ACELP) pr oceesputationabload; or transnitting at a second transmi ssion rate,

wh in the MP- [ : { :
erein. the \P- 43 6 0098 8! Mool RinlipE BRbh coB R GNERBIPLE TS

: : : ryttoa
excitation signals acco r of gain scale tactors in

quant i zat i onprefiotssignakpreesstingsloomial whichehelernbeddsdcienl pecsssingdeapds ambadded,

normal |y use | .St ' . i ry
"t 0 an’ emBeRa o B b bAnlshEBAN 4558 prociink lior i MlABeRRL | Y
means has a sigmilmpocessiogrioep are entersd,whichdih omi weduces he famputagiduallaad.  t he nunber
of searches and thereby reducing the conputational |oad; the ACELP
processi ng nmeans uses a second correlation threshold test for al |ow ng
entry into Thepresenvinventivy fixthepprovidesss dual rapogpeéch coding Systemebayingeduduted i gnal

Phe” pr evi ousSbphBpnal tofh BT ERE80, Sy Ring Bl Blsd MudiiBR"Ladlinabt =3
are ent er 4@, Quéntiedtion MPMBQ) puivessisg tisensdorprastaittingrat k firss densmigsibnaate agéous| vy,
Feduct ng 1 e IFEHTAR Cogr Eple Laa Erediem ARELE i BBig el B BT ot 2
metrics. Thiscdnd udisnision e whévin geMEMLQprécesing geans nbmatly ssahespuliftameg  an
"ht ensi ve. | ORI RGR AFTES GEBTAAR S PTESS PTG S PN B i SRR AR C b o
fQr both rr Uspdech SigRileysadRe ACEIP processing means normally uses a first correlation threshold test
15 for allowing entry into an embedded signal processing loop, wherein:
the MP-MLQ processing means has a reduced number of gain scale factors for reducing
the number of searches and thereby redicing the computational load;
the ACELP processing means uses a second correlation threshold test for allowing entry
into a previous signal processing Joop in which the embedded signal processing loop is
“20 embedded, thereby reducing the number of times the previous signal processing loop and the
embedded signal processing loop are entered, which in trn reduces the computational load.

Advantageously, embodiments of the invention simplify the ACELP and MP-MLQ methods
by reducing the number of recursions which make less contribution to the metrics. This is

25 achieved by selecting less gain levels or putting an extra threshold to decrease the chance to
enter the most computational intensive loops.

Advantageously, the proposed encoder scheme is applicable for both ITU-T recommendations
G.723.1 and G.723.1A. For ACELP excitation, farther complexity reduction is possible by

30 adjusting the thresholds. This complexity reduction for ACELP excitation is also applicable
for G.729 and its annexes.



G 723.1 and G 723. 1A. For ACELP excitation, farther conplexity reduction is
possi bl e adjusting the thresholds. This corpl exj ion for
ACELP exc‘:‘ﬁ‘g(z?%ﬁ is also applicable for G 729 and i tsbgﬁlﬁfe;%@g{*m 01/ 24166
PCT/ S&9/ 00096 -3 The present invention will now be described in further
detail, by way of exanple only, with Treference to the acconpanying '
drawing. Figure 1 is a block diagramof the 0.723.1 speech coder. 5

Ref erence is also nmade to the foll ow3rg procedures which are appended to
this description. Procedure 1 is a pseudocode representation of the
standard MP-M . Q procedure of the 10 0.723. 1 speech coder; Procedure 2 is
a pseudoco@be presentigvention wilhnow bet described v fgther detall pyewayf of enarapie ol nwith  of

t he presen{_gl lLan: ‘E'LEFI s a pseudocode representation of the
standard A r%?%@ggﬁogbwgﬁ 23.1 speech coder; 15 Procedure 4 is a
pseudocode representation of the ACELP procedure of an enbodi nent of the
present inyention. o\ A*(ﬁL_ ck. 10 I npl ementing the MP-M.Q and
ACELP exci t #% mar@%&‘?ﬂ%os o%ﬁ%% |gur°']‘cé&&‘. These net hods take up

al nrost hglf of conputational |l oad of 20 the whole codec. Since enbodi ments

of the present invention only relate to these two fixed codebook excitation
nmet hods, the description relates only to these excitati-on techni ques and

not to ot hRefefpatd 8 alRb niakle 1dtbe Allovingpesvedurexwitich ardappenddd tothis deciiptoad
codebook excitation part (i.e. block 10), all other nodules are the sane

for the dual rate coders. The decodi ng schene, for decoding bit streans
encoded Wi pfocédige lt ayvacmemiceadet itpresenden of tenaandardt MP-MEQeprocedirerof B8 t he

nor mal Il'(I;LJ-th;zg;‘EtI?s%gédll cg&c;onnendat ion. MP- I\/LQ Excitation (normal conplexity)
" Procedure 2 is a pseudocode representation of the MP-MLQ procedure of an embodiment of
the present invention; : '
Procedure 3 is a pseudocode representation of the standard ACELP procednre of the G.723.1
. speech coder;

15 Procedure 4 is a pseudocode representation of the ACELP procedure of an embodiment of the

present invention.

A MP-MLQ/ACELP block 10 for implementing the MP-MLQ and ACELP excitation

methods is shown in Figure 1. These methods take up almost half of computational load of
20 the whole codec. Since embodiments of the present invention only relate to these two fixed

codebook excitation methods, the description relates only to these excitation techniques and

not to other parts of the G.723.1 speech coder. Apart from the fixed codebook excitation part

(i.c. block 10), all other modules are the same for the dual rate coders. The decoding scheme,

for decoding bit streams encoded with the low complexity encoder, remains the same as for
25 the normal ITU-T G.723.1 recommendation.

MP-MLQ Excitation (normal complexity)
The object of the quantization procedure is to find the optimized excitation e (n) which makes

30 the mean square error minimum, based on an analysis by synthesis method. The excitation

signal is given by



The object of the quantization procedure is to find the optim zed
excitation ea(n) which nmakes 30 the mean square error nini based on an
anal ysi s bvogﬂ%lﬁ%si s method. The excitation signal isrﬁr@gﬁ’ 6 t.

W01/ 24166 PG?1S(09100096 -4. Np 1 e"(n)=G',akS(n-k), (c)s ns 59 k"o
(I) 5 where G is the gain factor, 6(n) is a Dirac function, {-~akkaa.Np3
and 4k are the signs (t 1) and positions of the Dirac functions
respectively, and NN is the nunber of pulses, which is 5 for odd subframes
and 6 for even subfranes. The pul se positions in are either all odd or all
even. This is indicated by a grid bit. 10 The scal ar gain quantizer

consi sts of 24 steps, of 3.&-¢gB each. Around the quantized value. Gn,
addi ti onal gain values are |l ected within the range (G' - 6.4dB;

G , +5-201. The opti mek(® a(n-5h G2 $9% se | ocati ons and gains are then
transmtted to the renai ni ng~ encoder nodul es. 15 To inprove the quz.bi ty of
speech with a short pitch period, the follow ng additional procedur S

used. |f the whidedd) it &8 ghifi ficReS5(h) 8 a Difhc Fwidis (o 2F 3 BEEL keubesigmsubinamre, a
train of Dirac, functions with a perlodﬁ;‘ thgT E)ItCh Pndex is use&,f r each
| ocation 9k Pafkpasisgusgf the Dirag femctions respectiysly, apd Ny, 18ithe pymber, /P B 2t i on

procedure. Thg ;88 QUtAHBmBLIABIH Vel §udirAm&l THe pilie poiitivhs RIiSe cither 4l 6ddglall Dir ac
function to represent the residual_ signal is nade based on the nean square

20 error conpVedatThisis inficated Ba 4Pt i on which yiel ds the | owest nean square
error is selected. Based on the above brief description of MP M.Q the
optim zation procedure is represented in pseudocode as shown in Procedure

1. The synifollbe scalsCyain qranirer eaneisth pE24mps, of 32 dheachy drend theepantived Balugy gi ven
processor; apd LAG:AMDRS vifiesHE Sictedd! withih B rahd’ (2% FRIES G, 3308, The
optimal combination of pulse locations and gains are then transmitted 1o the remaining

encoder modules.

15 To improve the quality of speech with a short pitch period, the following additional procedure
is used. If the pitch laé is less than S8 samples for a particular subframe, a train of Dirac
functions with a period of the pitch index is used for each location £, instead of a single Dirac
function in the above quantization procedure. The choice between 2 train of Dirac functions
or a single Dirac function to represent the residual signal is made based on the mean square

20 error computation. The configuration which yields the lowest mean square error is selected.

Based on the above brief description of MP-MLQ, the optimization procedure is represented
in pseudocode as shown in Procedure 1. The symbols fnsCl inside the brackets are the cycles
needed for a given processor; and the number of cycles if using, for example, 2 D950
‘25 -processor. The D950 is a normal 16-bit fixed-point digital signal processor (DSP) made by
STMicroelectronics. Other 16-bit fixed-point DSPs are the ADSP-2181 by Analog Devices
and the TMS320C54x series by Texas Instruments. Although the number of instructions
required to execute the same function may vary among different DSPs, the invention will still
achieve a significant savings in MIPS for each appropriate DSP.
30
The worst case for MP-MLQ is that above optimization procedure is conducted twice when
the pitch is less than S8 samples. The total number of cycles per subframe is given by



25 processor. The D950 is a normal 16-bit fixed-point digital signal .
processor (DSP}fgmade by SSTM croel ectronics. Qthér 16 bit fixed-point DSPs
are the WOIBI2981 by Anal og Devices and the TMS320C54RCTEGCINMO%By Texas

I nstruments. Although the nunber of instructions required to execute the
sanme function may vary anong different DSPs, the invention wll still
achieve a significant savings in MPS for each appropriate DSP. 30 The

wor st case for MP-MLQ i s that above Qgt_i m zation procedure i s conducted
twice when. the pitch is less than 58 sanples. The total number of cycles
per subfranme is given by WO 01/ 24166 PGI/ SG9100096 5 Total cycles per
sabfrane -2 x{F rfuf dhrldsdi{shthste €2x(nscia-2x¥Hi02e-MsCeH4RBAZEHIeQEES] ( 2)
Therefore the total nunber of cycles per subframe for the proceduregif
Procedure 1 is 64368 5 if using the D950 processor. ACELP excitati

(normal conplexity) For the ACELP technique for fixed codebook excitation,

17-bit al gebrai deboqk i d f { t ' odeh
ol tati on Sherpige it e BeEE o SSHE T SEOrR I U PSRBT el 89T Blhee .o
whi ch can sagssilg tid Bosoipgocessend positions given in the follow ng table.

Tabl e 1 ACELP excitation codebook Sign Positions 151 0 8 16 24 32 40 48
56 +1 2 10 18 26 34 42 50 58 14 12 20 28 36 44 52 (60) 1 6 14 22 30 38

46 54 (62) ACEIPextitftiono@brimalabmphidtpes are in the eves positions but the

positions of all pulses can be sinultaneously shifted by one (to occupy
odd positions) when requiring one extra bit. Note

For the ACELP technique for fixed codebook excitation, a 17-bit algebraic codebook is used
10 for the stochastic codebook excitation e,,(n). Each fixed codevector contains four non-zero
pulses which can assume the signs and positions given in the following table.
Table 1 ACELP excitation codebook

Sign Pasitions
15 +1 0 8 16 24 32 40 48 56

+1 2 10 18 26 34 42 50 58
+1 4 12 20 28 36 4 352 (60)
+1 6

14 22 30 38 46 54 (62)

20
In the table, all pulses are in the even positions but the positions of all pulses can be
simultaneously shifted by onc (go occupy odd positions) when requiring one extra bit. Note
that the last position of each of the last two pulses falls outside the subframe boundary, which
signifies that the pulse is not present. Each pulse position is encoded with 3 bits and each
25 pulse sign is encoded with 1 bit. This gives a total of 16 bits for the 4 pulses. Further, an
extra bit is used to encode the shift. The excitation sequence is defined as

B (D) = 0%3(0-5) + &1, 8(-5,) + ,8(n-E5) + @, 5(n-E5)
3
30
where £, is the position of the k¥ pulse and ¢, is its sign (+1).




that the |last position of each of the last two pul ses falls outside the
snbframe boundary, which ‘'sighifies that the pulse is not present. Each

pul se posi MAM/286 encoded with 3 bits and each 25 pul se MGEFE0coded
with 1 bit. This gives a total of 16 bits for the 4 pul ses. Further, an
eXtra bit is used to encode the shift. The excitation sequence is defined
as ea,,,(n)=6(n +a, 8(n 1)+cc~ (n- )+a.3S5(n-~3) (3) 30 where |I;t is the
position of the 111" pulse and ax is i*fs sign (t 1). WD 01/ 24166

PGT! S99/ 00096 -6 A focused search approach is used to si rrplify t he search

d th nb foot t the |
P eshol o i s AP erethn AP s 8ed fogppii Bt GRRcEArG. TP Ui I8¢ APRRCE 8fio) o
is exceeded. tibie cARhgTIHS m:uwa?,ha m‘mhdnmfssapbn&l 4nQaR: Eﬁﬂo&iﬁs%ﬁﬁeﬁﬂ%ﬂl | i tHid xed

so that a |low percenta e of e codebook i s searched he maxi mim absol ut e

correl ation dfsholddze apaxiyRm Rber efitmeh theloop can ke entsTadrivfixed se mbut i on

of the first 4t r
threshold is aé%éﬁrc&%g@ﬁﬁh@%eﬂ&ﬁ 3+(C, éa ﬂggCZ&SE’ 2 %4§QQ§“§!§¢|‘;§¢]’U& &ﬁ | oop
i s entered brifeavemge sperelaionsCaytdae tashe eqniribution of 8t first Ghrecpuisss puel found)priex teeds
tht3. To fuy t: unber of times the last loop is
tﬁeﬂ%ﬁ zf’% %fl!ha ﬁ@tﬁ?&&ﬁﬁ% gﬁ,{b P

entered (for t nes) I's no wed to exceed 600. (The average
wor st case per subframe is 150 times). Based on the above brief
description of ACELE, )B &atlon procedure is represented 15 in
pseudocode as shown T e In Procedure 3, InsC is the nunber of
I nstruction cycles, foll ovved by an exanpl e.nunber of cycles for t h¢4)DO50

12061 11 ot 2R CET1OoR o @b i gl ey e S35 el s s
ri me3x( 1nr sCTel fusthet+@umirolSHS )se4réls - the memberofrtiies the last loop is entered (for the 4
subframes) is not allowed to exceed 600. (The average worst case per subframe is 150 times).

Based on the above brief description of ACELP, the optimization procedure is represented
15 in psendocode as shown in Procedure 3. In Procedurs 3, InsCi is the number of instruction

cycles, followed by an example pumber of cycles for the D950 implementation. The total
cycles are calculated by

InsCl+InsC12+8x(InsC2 + InsC11) + 8*x(InsC3 + InsC10) + 8’x(JnsC4 + InsCO)+
20 1imex(InsC5+ InsC7+ 8xInsC6) +(8-time,)xInsC8

=27207+time x238 [if using a D950 processor]

=62907 [if time,=150]

©®)

25 where Time, is the number of times entering the last loop. At the worst case, the maximum
mumber of time; is set to 150. Therefore the worst case cycles per 7.5 ms subframe are 62907
if using a D950 processor, which equates to 8.4 MIPS.

Lower Complexity Implementations
30

In embodiments of the invention the modules (codes) may be shared by both G.723.1 and the



=27207+timej x238 [if using a D950 processor] =62907 [if time = 150] (5)
25 where tine3 is the nunber of tines entering thé |ast |oop. At the worst
case, thWORKZ4Mm nunber of time3 is set to 150. Ther BEHSEIME6 \or st case
cycles per 7.5 nms subrane are 62907 if using a D950 processor, which
equates to 8.4 MDS. Lower Conplexity Inplenentations 30 In enbodi nents of
the invention the nodul es (codes) may be shared by both G 723.1 and the WD
01/ 24166 PCT/ SE9/ 00096 -7 |lower cqQnrplexity inplenentation of the 0.723.1
coder (LC-G 723. 1). Preferably, the coding systemis selectable between
bit-exact 0.723.1 and LC-G 723.1 coders, leading to an enbedded system

This i s shpwer simplexiy &8eliiBn 85thé Gl 7129 \0d t-cﬁmrpﬁfemi Helondigpabl ed)
If (6.3kbit/s) 6.3kbi ?711551 LC- Gr23. 1 encodi.ng (L | se 3kb|tls LC— G723Q

encodi ng $sER ipsslecabls betwpsy @)‘37@“‘36}33?{1/ @eﬁ@&ﬂ% cplery Isadingctn ep s

encodi ng Fgfhnddi&s dysemC OFiM B shdwh 18 foB&iufY asFolfowsoPs and 5.3 Kbps coders in
accordance with the 15 present |nvent|on t he operation proceduresare

shown in Procedure 2 and Procedure 4 respectlvely One of the

charact egi sticsy %Wwfa%%sm the latter pulse contribution will be
added upon the previous one and all pulses are scaled by one gain. For

each new found pul sé&f (6:3%aihi n
6.3kbit/s LC-G723.1 encoding

Else 5.3kbit/s LC-G723.1 encoding
Else
10 lf (6.3kbit/s)
6.3 Kbit/s encodmg
Else 5.3 Kbit/s encoding

For the low-complexity encoding of 6.3 Kbps -a_nd 5.3 Kbps codecs in accordance with the
15 present invention, the operation procedures are shown in Procedure 2 and Procedure 4
. respectively.

One of the characteristics of MP-MLQ is that the latter pulse contribution will be added upon
the previous one and all pulses are scaled by one gain. For each new found pulse, the gain
20 is further fine tuned within the range [-6.4dB;-3.2dB; 0; -+3.2dB]. Since all pulses share one
gain, the observation is that the gain level decreases as the number of found pulses increases.
Due to the characteristic of MP-MLQ, the additional higher gain levels (0 and +3.2dB) are
rarely selected. In this simplification, we only use two gain levels, i.e. -6.4 dB and -3.2 dB
around the previous quantized gain. Therefore the number of instructions inside the gain
25 searching loop can be decreased by about balf for each subframe when the pitch lag is less
than 58 samples.

The worst case number of cycles for MP-MLQ is calculated as:

30 Total cycles per subframe =2x{InsCl+2x{InsC2 +InsC6+2x(InsC3 + InsC4d+InsC5)]}
6)



20 is further fine tuned within the range [-6.4dB;;-3.2dB; 0; +3.2dB].

Si nce all ﬁrlses share one gain, the observation is that the gain | eve
decr eases #8164, unber of found pul ses increases. Due 0096
characteristic of MP-M.Q the additional higher gain levels (0 and +3. 2dB)
are rarely selected. In this sinplification, we only use two gain |evels,
i.e. -6.4 dB and -3.2 dB around the pregious quantized gain. Therefore the
nunber of instructions inside the gain 25 searching | oop can be decreased
by about half for each subfrane when the pitch lag is less than 58

sanpl es. The Papthe DISG eRmpIEY BRTordl nukibed Teydl@ peliibldk is39824.cul at ed as: 30
Total cycles persubfiwne -2x=JnsC +2x (1 nsC2+I nsC6+2x( TxsC3+1nsCA+l nrCS) ])
(6) WD 01124166 PCTI S&39/00096 -8 For the D950 exanple, the total nunber

of cycles pelFopaiiafve codbodR4edch, E@woﬁacééﬁ%ﬂ&cgﬁ&qﬁwbssmwia f,nskth% wor st

case is when the pitch lag a 58 ust t opposi te of

codebook exc iPPresiteRf fixed cod UHWW%M%ﬁéﬂlﬂééﬁ%@é@ﬁ%Mﬂf@ 2 for
5 fixed co aTaln o ﬁﬁfm

Equat i on (%@?%Eqﬁﬁ%%i%ﬁ &P@o anceth%aﬁg@g%dc ut al??ig Ioag qur al |

cases, the c&lefo balance W@Wﬂnﬁﬁ lecd fopall easesn thetcnits pictalso simgjified 5@ whene

nunber of se and
0 dB. (pl éasg{&gk@glrg?o Pr oc@@éﬁe&égagﬁ%ge%% ?rpm §I3é§§b§r s%%fla
for MP-M.Q wandh0 dB.please réfartoPra®dirs 2k al cul ated as Total cydea per aubfrane
=1nsd 2x[ I nsC2+I nsCS+3x( | ni C3+hssC4+1 nsC5)] 15 The total nunber of cycles
per subfranme woul d then be 19826 for the D950 processor exanple. Conparing
Equat i ons "2 Thamuntet pf cy21ed det sohfeimesfopMP-MLQ widinepikh lngheSssia vaiculfted ayor st case
(of MP-MLQ if using the D950 processor. This equates to a saving of 3.3
M PS. For the normal 20 case, in which MP MLQ is conducted once, the saved
cycles are 12358 pe¥oradobéespenmibfranty HIC eCuiat0R 806+ Ix(183 S+ /n¥135)]s unbal anced
conplexity reduction in the fixed codebook search )

15 The total number of cycles per subframe would then be 19826 for the D950 processor
example.

Comparing Equations (2) and (6), 24944 cycles per subframe can be saved at worst case (of
MP-MLQ) if using the D950 processor. This equates 10 a saving of 3.3 MIPS. For the normal

20 case, in which MP-MLAQ is conducted once, the saved cycles are 12358 per subframe, which
equates to 1.65 MIPS. This unbalanced complexity reduction in the fixed codebook search
(MP-MLQ) corresponds to the unbalanced computationzl load adaprive codebook search, in
which, for example, about 30,000 and 46,000 cycles are needed respectively for the worst
case and normal case of MP-MLQ.

A purpose of embodiments of the invention is to xeduce the complexity for the worst case
scenario (i.e., under the most intensive computationat load). If the complexity is reduced in
the worst case, the overall MIPS requiremens is reduced accordingly. At the higher bit rate,
the most complex modules are the fixed codebook excitation module (MP-MLQ) and adaptive
30 excitation module. The complexity of these two modules changes depending on the pitch lag,



(MP-MLQ) corresponds to the unbal anced conputational |oad adaptive codebook
search, | ich, for exanple, about 30,000 and 45, 00Q | re needed
respectivgloyxﬁﬁﬁ? the worst case and normal case of. Nﬂpﬁ%&@@ﬁ pur pose of
enbodi ments of the invention is to reduce the conplexity for the wrst case
scenario (i.e,, under the nost intensive conputational load). If the
conplexity is reduced in the worst case, the overall MPS requirenent is
reduced accordingly. At the higher gt rate, the nost conplex nodul es are
the fi xed codebook excitation nodule (Iam M.QQ and adaptive 30" excitation

nmodul e. The conplexity of these two nodul es changes depending on the pitch
| ag, WO 0Whié bhier imedulés@GaOreBifiOel stable inteitheofomputationdliload. Showiy gl Tablee| y

stable in_terns_of conput ti%@% ' I I |

conpari sor?egf‘“fﬂg”ﬂﬁ %@Eﬁ . 0 é&%g@%&%&g@g&eﬁ%c “Jé’g@ 58
sanpl es) aad chelrofmal @aser(bitchdsge 38) ifdrcaD9SODSEE8) for. a DO50 DSP. 5 Table 2
Conpl exity conparison 6.3kbits/s for one subframe (7.Snms) 6.3 kbit/s Pitch

lag k 58 Pitch lag < 58 (Wrst case) Adaptive M-LPQ Sum Adaptive M-LPQ

Sum Norgral Cyclmbield ComphRity donfpiirBén S(BRORs/S foitohe SulFbdine (.5MH. 1 M PS 6. 13
4.29 10.42 4.0 8.58 12.55 10 LC Cycl es 46000 19826 .65826 30000 39424 69424
G 723.1 NIPS 6.13 2.64 8.77 4.0 5.26 9.26 From Procedure 3 and Equati on

(5), it i§$ apparent, tnat] any rgstructins 1 nside.the 1 15 [ pops
will be execut®d¥MAdreds of 1] ‘%fangré&wny he a%ﬂhﬁﬁéﬁﬁ@P‘#ﬁfF ber limt

the numbers entering theg@phivio| NOEPQ | NSiBa] Rbaptite ﬁlgMqu:Q réghol d, two
t hr eshol d$—a+e—tsee- ' eotute—corretatTomr= aver age
correl ati ¢iNodua t]oCytles orf6PPBuf i 3BL84of | {78884 i r s3000Qw0 [arfid36%r ¢ 04308 Fes,
C ., and d Ca’3., pre ung jarj.on to, the | c bo¢ fch. The
Chr eshol df OB Ed) SRS, ;Id ﬁ§3 4.28 _ 10.42 4_-6 1Rt 25

10 LC Cycles | 46000 19826 | 65826 30000 39424 | 69424

G.723.1 | MIPS 6.13 2.64 8.77 4.0 - 5.26 9.26

From Procedure 3 and Equation (5), it is apparent that any instructions inside the i, and i;
15 loops will be executed hundreds of times. It may be advantageous to further limit the
numbers entering these two loops. Instead of using one threshold, two thresholds are used.
Both the maximum absclute correlation and the average correlation due to the contribution
of the first two and three pulses, C,, and C_,, and C_,,; and (;,,; are found prior to the
codebook search. The thresholds are calculated by:
20
thr2 =(C,; + (Couaz=Cor) / 9
(8)
thr 3= (C,; + (Copaxs = Carz) 7 3)
' 9
25 .
Now we have two thresholds. To further control the search, the average number of times the
third and last Joops are entered is not allowed to exceed 32 and 75 (for example), respectively
for each subframe. The proposed low-complexity ACELP optimization procedure is modified
as in Procedure 4.



20 thr2 = (C,,,2 + (C-C,,2) | 4) (8 thr 3 =(C,,3+(C - C,,3) 13)
(9) 25 Now we have two thresholds. To further control the search, the
average nuMSH2#66 ti mes the third and | ast |oops are eRCESEIR0N6, ¢

al lowed to exceed 32 and 75 (for exanple), respectively for each subfrane.
The proposed | ow conplexity ACELP optim zation procedure is nodified as in
Procedure 4. | WD 01124166 PCT/ S&9/00096 -10 The total nunber of
cycles per subframe is given by: Inscl.yg-.1nsCl2 + 8 x (InsC2 + InsC|) + 64
X (InsC3 + InsCl0) + time.- x (1XsCl3 + 1nsCl4) +(64 - times) x InsCl5 +
time, x 8 x (InsC4 + InsC9) + tt3ned3 x 8 x (In.C7 + 8 x S lIns C6) + (tine,

X 8 - tine) xXThdte@bndbés ofcycicsper subffdde is givewdy: x 238 (10) where rine, and
time3 are the nunmber of tines the processor enters into the 3 d and 40
| oops 10 respectively. For the worst case, the timer and tinmes are set to

32 and 75 respeqt VRICI2 Imaflgm&vmlm;qumesnumfm)o# Liptg % ERSCAB| +
econme 36976. Conparing with_ Eguation , 93 cles or . 3.45 PS can
be saved (if % *t(ﬁ‘é’mﬁbxﬁﬁ’glzse§s‘ﬁf‘;§§?ta”§ﬁ‘gmé’@é ?W?ﬁé{"‘?ﬂﬂﬁ &
conpl exi ty Kefdes) Piimes, x8 he) + ms€gfect for this ACELP 15 excitation by
choosing smaller tine, "and tine paraneters and correspondi ng hi gher

] d
t hreshol ds, TRE338 optdek 336 hfee* &% or this LG G 723.1 are based on the
objective that LG G 723. 1 should have sinmilar performances to G 7ZR)yl. If
further reduction of conplexity is

where zime, and time, are the number of times the processor enters into the 3™ and 4 loops

10 respectively. For the worst case, the time, and #img are set to 32 and 75 respectively.
Therefore the warst case mumber of cycles will become 36976. Comparing with Equation (5),
25932 cycles or 3.45 MIPS can be saved (if using the D950 processor).

It shonld be noted that further complexity reduction is simple to effect for this ACELP
15 excitation by choosing smaller time, and timg parameters and correspending higher

thresholds. The proposed parameters for this LC-G.723.1 are based on the objective that LC-

G.723.1 should have similar performances to G,723.1. If further reduction of complexity is

needed, the performance will be smoothly degraded. For example, by increasing the

threshold levels and corresponding allowed loop entry times time, and fime, to 20 and 60
20 rtespectively, a further 1.01 MIPS can be saved.



needed, the performance will be snoothly degraded. For exanple,

increaS| threshold | evel s and correspondi ng all entry times
tinme, an‘ggf'*'%g? to 20 and 60 20 respectively, a furth@fﬁ%’% Rﬁ PS can be
saved. WD 01/24166 PCr/ S39/ 00096 -11- PROCEDURE ,| do tw ce or once
depending on the pitch lag pre-search (Insd, 6116) for k = 0,1 (grid)
find the first pulse and quantize gain (InsC2, 537) 10 for i =1, 2, 3, 4
(gain) prepare searching (1nsC3, 173)1-find remain pulses (rnsC4, 2261)

eval uate the error (1nsC5, 687) post process (InsC6, 13) 15 WO 01/24166
PCT15(09100096 -12- PROCEDURE 2 5 ~f pitch lag < 58 do twice pre-search
(Insd, 6116) 10 fork = 0,1 (grid) find the first pulse and quantize gain

(InsC2, 2537) for i =1, 2 (gain) prepare searching (InsC3, 173) find
remai n pul ses (1nsC4, 2261)

PROCEDURE 1

do wwice or once depending on the pitch lag
pre-scarch (InsC1, 6116)
for k = 0,1 (grid)
find the first pulse and quantize gain (nsC2, 537)
10 fori = 1,2, 3, 4 (gain)
prepare searching (/nsC3, 173)
find remain pulses (InsC4, 2261)
evaluate the error (MnsCS, 687)
post process (JnsC6, 13)
15



15 evaluate the error (1nsC5, 687) POSE process (I nsC6, 13) else do once

20 pre-seg%aanﬂlﬁéﬂ, 6116) fork = 0,1 (grid) find thel,&'hgé;m%kse and

guanti ze sC2, 2537) for i =1, 2, 3 (gain) prepare searching
(I'nsC3, 173) 25 find remain pulses (InsC4, 2261) evaluate the error
(I'wC5, 687) post process (1nsC6113) WO 01/24166 PGI/ S&9/00096 -13-
PROCEDURE 3 pre-search (InsCl,4195) 5 for iO=0,...,7 (first pulse)

partial correlation & energy cal cul ati=d8-(1nsC2, 12) for it =0.... ,7
(second) partial correlation & energy calculation (InsC3, 26) for 12 =
O,...,7 (third) 10 partial correlation & energy cal culation (InsC4, 30)

(correlation > threshold prepare for last loop (InsC5, 14) for i3 =0,
7 past) {correl atizts)n & energy cal cul ation and eval uation (1nsC6, 25)}

15 update (I CEBURE % ¢

5
if pitch lag <38 do wwice
pre-search (InsCl, 6116)
10 for k = 0,1 {grid) _
find the first pulse and quantize gain (InsC2, 2537)
for i = 1, 2 (gain)
prepare searching (insC3, 173)
find remain pulses (fnsC4, 2261)
15 _ evaluate the error (nsCS5, 687)
post process (insC6, 13)
else do once
20 pre-search (insC1, 6116)

for k = 0,1 (grid)
find the first pulse and quantize gain (fnsC2, 2537)
fori =1, 2, 3 (gain)
prepare searching (InsC3, 173)
25 find remain pulses (InsC4, 2261)
evaluate the error (InsC5, 687)
post process (InsC6, 13)

i f



Update (1 nsC8, 2) post process (InsC9, 5) post process (InsClO 22) 20 do
post (In ) post process (1nsCl2, 746) 25 WO 01 / SG29/ 00096
-14- P 5@ pre-search (ImC, 4915) for 10 = O,. ;%éé%{ﬁ%t | oop) 5
partial correlation & energy calculation (InsC2, 12) for i1 =0,._.,7
(second) partial correlation & energy calculation (InsC3, 26) (correlation
> rhreshol d2) preparation (Insd3, 14) 10 for f2 =0,...,7 (third) partial
correlation & energy calculation (Ird84, 30) if (correlation > threshold)
preparation (1nsC5, 14) for i3 =0,..., 7 (last) |15 {correlation & energy
cal cul ation, and evaluation (InsC6,25)} post process else wupdate (1nsCs8,
2) 20 do post process (I nsC9, 5)

PROCEDURE 3

pre-search (/nsC1,4195)
S fori0 = 0,...,7 (first pulse)
partial correlation & energy calculation (InsC2, 12)
foril =0,...,7 (sccond)
partial correlation & energy calculation (/nsC3, 26)
for i2 = 0,...,7 (third)
10 partial correlation & energy calculation {(InsC4, 30)
if (correlation > threshold)
prepatre for last loop (/nsCS, 14)
Jori3 =0, ..., 7 (last)
{correlation & energy calculation and evaluation (lzsC6, 25)}

15 update (/nsC7,26)
else
Update (InsC8, 2)
post process (InsC9, §)
post process {InsC10, 22)
20 do post (insC11, 17)

post process (InsC12, 746)

25



post process (I1nsCl4, 26) else update (InsCl5, 2) post process (InsCl0,
22) 25 post process (InsCl, 17) post process (InsCl2, 746) 30 WO

(11/ 24166 WMad24166 v ||) V|| | VIT1 11 1111 PCr/ SGO9/ 000 RETSGIN0 _ 15
CLAIMS: 1. A method of reducing the conputational |oad of a dual rate
ericodi ng system the encoding system being configured to transmt at a
first transm ssion rate using a Miulti-Pulse 5 Maximum Li kel i hood

Quanti zation (MP-M.Q process or at a gecond transnission rate using an

Al gebrai ¢ Code- Excited Linear Prediction (ACELP) process, wherein the

MP- MLQ process normally searches subfianes of excitation signals according

to a nom nal t{%“gai n scale factors in the execution of quantization
steps for en speech signals and the ACELP process normally

i nposes a first correlation threshold test for entry into an enbedded
signal 10 process 0Q the nethod including the step of for the MP-M.Q
process, red®EHy ‘*‘ﬁ’g‘%ﬁgw of gain scale factors enployed in the

quanti zati on gstigRs9,.t hefigbopeduci ng the nunber of searches, which in turn

reduces the, conputational |oad; t process, inposing a
second corrl at i oPATH3 cRSHEIR & ngﬁﬂI"éﬂ? @“F%Etga 15 previous signal
processi ng | oop |ja,-yym=qj”| Lha-@afedded signal processing |loop is enbedded,

t her eby reduci ng "t he nunber of tinmes the previous_signal processing |oop
and the enbedded si grpamab?oa@ an & gnergp prlelation &b d® which in turn reduces

the conputational |oags Eb?zﬁ“%ﬁr‘&%l& claim1, wherein the second

threshold rest is appllcable I nto
preparation (In.rCy 13, 14)

10 Jori2 = 0,...,7 (third)
' partial correlation & energy calculation (isC4, 30)
if (correlation > threshold)
preparation {InsCS5, 14)
for i3 = 0,..., 7 (last)
15 {correlation & energy calculation, and evaluation
(InsC6,25)}
post process
else
update (fnsC8, 2)
20 do post process (InsC9, 5)
post process (InsC14, 26)
else
update (InsC15, 2)
post process (/nsC10, 22)
25 post process (InsCl1, 17)
" post process (fnsC12, 746)

30



20 the third of four signal processing | oops. 3. The nethod of claim 2,

wherein if the second t ls“ ”mﬁﬂml S appl icable, the nethod further
i ncl udesWONL246% of su e first threshms‘i?’m'ﬁﬁer

threshold for entry |nto t he fourtﬁ si gnal processing loop. 25 4. The

met hod of claim 3, wherein if the second transm ssion rate is applicable,
further including the step of limting the nunber of tines the third or
fourth signal processing loop may 43 -entered. 30 5. The nethod of claim4,
wherein the third or fourth signal processing |oops may be entered up to
32 or 75 times respectivcly for each of the speech subfranmes. WO MA166
11L11J Hi ICLAMS: * CR S -16- 6. The nethod of claimb5; wherein the dual
rate coding systemis generally in accordance with the ITUT G 723.1

reconmendation. 7. The method of claim1, wherein if a pitch [ag of the
subfratne Ls | ésmemwdmfaedlsmgﬁmmm ltperfmedl-Blr rate ergodingrisystennfthegai n

ical/\ﬁe]; 2?;%@&?&@«%&6’0@’]% agﬁ}%#ﬁgﬁg%% rarre I's equaPr%) great{ler OI hglnal "

the pr edétMumm&Mhm@mwﬂme&hﬂﬂ)pmesgmnashéu&mtshsmm@ed is

reduced from 9. T f_ clai.m.8 |nthe
predetermaﬁéﬂ 5?CM°WMA@%& 6 X’L W REREPRi n t he
quanti z ?t lmmﬂtyspachcnd;bﬁaqneﬂfl : SSMntslgnds ackf&dmgt hwunmﬁ.nnmmbtrfofgﬁﬁ s¢alld ﬁh I gg
is greater an_ or ua 0 W ce | es an

15 On° Gua i e 8 kehientt apepaon sivi 2 pisn e Fe Betseteah AT B AARELP | ona,

t he encodipigcessSycinglly infposesse Mt:ccbmlaidn&&e%ld tamlfarl:hkﬁ;rlt&mﬂdnlﬁdm.sﬂx ghat i on
(MP- ML processi.n ans 0 smtting at a first transm ssion rate
and Al Qé%r%??s%gg%i}%'?%dﬂﬂ‘é‘g’? 'E?gﬁf‘rlg i on

for the MP-MLQ process, reducing the number of gain scale factors employed in the

(@]

quantization steps, thereby reducing the number of searches, which in turn reduces the
computational load; or
for the ACELP process, imposing a second correlation threshold test for entry into a
15 previous signal processing loop in which the embedded signal processing loop is embedded,
thereby reducing the number of times the previous signal processing loop and the embedded
signal processing loop are entered, which in tumn reduces the computational load.

2. The metbod of claim 1, wherein the second threshold test is applicable for entry into
20 the third of four signal processing loops.

3. The method of claim 2, wherein if the second transmission rate is applicable, the
method further includes the step of substituting for the first threshold a higher threshold for
entry into the fourth signal processing loop.

4, The method of claim 3, wherein if the second transmission rate is applicable, further
including the step of limiting the number of times the third or fourth signal processing loop
may be entered.

30 S. The method of claim 4, wherein the third or fourth signal processing loops may be
centered up to 32 or 75 times respectively for each of the speech subframes.



(ACELP) processing means for transmitting at a second transm ssion rate,
wherein the MP- MQ pr rmal |y searches s [
ex0|tat|or?vgf'ﬁ?ﬂfss acc m “Em‘nm!lnal nunber of ga?ﬁp EWPactors i n
guanti zati on of the speech tsignats,s and the ACELP processing neans
normal ly uses a first correlation threshold test for allowing entry into an
2% enbedded signal processing | oop, wherein: the My- MLQ processi ng neans
has a reduced nunber of On scale fact-dbs for reducing the nunber of
searches and thereby reducing the conputational |oad; the ACELP processing

means uses a second correlation threshold test for allowing entry into a
previ ous si gﬁ.al MMﬂnMWMeMIMWMEMymamg

| oop is QE Eﬁgﬁﬁ the nunber of tinmes the previous

si gnal processrng ?ﬂep and'the e ed signal processing |oop are entered,
which in turn reduces t he conputati onal Joan. WO 01/24166 11111111 111111
LEEEE Tt I 9% . C.L.MS.-1 codi syst em of
claim11l, wh re| r#qeh@c%%%gﬁﬁé% re’fhﬁf%ff]v% m‘@kﬂ"srﬁ%ﬂ% :}% A1 ow
entry i nt o 5tjredetdrnindd piratherer; tieinginbér gf gainacale fagtotsaeypched iskedutd fromdbmgosyst em
of claim12, wherein if the second transm ssion rate-is applicable, 5 the

codi ng syste‘?ﬁ has a higher threshold, used in place of the first threshold,
for entry into the fourth si gnal processi ng | oop. 14. The codi ng system of

?\Lﬁii)enr 131" \tmﬁ'es &Fﬁ’@“l"ﬁﬂag Hi‘?fﬁaﬂg%gs"% ngﬁ)lﬁq’ﬁiﬁs’%g;@%ered
is limted. thh th®preddi€mided pitmexs e HusiberOf 2iifi kchib. factdpese@iched i fedubdd frorh O

entry intq_the th rd or fourth signal processing loops is 32 or 75 tinmes
respect i véPyO¥FP WBE-L of a plurality of speech subframes. 15 16. The
codi ng system of claim1l or 15, wherein the dual rate coding systemis

generally in accordance with the I1TU T 0.723.1 recommendati on.
. 9 The method of claim 8, wherein the predetermined parameter is 58.

10.  The method of claim 1 or 9, wherein the quantization steps and a pre-search are
15 executed once if the pitch lag is greater than or equal to 58 and twice if the pitch lag is less
than 58.

11. A dual rate speech coding systemn having a reduced computational load, the encoding
systern baving Multi-Pulse Maximum Likelihood Quantization (MP-MLQ) processing means
20 for transmitting at a first transmission rate and Algebraic Code-Excited Linear Prediction
(ACELP) processing means for transmitting at a second transmission rate, wherein the MP-
MLQ processing means normally searches subframes of excitation signals according to a
nominal number of gaio scale factors in quantization of the specch signals, and the ACELP
‘processing means normally uses a first correlation threshold test for allowing entry into an
25 embedded signal processing loop, wherein:
the MP-MLQ processing means has a reduced number of gain scale factors for reducing
the number of searches and thereby reducing the computational load;
thc ACELP processing means uses a second correlation threshold test for allowing entry
'into a previous signal processing loop in which the embedded signal processing loop is
30 embcedded, thereby reducing the number of times the previous signal processing loop and the
embedded signal processing loop are entered, which in turn reduces the computationa) Joad.



17.. The codi ng systemof claim11l, wherein if a pitch |lag of the subfrane

Is | ess n pr edet ' , the nunber of | e factors
searched‘%@%@%ced frﬂmll!;mm“ll“ﬂmrl . 18. The codilﬁ(glé}ésé}g@@?ﬁé of claim
17, wherein if the pitch |%ag 'of " hé stibfrane is equal to or greater than
t he predeterm ned paraneter, the nunber of gain scale factors searched is’
reduced fromfour to three. 25 19. The codi ng system of claim 18, wherein
t he predeterm ned paraneter is 58. 207-The codi ng systemof claim 11l or 19,
wherein the quanti zation steps and a pre-search are executed once if the
pitch lag is greater than or equal to 58 and twice if the pitch lag is 30
| ess than B3. The coding system of claim 11, wherein the second correlation threshold test is used

to allow entry into the third of four signal processing loops.

13. The coding system of claim 12, wherein if the second transmission rate is applicable,
S the coding system has a higher threshold, used in place of the first threshold, for entry into
the fourth signal processing loop.

14.  The coding system of claim 13, wherein if the second transmission rate is applicable,
the number of times the third or fourth signal processing loop may be entered is limited.

10
15.  The coding system of claim 14, wherein the [imit for entry into the third or fourth
signal processing loops is 32 or 75 times rcspcctivcly for each of a plurality of speech

subframes.

15 16.  The coding system of claim 11 or 15, wherein the dual rate coding system is generally
in accordance with the ITU-T G.723.1 recommendation.

17. . The coding system of claim 11, wherein if a pitch lag of the subframe is less than a
predetermined parameter, the number of gain scale factors searched is reduced from four to
20 two.

18. The coding system of claim 17, wherein if the pitch lag of the subframe is equal to or
greater than the predetermined parameter, the number of gain scale factors searched is
reduced from four to three. |

19.  The coding system of claim 18, wherein the predetermined parameter is 58.
20.  The coding system of claim 11 or 19, wherein the quantization steps and a pre-search

are executed once if the pitch lag is greater than or equal to 58 and twice if the pitch lag is
30 less than 58.




