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FIELD OF THE INVENTION
The invention relates generally to speech coding and, more particularly, to the

probiem of sparseness in coded speech signals.

"“BACKGROUND OF THE INVENTION
10 Speech coding is an important part of modern digital communications systems,
-+ for "example, wireless radio communications systems such as digital cellular
telecommunications systems. To achieve the high capacity required by such systems
- .t both today and in the future, it is imperative to provide efficient compression of speech
signals while also providing high quality speech signals. In this connection, when the
15 . bit rate of a speech coder is decreased, for example to provide additional
communication channel capacity for other communications signals, it is desirable to
obtain a graceful degradation of speech quality without introducing annoying artifacts.
Conventional examples of lower rate speech coders for cellular
" telecommunications are illustrated in IS-641 (D-AMPS EFR) and by the G.729 ITU
20 | standard. The coders specified in the foregoing standards are similar in structure, both
including an algebraic codebook that typicaily provides a relaﬁvely sparse output.
T onis Sparseness Tefers in general to the situation wherein only a few of the samples of a
2. iae-fpivén codebook entry have a non-zero sample value. This sparseness condition is
particularly prevalent when the bit rate of the algebraic codebook is reduced in an
*+ 25 7% attempt to provide speech compression. With very few non-zero samples in the
codebook to begin with, and with the lower bit rate requiring that even fewer
codebook samples be used, the resulting sparseness is an easily perceived degradation

in the coded speech signals of the aforementioned conventional speech coders.



signals while also providing high quality speech signals. In this

connecti on, % ,(,ji 15 bit rate of a speech coder is gﬁgc eased,. for -
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easily perceived degradation I n the coded speech signals of the
af orenenti oned conventi onal speech coders. '
-2- BRIEEDESQRH{EIEM OFTHE DRAWINGSo avoid the af orenmenti oned

o O g Orled FIGURE 1 B0F B YidiRah Wil Tubdifudy dne' Bl of 2PGRE"
sparseness operator of the present invention. :
10 FIGURE 2 illustrates various positions in a Code Excited Linear Predictive
encoder/decoder where the anti-sparseness operator of FIGURE 1 can be applied.
FIGURE 2A illustrates a communications transceiver that can use the
' énc':dder/decodcr structure of FIGURES 2 and 2B.
o FIGURE 2B iliustrates another exemplary Code Excited Linear Predictive
15 decoder including the anti-sparseness operator of FIGURE 1. '

FIGURE 3 illustrates one example of the anti-sparseness operator of FIGURE

1.
 FIGURE 4 illustrates one example of how the additive signal of FIGURE 3 can
be produced.
20 FIGURE $ iliustrates in block diagram form how the anti-sparseness operator

of FIGURE 1 can be embodied as an anti-sparseness filter.
| FIGURE 6 illustrates one example of the anti-sparseness filter of FIGURE 5.
FIGURES 7-11 illustrate graphically the operation of an anti-sparseness filter

 of the type illustrated in FIGURE 6.

Fas T FIGURES 12-16 illustrate graphicaily the operation of an anti-sparseness filter
S " of the type illustrated in FIGURE 6 and at a relatively lower level of anti-sparséness

* “Operation than the anti-sparseness filter of FIGURES 7-11.
' FIGURE 17 illustrates another example of the anti-sparseness operator of

" FIGURE 1.

30 FIGURE 18 illustrates an exemplary method of providing anti-sparseness

modification according to the invention.



conpr essji on. ' In an attenpt to avoid the aforenentioned
degradation ( speech signals, 5 the present invention provides
an anti-spar é@lggg?gsperator for reduci ng the sparseness Pc?lﬁdg/“éﬂéed
speech signal, or any digital signal, wherein sparseness is

di sadvant ageous. BRI EF DESCRI PTI ON OF THE DRAW NGS

FIGURE 1 is a block diagramwhich illustrateg.one exanple of an anti -

spar seness operator of the present invention. 10 FI GURE 2
illustrates vari T ]%@E?Cﬁﬁﬁoﬁ()de Excited Linear Predictive

encoder/ decoder %grggfs'ﬁe ant1 - sparseness operator of FIGURE 1 can be

appl i ed. FIGURE R hfaiek b sxanaile sf an entivspansenads apesatdr sooekng/

t hat can use the encoder/ decoder structure of _El and 2B.
FI GURE 2B i | | ust rhedgesspbnpentioay é'ﬂ‘ﬁlaaﬂsﬁpééﬁkﬁst%‘?f?t@ﬂ'“@% j crercgives g

decoder includi ”%gﬂﬁ&ﬁf&%fﬁ%g@ﬁﬁl SHRAT REAVedfrork aGblee 11. 'I‘hemti—rspaﬁeaeﬁE

FIGURE 3 illustrates one exa the” anti - sparseness operator o

1. 5 opferGoRAB SO opdrates omtlessparse signahpl andggrovides ahan adiput theeeof a
signal of FIGURE n. . .be produced. 20 . . FI GURE 5
illustrates in blggﬁ &?@g%Bﬁ?’%‘ﬂ}%‘%&ﬁ?ﬂfﬁ%‘?’&ﬁﬁ°-’§5‘§rs_é%ﬁbés oper at or

of FIGURE 1 can be enbpiigrE3siiRbraey Varfds ex@&fpRSlobitlon® fwhere the anti-sparseness
FIGURE 6 illustrates one exarTBI e of the anti-sparseness filter of FIGURE 5

FI GURES 7-11 i | | ueperatoe AGOaphFEGURE  ban by eppliedon 2Code Exnited Lineas Brasfictive

filter of 1e..t illystrat.ed,.in El .25, . Fl. S
12-16 illustrate G%ﬁisﬁ%ﬁ?ﬁoﬁgp&)‘@&%‘*’?&wg%%r goﬁtu %‘5 ‘é‘paa‘VE%lﬁsés°§“F??‘P‘gJ"%E
of the typero! | usiystngdor in Fl GERE Gp&BH ddcoder! pioRidedeiny al fiekivel @fed vAikeless
anti-sparseness operation than the_anti -sgar seness filter of

FI GURES 7- 11. communication syptemuUREs shpwn|in Fi¢ théranthenarsopesssinsraer A$Q
anti - spar seness Ocpa%rb%tp%vic?gd at the output of the fixed (e.g, algebraic) codebook 21, and/or at any

of the locations designated by reference numerals 201-206. At each of the locations
designated in FIGURE 2, the anti-sparseness operator ASO of FIGURE 1 would
15  receive at its input A the sparse signal and provide at its output B a less sparse signal.
Thus, the CELP speech encoder/decoder structure shown in FIGURE 2 includes

several examples of the sparse signal source of FIGURE 1.
The broken line in FIGURE 2 illustrates the conventional feedback path to the
adaptive codebook as conventionatly provided in CELP speech encoders/decoders.

20 If the anti-sparseness operator ASO is provided where shown in FIGURE 2 and/or at
any of locations 201-204, then the anti-sparseness operator(s) will affect the coded
excitation signal reconstructed by the decoder at the output of summing circuit 210,
If applied at locations 205 and/or 206, the anti-sparseness operator(s) will have no

effect on the coded excitation signal output from summing circuit 210.
s FIGURE 2B illustrates an example CELP decoder including a further summing
circuit 25 which receives the outputs of codebooks 21 and 23, and provides the
" feéedback signal to the adaptive codebook 23. If the anti-sparseness operator ASO is
‘provided where shown in FIGURE 2B, and/or at locations 220 and 240, then such
anti-sparseness operator(s) will not affect the feedback signal to the adaptive codebook

30 23

FIGURE 2A illustrates a transcetver whose receiver (RCVR) includes the
CELP decoder structure of FIGURE 2 (or FIGURE 2B) and whose transmitter



FIGURE 1. 30 FIGURE 18 illustrates an exenpl ary nethod of

provi di ng anyj.- eness nodi fi cation according to the invention.
- 3- WB@?’E{?{%D DESCRI PTI ON FI GURE 1 il | BSTSE%WSH
exanpl e of an anti-sparseness operator according to the present

i nvention. The anti-sparseness operator ASO of FIGURE 1 receives at
I nput A thereof a sparse, digital signal regeived froma source 11. The
anti - spar seness oper at or ASO operates on the sparse signal A and

provi des at an qﬁm dirghnt B B

sparse than the u?)éfag{ng%i@apm‘”d“ hﬁ%% P\f‘t?ustrat es var |sous
exanpl e | ocati on&au&eﬁmmheeraatzenm painpetemswoustical sxgnatmxdrmbudes@ﬁ@uqiutﬁi BeRE
1 can be applied in a Code d Linear.Predictive speech

encoder provi dedcqanﬁmf’?%‘?{? TegusugHqny, OW#@Pe@%mc?fmn? é'ﬁie%"c?ﬁ oA
system of In 2 feEbisdle ] AEHALAT Baall! IPL rbhefvek feBeiVEY o8 irbulidth Othe

communi cati on system own I n Fi 2, the anti-sparsenesS operator
ASO 5 can dempumivatibad chanreh eeoonstpmuominﬁ)tmtfomxenﬂ pmvglesai petmsancied

codebok 21, o0 . 80 mpuy Sy AR 50 AL 0 Bt e
the anti - spar sengsuid 88 F6REMpASE thinsdeiverBia delliittélephone and the air interface of a
cellular telephone network, respectively.
FIGURE 3 illustrates one example implementation of the anti-sparseness
10 operator ASO of FIGURE 1. In FIGURE 3, a noise-like signal m(n) is added to the
sparse signal as received at A. FIGURE 4 illustrates one example of how the signal
m(n) can be produced. A noise signal with a Gaussian distribution N(0,1) is filtered
by a suitable high pass and spectral coloring filter to produce the noise-like signal
m(n)
15 7 Asillustrated in FIGURE 3, the signal m(n) can be applied to the summing
: %i?cuit 31 with a suitable gain factor via multiplier 33. The gain factor of FIGURE 3
can be a fixed gain factor. The gain factor of FIGURE 3 can also be a function of the
" ‘gain conventionally applied to the output of adaptive codebook 23 (or a similar
‘parameter describing the amount of periodicity). In one example, the FIGURE 3 gain
20 would be 0 if the adaptive codebook gain exceeds a predetermined threshold, and
linearly increasing as the adaptive codebook gain decreases from the threshold. The
FIGURE 3 gain can also be analogously implemented as a function of the gain
‘conventionally applied to the output of the fixed codebook 21 of FIGURE 2. The
FIGURE 3 gain can also be based on power-spectrum matching of the signal m(n) to
25" " 'the target signal used in the conventional search method, in which case the gain needs
1o be encoded and transmitted to the receiver.
“f0 s m another example, the addition of a noise-like signal can be performed in the
’ *“fréquency domain in order to obtain the benefit of advanced frequency domain
' :éﬁélysis.
30 FIGURE 5 illustrates another example implementation of the ASO of FIGURE

2. The arrangement of FIGURE $ can be characterized as an anti-sparseness filter



15 receive at its input A the sparse signal and provide at its output

B a |l ess spa | . Thus, the CELP speech encoder

structure, shgﬁwfl”lﬁ% | GURE 2 i ncl udes several exanples PGt %%ﬂ%alssﬂ%rse
signal source of FIGURE 1. The broken line in FIGURE 2

il lustrates the conventional feedback path to the adapti ve codebook
as conventionally provided in CELP speech engoders/decoders. 20 If the

anti - sparseness operator ASO is provided where shown in FIGURE 2 and/or at

any of locations d%@iéné’cﬂtfb rediiespafiends tin RPHEhaeet] eaRivel dtds thavsdurea ] { ¢t
t he coded excitation signal reconstructed by the decoder at the

out put of sunm ndFIEUREILt 210. | f applied at |ocations 205 and/ or

206, the anti_-sparfsen:cﬁ,feoé}t%@fé the dnttd r##seﬂés\é%{%i)o{l?ggaﬁzsg@ﬁl%a%ﬁJu%re

coded excitation sign rom su
FIGURE 2B il | ust r&tﬁBmGFIGMﬁJ d‘h@ﬁhl?sﬁm@ﬂuﬁltercﬂﬂlﬁﬁﬁﬂ!ﬁﬁmﬂﬁ&&ra SoHivslves

circuit 25 which receives the outputs of ebo 21 _and, 2 and proyvi des
the. 5t eed FEEHONS3 §H PeRMSFEORPIMA R L FaEHR ocived frp the Fxed (o
anti - sparseness qggébgé@rcgﬁg%gl thammﬁé&%ﬂfoﬂsé’\@?ﬁﬁ 260Med With A dNEHAE:

and/or at locatio hen s sparseness
oper ator(s) will fiter. afHecoperstiom 6ﬁenﬂoaxﬂmpie giig¢he FEGURE écmpt-spasemsldﬁmhs 30

ates a transceiver whose receiver
(RCVR) i ncl udes t‘ﬂ\ésua%dmﬁégggsufgtoder structure of FIGURE 2 (or FIGURE
2B) and whose transm tHIGURE 10 illustrates an example of an entry from the codebook 21 of

- 10 FIGURE 2 having only two non-zero samples out of a total of forty samples. This
sparseness characteristic will be reduced if the number (density) of non-zero samples
can be increased. One way to increase the number of non-zero samples is to apply the
codebook entry of FIGURE 10 to a filter having a suitable characteristic to disperse
the energy throughout the block of forty samples. FIGURES 7 and 8 respectively

15 illustrate the magnitude and phase (in radians) characteristics of an all-pass filter

which is operable to appropriately disperse the energy throughout the forty samples

-of the FIGURE 10 codebook entry. The filter of FIGURES 7 and 8 alters the phase

“spectrum in the high frequency area between 2 and 4 kHz, while altering the low

frequency areas below 2 kHz only very marginally. The magnitude spectrum remains

20 essentially unaltered by the filter of FIGURES 7 and 8.

Example FIGURE 9 illustrates graphically the impulse response of the all-pass

filter defined by FIGURES 7 and 8. The anti-sparseness filter of FIGURE 6 produces
a convolution of the FIGURE 9 impulse response on the FIGURE 10 block of
- samples. Because the codebook entries are provided from the codebook as blocks of

“% 25 forty samples, the convolution operation is performed in blockwise fashion. Each
sample in FIGURE 10 will produce 40 intermediate multiplication results in the
“convolution operation. Taking the sample at position 7 in FIGURE 10 as an example,

- the first 34 multiplication results are assigned to positions 7-40 of the FIGURE 11
“result block, and the remaining 6 multiplication results are "wrapped around"
30~ according to a circular convolution operation such that they are assigned to positions
1-6 of the result block. The 40 intermediate multiplication results produced by each
of the remaining FIGURE 10 samples are assigned to positions in the FIGURE 11



(XMIR) i ncludes the CELP encoder structure of FIGURE 2. FI GURE 2A

Il lustrates WO 99/12158 hat the transmitter receives as input an acousti cal
si gnal and provideés as output to the communi cat i ons cHE}I8/01515
reconstruction information fromwhich a receiver can reconstruct

t he acoustical signal. The receiver receives as input fromthe 5
comuni cati ons channel reconstruction inforngtion, and provides a
reconstructed acoustical signal as an output. The illustrated

transcei ver and cREMHBoERIH MARgbibARsHdn, and sample T 8fdhrdtheeddfio R¥HRbEnd. AFor
transceiver in a cellular tel ephone and the air interface of a

cel | ul ar t el ephoneachgtositioR in thesest blogk of FIGURE 11, the 40 intepneiigE mgultiptication

operat or AS0 of FleRpeienpd erpapsS i iisior it BEF SRRIENE KIOURE agLgre
the spar ssurfimed &)gether, 8¢ fiaY Qfin fdprésentt ke fdnvalutibh vt FbeaOptiition,
exanpl e of how the signal m(n) can _be produced. A noise signal with

a Gaussi an dPstri buti ok igglear fiom igspectionofddGURES 10 ang\1 1 that the cirsular ponyiolyions

and spectral col ofjng.:{i . i ' | n).
15 nc o tic] P oo oD el 1R B 0 DGO R0 that e encrdh
to the summing  dispersed threughiout theviblotk, athengby alvarmatirally iharessing wheanumber (or

mul tiplier 33. The gain factor of FI GURE can be a fjixed gain
factor. The gain #%twofapnﬂmmpg%éweﬁ% pRd corresprndingly grduring the amount

gain conventi onal ' bt nRCRA BSOS BBk 8.
simlar pgg?%%éfgggﬁﬁf?gﬁﬁgyt e a‘%unt of pe]rli odicity @ﬁflﬁﬁ r?ZOCk
exanpl e, theoFl GUBisiScagdiesnidothed outlnyuthd sipghésis filtari2d 1 ad EFGURE 2 odebook gai n
exceeds a predetermn ne h .an |.i nearl y . ncreasing_.as the
adapt i ve codebook gai nlggjé%gs@s’?q F@‘fﬁg‘f’f‘?ea’i(’ﬁl?eés%m?e ?%éhe operation %f@BREmS
gain can al so be gnaieAeQUsitet of iR §PEIHGH E&a&aﬁwmzmmfatm 8Rplss filter of
conventionally applied to the output of the fixed codebook 21 of FI GURE 2.

The FI GUREIGURES 12 and 4B saltepe theaphese speqione betyrsatd and rakElai withoit

Sear oh mot hod. | nSuRRely At ¥ ite spodiEh oo6S hily, e BRI R or me

transmttedibo th@iedeiowsin FIGURE 14. Referencing theasailtdsckefFIGURE 16)&nd noting
addition of a noise-like signal can be perforggd in

donmei n in order t8abBIGHRE dpdlusiates the samebinck W?W%Qﬁ%@ﬁéﬁg{tgﬁqag}%ﬂ
the anti-sparseness operation illustrated in FIGURES 12-16 does not disperse the

‘energy as much as shown in FIGURE 11. Thus, FIGURES 12-16 define an anti-

sparseness filter which modifies the codebook entry less than the filter defined by

20 FIGURES 7-11. Accordingly, the filters of FIGURES 7-11 and FIGURES 12-16

define respectively different levels of anti-sparseness filtering.

A low adaptive codebook gain value indicates that the adaptive codebook

component of the reconstructed excitation signal (cutput from adder circuit 210) will

, be relatively small, thus giving rise to the possibility of a relatively large contribution

“as fr_om the fixed (e.g. algebraic) codebook 21. Because of the aforementioned
| ~ sparseness of the fixed codebook entries, it would be advantageous to select the anti-

~ sparseness filter of FIGURES 7-11 rather than that of FIGURES 12-16 because the

' filter of FIGURES 7-11 provides a greater modification of the sample block than does

the filter of FIGURES 12-16. With larger values of adaptive codebook gain, the fixed

30 codebook contribution is relatively less, so the filter of FIGURES 12-16 which

provides less anti-sparseness modification could be used.



anal ysis. 30 ‘ FIGURE 5 il lustrates anot her exanple
I npl enent at i " the ASO of FI GURE 2. The arrangenent of FIGURE 5
can be char a&%%’?@g‘; as an anti-sparseness filter PCT/SES8/01515

- 5- designed to reduce sparseness in the digital signal received
fromthe source 11 of FI GURE 1. One exanple of the"
anti sparseness filter of FIGURE 5 is illustkrated in nore det ai |

in FIGURE 6. The anti-sparseness filter of FIGURE 6 includes a convol ver

5 section 63 that VRN et fest g@ﬁ I gnal: [
fromthe fixed (e.g. ﬂgfp%sgﬁtaf}begral Cc scglgjé}gc%kmgl% t5$<';1r§’9\i ?r%{lé ?gg %&q
response (at 65) chasmtdriztiedofs giveaspedch-spgment to determinef whether. anBhisovo pitchttoon

of one exanple of the FIGURE 6 anti-sparseness filter is
illustrated in FI@J??%S“’?-SRT?WCSS aracteristic ass°°‘?‘i°é§3[‘é‘ ‘gﬁét ﬁeﬂnﬁ%ttra_t es an _
exanpl e of an entry fg?&@éoﬂ%l %n%eﬁ%%?%?é%@ne@@ﬂt&%aﬁ@iﬁb%m

non-zero sanpl es out a total of forty sanples. T spar seness
char act eri st8 ¢ wi lideabeonvehition cwhidh privdiden smipothet dperstianecadse dovkriseprocasping s

can be increased. way t.Q [ncrease the n r. of non-zero.s l.es, is . to
2ppl y the oG85 A5 5ROt FAPTORVoE REE Bopkvise PRIREER i AT in the
sui tabl e charact efho%é bﬁ:ﬂlﬁesdbu%ﬁglcﬁzﬁwise grocessing RSoereRfyd i wrastedeats idvestion,
bl ock of forty sanples. | GURES 7 and 8 respectively 15° illustrate the
magni t ude and pharqthey iy mefelhrassharagteristia aftheseanyentional{GEIR spegelsencoiér{decoder

structure shown in the examples.

10 A closed-loop version of the method can be used. In this case, the encoder

takes the anti-sparseness modification into account during search of the codebooks.

This will give improved performance at the price of increased complexity. The

(circular or linear) convolution operation can be implemented by multiplying the

filtering matrix constructed from the conventional impulse response of the search filter

15 by a matrix which defines the anti-sparseness filter (using either linear or circular
" convolution).

FIGURE 17 illustrates another example of the anti-sparseness operator ASO
of FIGURE 1. In the example of FIGURE 17, an anti-sparseness filter of the type
illustrated in FIGURE S receives input signal A, and the output of the anti-sparseness

20 filter is multiplied at 170 by a gain factor g,. The noise-like signal m(n) from
FIGURES 3 and 4 is multiplied at 172 by a gain factor g,, and the outputs of the g, and
£, multipliers 170 and 172 are added together at 174 to produce output signzﬂ B. The
gain factors g; and g, can be determined, for example, as follows. The gain g, can first
be determined in one of the ways described above with respect to the gain of FIGURE

25 3, and then the gain factor g, can be determined as a function of gain factor g,. For
example, gain factor g, can vary inversely with gain factor g,. Alternatively, the gain
factor g, can be determined in the same manner as the gain of FIGURE 3, and then the
gain factor g, can be determined as a function of gain factor g,, for example g, can
vary inversely with g,.

30 In one example of the FIGURE 17 arrangement: the anti-sparseness filter of
FIGURES 12-16 is used; gain factor g, = 1; m(n) is obtained by normalizing the
Gaussian noise distribution N(0,1) of FIGURE 4 to have an energy level equal to the



which is operable to appropriately disperse the energy throughout the forty
sanpl es / he FI GURE 10 codebook entry. The filter of FIGQURES 7
and 8 alters‘Y%89ﬁ%5 e spectrumin the high frequencﬁwawgg&ﬂgﬁﬁeen
2 and 4 kHz, while altering the | ow frequency areas below 2 kHz
only very marginally. The magnitude spectrumrenmains 20 essentially
unaltered by the filter of FIGURES 7 and 8. _g. Exanpl e FI GURE
9 illustrates graphically the inpul se response of the all-pass

filter defined by The: | & ! ' T9RE I}%ﬁas
produces ﬁﬁé@éﬁ%o&@%ﬁs&n dt%gmg%%%%ﬁi%ﬁgﬁﬁge&'}%i%% cE)‘ n s
FI GURE 10 bl ock ofilter at 200 Hz; aslrgairefactoBegcin 868 ofithe fiwelbbatshoeingaines are
provi ded fromthe code s Jbl.ocks of 25 f or ) | es.. the

convol ution operation P@{E%ﬁflgr‘h&m%ﬁ # ml?'é{ WS@%#&%@@&%‘% an%-sparsenes.s
sanpl e in FI GURE d@difichtonicestting tdheiinVentiote dARLS, the 1bvellof StirdcRBss' (TIHY dctlelin
t he convol ution operation. Taking the sanple atggos.l tion 7 in

FI GURE 10 as5an espgagh signal is estimated. hEhisican e 3loneraffrling ercadaptvely doting speach

assigned to positions 7-40.0of the, FL 11 result ock d the
remai ning 6 mult iEfPF??ﬁ’t“go qrgﬂmlf’ g}%p%oggb%o}%ﬂg.ﬁgﬁ@ﬁée 8%%8%&8% '&?ﬁ
to a circul ar conyphgléd Sy Delcsei toeash6thel BAart dpait, Aisaltidgsh 9aBHNg @parseness;
positions -6 of the result block. The 40 internedi ate

mul tiplication rewheness jrorpgularpwiye eedehook, the distanes between wmnles isdixed.Gothe 10
Sarpl e are 55| sk AL RD AYSPF BTt st apaegss oo
needs no wap ar odérekmifiéd. This step can also be perform’ed off-line or adaptively during speech
processing as described above. As another example of adaptively determining the
anti-sparseness level, the impulse response (see FIGURES 6, 9 and 14) can be changed
from block to block. At 185, the selected level of anti-sparseness modification is
af:plied to the signal.
15 " Ttwill be evident to workers in the art that the embodiments described above
‘with respect to FIGURES 1-18 can be readily implemented using, for example, a
';suitably programmed digital signal processor or other data processor, and can
" alternatively be implemented using, for example, such suitably programmed digital
signal processor or other data processor in combination with additional external
20 circuitry connected thereto.
| Although exemplary embodiments of the present invention have been
described above in detail, this does not limit the scope of the invention, which can be

practiced in a variety of embodiments.



each posjtion in, the result block of FIGURE 11, the 40 internediate

mul tiplicatigpg results assigned thereto (one mul tiplication result
per sanple in Fgcgﬁg 10) are summed toget her, and t haf CZ{FkP3/01515

represents the convolution result for that position. 5 It is
clear frominspection of FIGJRES 10 and 11 that the circul ar convol ution

operation alters the Fourier spectrumof thg.Fl GURE 10 bl ock so that the

energy is di spersed throughout the block, thereby dramatically
i ncreasing the nypRAT ISCLAIMEDIS: density) of non-zero sanples in the
bl ock, and correspondi ngly reducing the anount of sparseness. The

effects of per f or mi nglt he dmrappmatusmmmgsparsonesamammpubghgﬁhkmplai&'hlch

basis can be snpo t he synt hes 211 of FI GURE 2.

FI GURES 12- 16 i|HP2‘E‘g5F£'%¥ﬁ%‘!‘W8?e f"“i‘fest?%ﬂé“%é‘fgati on of an anti-
sparseness filter of the txﬂmpﬁhﬁ%GMEﬁﬂWdigﬂaﬁlgﬁE 6. The all-pass
filter of FI GURES 12 and 13 alters the E ase spectrum between 3 and

4 kHz Wi thoft s ubs 88 Ati-garsgness PPeIRieT cq P&aid iugye and 1espansivevto She

kHz. The inpul se. t I F 1

Ref erencing the f’é?s I%?gqfﬁif g}al pleﬁjo@fﬁ&gf%ouf&\lgd}%@ s;ig] }lugh l{ct aF‘I%&FiE
15 illustrates tgeqraceotanple wilusspsaid ﬁﬁﬂﬁﬁsdah%fk&npletvan&smhmg al gradter
the anti -sparseness operation illustrated in Fl GURES 12-16 does_not

di sperse the density&f apprygera samplervalies thapihe first paatienge of sample ealues) @mdrES
12-16 def t k
entry Igslsn'?hgz ?Rel fil terar(!.lelfm? 35@@(?%%&%%})&{%?9&%%& ?%%ér]‘}f}l ng ﬂ% Oge

filters of 1Bl GUREA dutbht digitalFsigddRES 12 16 define respectivel y

different levels of anti-sparseness filtering. A | ow
adaptive codebook gain value indicates that the adaptive codebook

conponent of the reCOQS”U%@dﬁpg%ﬁtuEaéﬂ O] B Bhert LAY arli QSRS oAU ¢

210) will _ be rel ative , thus ‘giving rise to the pos
of a relatively linolutes ecircuit foniaiding Rbthe input digital $1gral inoisd-liks.signahl gebr ai c)
codebook 21. Because of the aforenentioned sparseness of the fixed

codebook entries, it would be advantageous to select the anti-

sparseness filter of Bl GURERe a?ﬁmmatcﬁemahhan wheéreinO5aiff | dtiF¥parstresd Copfepstenis e
t he . filter. of FI GURES rovides _a greater nodification of the

sanpl e bl ock t hainclesiss 2 filter couplediia wmnmén t%ﬁhrcﬁmmumg%l sighal.h | ar ger

val ues of adaptive codebook gain, the fixed

15 4. The apparatus of Claim 3, wherein said filter is an all-pass filter.

S. The apparatus of Claim 3, wherein said filter uses one of circular
convolution and linear convolution to filter respective blocks of sample values in said

first sequence of sample values.

6. The apparatus of Ciaim 3, wherein said filter modifies a phase spectrum
20 of said input digital signal but leaves 2 magnitude spectrum thereof substantially
unaltered.

7. The apparatus of Claim 1, wherein said anti-sparseness operator
includes a signal path extending from said input to said output, said signal path
“including a filter, and said anti-sparseness operator also including a circuit for adding

25 a noise-like signal to a signal carried by said signal path.

R O 0 0



30 codebook contribution is relatively less, so the filter of FIGURES
12-16 which rovi des | ess anti-sparseness nodification could be

12- 4 WO 99/1215¢° P PCT/SE98/01515
The present invention thus provides the capability of using the |ocal
characteristics of a given speech segnent to determ ne whether and how nuch

to nodi fy the sparseness characteri.gg-i c associated with that
segnent . _ The convol ution performed in the FI GURE 6
anti-sparseness filtergcan phégpafitusdf Clainl 7, Vetireif @AM Eitet st alldbdss Hilter.
provi des snoot her operation because bl ockwi se processing effects

are avoi ded. Moreover, although bl ockwi se processing is described in the

above exanpl es, such bjockw.se Q j S N ract | e
nvent i on, oud-r at T SPReREF B (il PherbiBbAd Riled ] @' " Ercil
conventi onal CELP:ReRfibn anrkar éohoslaten to filter respectiverblodks lof s@tiphérvalugs ihee

exanpl es. 10 A cl osed-] oop version of the nethod can be used.
In this case, thefishsegyence of sample valugkes the anti - spar seness nodification
i nto account during search of the codebooks. This will give

| nproved performance at the price of increased conplexity. The

(circular orslinear) cthvol The apparatue ofCladn 7cwieréin saidfiltermodifies dyyhase spectrum
mul tiplying the ., filtering nmatrix constructed fromthe conventj gnal
i mpul se” response of therHBrwedigia! sigyal ut Jegves a mpggniude specirufy, ?Fogél“ﬁ’sﬁggl e
anti-sparseness fjlhers(using either Iinear or circular

convol ution).

11.  An apparatus for processing acoustical signal information, comprising:
an input for receiving the acoustical signal information;
10 a coding apparatus coupled to said input and responsive to said
information for providing a digital signal, said digital signal including a first sequence
" of sample values; and
| an anti-sparseness operator having an input coupled to said coding
apparatus and responsive to said digital signal for producing an output digital signal
15 ‘which includes a second sequence of sample values, said second sequence of sample
values having a greater density of non-zero sample values than the first sequence of

sample values.

12.  The apparatus of Claim 11, wherein said coding apparatus includes a
plurality of codebooks, a summing circuit and a synthesis filter, said codebooks having
20 respective outputs coupled to respective inputs of said summing circuit, and said

summing circuit having an output coupled to an input of said synthesis filter.

13.  The apparatus of Claim 12, wherein said anti-sparseness operator input

is coupled to one of said codebook outputs.

14.  The apparatus of Claim 12, wherein said anti-sparseness operator input

25 is coupled to said output of said summing circuit.

e ——————
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FIGURE 17 illustrates another exanple of the anti-sparseness operator ASO
of FIGURE 1. %8 obppasexanpl e of FIGURE 17, an anti-sparseness filter of the
type : i[Tustrated in FIGURE 5 receives input signal A FGHIEWMUSIS
out put of the anti-sparseness 20 filter is multiplied at 170 by a
gain factor g[err]. The noise-like signal mn) from FI GURES 3 and
4 is multiplied at 172 by a gain factor g[erd1]; and the outputs of the
glerr] and glerr] multipliers 170 and 172 are added together at
174 to produce output $5gnafTh@apphtatus of Claim 12, gékrein said antisspgiserigss operatofingof |
can be determ ned, for exanple, as follows. The gain g[err] can first

be determined in Hrfoupleditan quput of saidsypbigsis B6% with respect to the gain
of FlI GURE 25 3, and then the gain factor g2 can be determ ned as a
function of gain factor g[err]. For exanple, gain factor g[err] .
can vary inversely wit6gai Thé apparatug|cfr Claim A2, evheatin wald) codihg apparatus is an
factor g2 can be determned int sane. gﬁnneﬁ. s the g‘%bl%g()f FI GURE. 3, and

then the HEAgpArgps ¢ §eoustie OTRaHER S fRRfoustingl sgnal.
gain factor g[err], for exanple g[err] can vary inversely with
glerr]. 30 In one exanple of the FIGURE 17 arrangenent: the

anti-sparsen8ss filter1af TheapparatgiofORES 12 wh@einsaid seding gpriamtisis & decoding

glerr] = 1; mn) is ohtained by nor | zi.ng th . . Gaussi an _noi, s
Lot but i on' N0, sppeg i Atondtal BensL iR ouidfon inelues ingeFpiARoD Srhhich an
- 8- fi XedesuEGDSighaleHid befonstitiedset t i ng the cutoff frequency of
the FI GURE 4 hi gh pass filter at 200 Hz; and gain factor g[err] is

80% of the fixed codebook gain.
18. A method of reducing sparseness in an input digital signal which

includes a first sequence of sample values, comprising:
10 receiving the input digital signal;
producing in response to the input digital signal an output digital signal
which includes a second sequence of sample values, said second sequence of sample
values having a greater density of non-zero sample values than the first sequence of
sample values; and
15 outputting tﬁe output digital signal.

19.  Themethod of Claim 18, wherein said producing step includes filtering

the input digital signal.

20.  The method of Claim 19, wherein said ﬁltering step includes using an

all-pass filter.

20 21, Themethod of Claim 19, wherein said filtering step includes using one
of circular convolution and linear convolution to filter respective blocks of sample

values in the first sequence of sample values.

22, Themethod of Claim 19, wherein said filtering step includes modifying
a phase spectrum of the input digital signal but leaving the magnitude spectrum thereof
25 substantially unaltered. '

AR




FIGURE 18 illustrates an exenplary nethod of providing anti-sparseness
modi fi cati onwgoeakfllsng to the invention. At 181, the |evel of S_Farseness- of

the coded 5 speech signal is estinmated. This can be donePefPEIYHE D,
adaptively during speech processi ng. For exanple, in algebraic :
codebooks and nul ti-pul se codebooks the sanpl es may be close to

each other or far apart, resulting in varyLigg sparseness; wher eas

in a regular pul se codebook, the distance between sanples is fixed, so the

sparseness is constami3, AtTHSRethed SACIhiaP] 8 whend saf prodiicingstey i8E08&Sltering
nmodi fication is 10 determned. This step can also be perforned ofeflpgl ne

or adaptively duifirslsigpeldeebtain a filtereg signals andhedding aneise-like signtldo @ne of said
anot her exanpl e i . rya. ng the anti - spar seness

| evel , the inpul@tfgtgg@%élﬁéggléggtgeﬁrs%s 6, 9 and 14) can be changed
fromblock to block. At 185, the selected | evel of anti-sparseness

nodi fication is apﬁlpiedtotﬁe,si%gnal.‘la . .t will be
evident to workers i P4 he Hhamethed of; Fehersin said §ltering Hepiinghwipe using an
with respec to eﬁi-ﬁé@'ﬁﬁe}' 18 can be readily inplenented using, for exanple,

a sui tably programmed digital signal processor or other data
processor, and can alternatively be inplenented using, for exanple,

orocessor in combinathon e o 28 whern OB iene siprdpdepsing one
connected ther etgr circular convolution and ek QAIBIAYE P HREYreSERA G lﬁﬁ;@ﬁ ?fs’éagﬁ e§

present invention have been descri bed above in ‘detal
not limt the sceabeesadithetfost saqumee ofsamplé vdluesan be practiced in a
vari ety of enbodi nents.

26.  Themethod of Claim 23, wherein said filtering step includes modifying
10 a phase spectrum of the input digital signal but leaving a magnitude spectrum thereof
substantially unaltered.

27.  The method of Claim 18, wherein said producing step includes adding
a noise-like signal to the input digital signal.

28. A method of processing acoustical signal information, comprising:
15 receiving the acoustical signal information;
providing in response to the information a digital signal including a
first sequence of sample values; and
producing in response to the digital signal an output digital signal
which includes a further sequence of sample values, the further sequence of sample
20 values having a greater density of non-zero sample values than the first sequence of

sampie values.
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- 9- VWHAT- IS CLAIMED | S: 1. An apparatus for

reduci g sparseness in an input digital signal which pCt/BEdsies a
first sequéM@@¥S8anpl e val ues, conpri si §g:
i nput to receive the input dlgltal signal; 5 an

anti-sparseness operator coupled to said input and responsive to the
i nput digital signal for producing an output digital sign whi ch i ncl udes

a further sequence of sanple val ues, said furtherfsequence of
sanpl e val ues having a greater density of non-zerp sanpl e val ues
than the first guence oir sanpl e val ues; and an
out put coupled fo said anti-spfrseness operator to receivejtherefrom 10
said output digjtal 'gﬁﬁl. 2. The apparatusJ?f Claim
1, wherein said anti%%pé%?enes oper at or iincl udes a circuit for
adding to the ipput gigal signal a noise-like signal. = g
3. The appar htus ©t dEhin1 , Wherein said anti-{spars ng operfpt or
includes a filter coupled to said input to filter the input=igita signal.
15 4. The appafatus of A aim3, whdrein Shi%filtef is an
all-pass filter. 5. The appar gt us of Cla|n13, wher ein
said filter uses onp of cirjcul ar convol utijon and Ii near
convolution to filkkr respgctive bl ocks of sanple varues 1§ said
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first sequence of sanple val ues. 6. The appar atus of

Caim3, whergihon sg filter nodifies a phase spectrum 20 of said -
input digital signal” but |eaves a magnjtpdg spectrum thereof sUBHPEIHOIEAS y
unal t ered. 7. The apparatus of Caim 1, wherein said
anti - spar seness oper at or i nclud ignpal path extending from
said input to said output, said signal pE?&iE?. 2? including a filter,

and sai d anti-sparseness operator also including a circuit for adding 25

a noise-like signal to a signal carredby-—sald-signal—path.
-10- 8. The appafatus of laim7, whefein said filter
is an all-pass filter. 9. The apparatus of Claim7,
wherein said fil psp asqe@ ne of circplar convol utfon and |inear
convol ution to f g'géct—i-ve—b-l-v:ks of HIBHPASEI ues [A—trhew= m(n)
first sequence of $%&Pile) val ues. &
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FIG. 5
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5 10. - The apparatus of Claim?7, wherein said filter nodifies

a phase spectrum of the input digital signal but |ep¢esEss/n1515
magni t ude sPHEYPEHS her eof substantiglly ¢ unal t er ed.

11. An* apparatus for processing acoustical signal information,

conpri si ng: an input for receiving the acoustical
signal information; 10 " a coding apparatus coupled to
said input and responsive to said information forproviding a
digital signal, said digital signal including a first sequence of
sanpl e val ues; and an anti-sparseness operator

havi ng an i nput couplggd to said cadi ng apparatus and responsive to

said digital signal fdf it al gToTErTIR 12
i ncl udes a seddnd se§& bl d segond sepuence |l e
val ues havi ng gr eall & pl e vglugs than th
sequence of 12 The a S
of Claim 11, whierein” i nchuges g 4w pl uf 0;;
codebooks, a qupmi ng fifter, |saild cpTeboo ing
20 respectli ve out ive inputls of said su
circuit, and 9a1d - aviing an joutjput { coupl L
i nput of said jsynt hedi Jo 13.1 [Thedappar o
Claim 12, wherle]n sai o < nput s ™
to one of said fodebg
| '’ 7| PR R
b -t - D [~ -ﬁ :‘r_’
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14. The apparatus of Caim12, wherein said anti-sparseness 'operator

I nput 2 5 is coupled to said output of said summ ng circupdr/sE9s/ 1515
-1 1- WO 99/12156 15. The apparatys of Caim 12, wherein said
anti - spar seness operator input i's coupled to an output of said
synthesis filter. 16. The apparatus of Caim 12,
wherein said coding apparatus is an encodi ng apparatus and the
acoustical signal information includes an acoustical signal. 5
17. The apparatus of Caim12, wherein said coding apparatus is a
decodi ng par at us anq\,t he acoustical signal i nf ormation i ncl udes
I nformation from wﬁch an x acoustlcaé si gngl—is—t cbe can .
18. A et Fof™ r du0| g/spat@enes$ 1l anjsnput digif al 5 gnal
includes a [{rst s@guende (of sigpl e VYal ues, j conpri §i ng
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10 . receiving the input digital signal;

produci ng..in response to the input digital signal an out put cygg,gl%b,oglgnal
whi ch i ncl use9%id8cond sequence of ? d; val ues, said second sequence of
er de

sanple val ues having a grea nsity of non-zero sanpl e val ues
than the first sequence of sanpl e val ues; and 15
outputting the output digital signal. 19. The net hod of
Claim 18, wherein said produci ng step includes—ft+terrmg The input
digital signal. 20. The nethod of i erlei n
said filtering step includes using afp al | 2
21. The nmethod of Clgim 19, wherleih said fijteri i =8t usi ng
one of circu convol utijn a_p&l i ne ,g_og@ [ te
respective bl ocks of S&8Mple %es [ A iEs of | sanpl e
val ues. . 22. - a ﬁm,
filtering step includ dif ‘c@ a 3&%32 i nput
digital signal but |eaw#ng th § pec BJmlt
substantially unalter ELL (75} =
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-12- 23. The met hod of Cl aim 18, wherein sai d produci ng

step includes filtering a first signal to obtain a fp 0881515
signal, andWR#H35& noi se-like signgl jtg one of said dﬁ?%st si gha
and sald filtered signal. 24. The net hod of C aim 23,
wherein said filtering step includes using an 5 all-pass filter.
25. The nmethod of Claim 23, wherein said filtering step includes using
one of circular convolution and |linear convolution to filter
respective bl ocks of sanple values in the firstgsequence of sanple
val ues. 26. The met hod of O aim 23, erein said
filtering step included nodifying 10 a phase spectrun&of tﬂ? I nput
di gital signal t leadli ng a nmagni tude spectrum t her eof
substantially dndltered _27.  The net QEE§£%|H118
wherein said producin p incl S addi n&& an signal to
t he i nput digi@sigdl' £ % Bg
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28. " A@et hod of processing acoustical signal information, co 23 '
receiving the acoustical signal i'nformation; . . A
providing in r{3@Pfise to thevirm Breratdron raomiRYy drehnisitgnal i ncl ONEEEY _

first sequence of sanple val ues; and ™Memetional Bureu produci ng in

r espons eINTERNAJIQN A% MPUQP@E@? PEBLIAHERUUNDER i THE PATENTACOOPERATION TREAGY (PCT)

I ncl Yasmarmatibhd Peknt RGSRIAGES Of Sanplje va S, the Tner. sequence

sanplg gn " yal ues havi ng a greatqr ﬂ;ah@ﬁ?@r%t?mﬁ%%‘?@f"&“?g%bl e va%%gwln“
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