IVETHCD O: AND APPARATUS FCR SPEECH COVMUNI CATI O\I This i nventl on reI ates

to a nethod of, and apparatus for, speech communication and specifically
to digital voice transm ssion syst and to a method of protecting

mul ti - pul se speech coders agai nst the~effects of severe random or fadi ng
patter bit errors, comon to digital nobile radi o channel s%

Li near Prediction (CELP) and Multi-pul se Linear Predictive %%%C)
are two of the nost pronising techniques for |ow rate speech coding. Wile
CELP hol ds the nost prom se for high quality, its conputational
requirements can be excessive for some systens. MPLPC can be inpl enent ed
with nuch | ess conplexity, but it is generally considered to provide | ower
qual ity than CELP. “RD-19, 346 Multi-pul se coding was first described by
B.S. Atal and J.R Rende in "A New Mbdel of LPC Excitation for Producing
Nat ural Soundi ng Speech at Low Bit Rates", Proc of 1982 | EEE Tnt. Conf f*
Acoustics speech and Signal Processing, May 1982, pp. 614-617. It was R
descri bed as an inprovenent on the rather synthetic quality of the speech "%
produced by the standard U.S. Departnent of Defense (DOD) LPC-10 vocoder.

The basic nethod is to enploy the Linear Predictive Coding (LPC) speech
synthesis filter of the standard vocoder, but to excite the filter with

nmul ti pl e pul ses per pitch period, instead of with the si ngl e pulse as in

the DOD standard system In |lowrate speech coding systens, bit errors

can introduce appreciable artifacts into the decoded speech. For exanple,

at a bit error rate (BER) of 5% an unprotected 4800 bit/second multi-pul se
speech- coder would exhibit poor intelligibility in the output speech.

Since a random bit ' :

METHOD OF, AND APPARATUS FOR,

SPEECH COMMUNICATION

This invention relates to a method of, and apparatus for,
speech communication and specifically to digital voice
transmission systems and to a method of protecting
multi-pulse speech coders against the effects of severe
random or fading patter bit errors, common to digital mobile
radio channels.

Code Excited Linear Prediction (CELP) and Multi-puls?
Linear Predictive Coding (MPLPC) are two of the most -
promising techniques for low rate speech coding. While CELP
holds the most promise for high quality, its computational
requirements can be excessive for some systems. MPLPC can be
implemented with much less complexity, but it is generally
considered to provide lower quality than CELP.



verror rate of 5% is nof uncommmon inmg.'sgital nobi | e radi o, protection of the
coder agai nst random pattern bit er -artifacts is very inportant. In

.addition to randompattern errors, nobile radio exhibits a nore Xﬁ g

~error effect known as fading errors. Fading errors occur when a 4] a6
vehi cl e encounters an area where the direct and refl ected signals conbine
destructively andﬂqﬁtdd-wdslel tcddaimg wassfirat deseribed by rBc®i vAtal Sand’
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out put BER 0 0.2-0 Unfoftunately, in ,
- kbi t/ secondS¥88PRy channel nodel, it provides no inprovenent. Thus; a

rate. 1/ 2 convol uripongbweeaere szemn dedifig l&ytaﬁém& f asit anglordy¥s can
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'evasi ve acexamplejt Atnat bétspesor datedi &Bjk)l g:ﬁ |5!h,maxSymlermteoted 4800
~acconpl i sh gyeh J&fld Wietﬁdﬁl@fgagesﬁgew:e coder would exhibit poor
intelligibility in the outp_ut speech. Since a random bit
error rate of '5" is not uncommon in digital mobile radio,
protection of the coder against random pattern bit error
artifacts is very important. ' |
In addition to random pattern errors, mobile radio
exhibits a more severe error effect known as fading errors.
Fading errors occur when a n\oving vehicle encounters an area
where the direct and reflected signals combine destructively
and produce little or no signal level at tho_ recelv__er.’ Such
o fades occur in a quasi-periodic fashion, where the length of and
~ time between fades, depend - on the vehicle speed, transmission
rate, a_nd'carrie_r frequency. During a fade, all information
is los't';- and a random stream of bits is sent to the speech
decoder. Thus the speech coder operates with occasional
bursts of an effective 50% BER. These bursts produce severe
short-term "whoop"™ and "splat®" artifacts in the speech
output. Conventional error protection schemes (such as
convolutional coding) cannot protect against most fades.
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then some degree of fade protection can be achieved by taking
"evasive action" within the speech decoding algorithm.
Systems to accomplish such result take advantage of the
quasi-stationary and periodic nature of the speech signal by
interpolating or holding over spectral and gain information
from a previous usable or "good" frame. Such system is
described by N. DalDegan, F. Perosino and F. Rusina in
"Communications by Vocoder on a Mobile Satellite Fading
Channel®, Proceedings of the IEEE International Conference on
Communications = 1985, (ICC-85), pp. 771-775, June 1985, for
a standard LPC-10 vocoder.

The DalDegan et al. method detects: fades using what they
characterize as a "Signal Quality Detector" and by estimating
the LPC distance between contiguous frames. Presumably, if
the quality detector indicates an unusable, or "bad" frame,
and the LPC distance measure between the "bad" frame and the
previous "good" frame is above a threshold, the algorithm
wiii reuse the previous frame's LPC coefficients; or, if a
faded frame occurs between two ¢good frames, it will
interpolate the LPC values from the surrounding frames for
the bad frame. While the DalDegan et al. algorithm also
interpolates (or holds over) values for the pitch period and
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15 protected in multi-pulse speech coding that will result in the best
performance while mnim zing the hardware and software required to support
the protection scheme. According to a first aspect_.of the present
invention, there is provided a method for- protecting 20 nulti-pulse |inear
predlctlve speech coders fron1fad|ng and rigdem pattern bit errors
conprising the steps of: selecting perceptuall'y significant bits of nultl-
pul se encoded sbhecgaéauaﬁst@pgnpg proyidec anyd proftectienndusingbei ng

sel ected from %éﬁlo&& btneaaaeﬁt bumtaimpéﬁofr%equq%cre@mi:&bcheaagb.'atls
pitch lag bits, v0|ied unvoi ced bits,

_ Bltch tap gain bits @ S l'i tude
bits, and pul sel®¥e tWGﬁsBFﬁgenﬁeﬁQr&P ﬁ&aﬁﬁb5%§uPE°§P"§8| g8 8ee®d bits:
nerging sai d chegdeuns and said selected bits; 30 codi ng the merged

| ected bit d heck di t |
pcoduce an ot put o HRAF 18: SHPREAcERng PRRROR CTEY BAPLeFFB.mPaARSh
errors; conblnlhgeteﬁfeonsobﬁtbonalrpndoueanduﬁpdﬂnglga&te%ﬁ errbrs
nonsel ected bl loni b LE%nfliak! 10¢k58 SOQQR%QdSI?ﬁe gttra piEgnsmtiing

t he conbi ned convo?utlona out put s and nonsel ected bits.
According to a Eﬁébﬁvi§§ﬁécf°6feFHQrpﬁ9§€ﬁFt onnpEndpgactianl e@Bs provi ded
a multi-pul se iggggbeQQer/decoder systen1mh|ch m nimzes the effects of
fadi ng and random pattern

_ error a m, conpr i, Si n nsmtter
means i ncl ng: fraft@ §BPP@&mﬁB§n9§f5i sBF@é %giﬁgggﬁﬁ?ﬁagP9L§0%
si gni fi cant bitpretidal ai 1pwl-eeerheadesieshodc foropeotpetingt mdlti- '
convol uti onal encfggrsﬁggghegoagrﬁakgoﬁr%ﬂs effects of severe random
. or fading pattern bit errors.
Another embodiment seeks to select bits to be
15 protected in multi-pulse speech coding that will result

in the best performance while_minimizing the hardware

and software required to support the protection scheme.
According to a first aspect of the present _
invention, there is provided a method for protecting :

20 multi-pulse linear predictive speechi coders from fading

- and random'pattern bit errors comprising the steps of:

_ | selecting'perceptually sighificant bits of multi-
pulse encoded speech parameters to be protected, the
parameters being selected from a set of line spectrum

25 pair frequency coefficient bits, pitch lag bits,
N - . voiced/unvoiced bits, pitch tap gain bits, pulsé
amplitude bits, and pulse position bits;
generatihg checksums of said selected bits:;
merging said checksums and said selected bits;
30 coding the merged selected bits and said checksums.
| according to a convolutional code to produce an output
signal for protecfing transmitted data from random |
errors; - o |
combining the convolutionally coded output signal
35 with nonselected bits of the multi-pulse encoded
speedh; and |



sorter means for coding the selected bits to protect transmtted data from -
random errors; and 15 a nultiplexer coupled to said franme sorter and
sai d convol uti onal encoder for comnbining the convolutionally coded sel ected
bits and nonsel ected bits of the nultkspulse encoded speech for

transm ssion to receiver means. 20~ ~The invention both as to

organi zati on and t ho € i b o) ref erence

to the follow ng ﬁ?ﬂ'&sﬁj’rg{*r\% Q&c%%ﬁ%%ﬁ%éﬁ%t%g% th the

acconpanyi n@utipat rajgnal vand fnonselegted Bits. a bl ock di agram showing the

I npl enment ati on Ofaéél?rd)ﬁﬁ %Mtéi&ﬁ_&%%mf%aggfmque; Figure 2
pec

Is a graph show ng res ively the 1nput, the excitation and the output

signal s in tinventlam, sthake | 48 prRyided &imylteli-pulse speegh| o showing
the prot eciderdbdtid® i Hfd s REch hiinhifzds Al éffsbtspof frame, to

the multi-pulse recejver .in _the pratgction system of _the invention; -
Figure 4 iséé 'H:I{"U* mfp?g?%égkftp?ﬁ%ﬁ AP F¥RF®cording to the
p_reselnt inv;ﬁﬁdmsﬁgywmﬁsﬁitsteagrwmmin@pectively, t he E[np'tjtd
signal waveform oY, \Y péggémﬁ e protecte

out put signal wa %“%F,_Q#%g %%'?%r#és%o% In Fi Lﬁge or 'f'f error

ef f ect s 10n signigHcant dvitp 0f cnwltirpulse encaied spepchtabei ng

respectivel é:ﬁ#“ecéé@:ut signal waveform the unprotected output signal
wavef orm and the protected output signal waveform of the s%stem shown in

Figure 4 for bit &qeavelyeional encodes, eauplag tih $atd £¥8m@ enpl oyi ng
the basi c mydptdi!msans CHo¥: GsBaLEd "thé e Iedted (b e t6 yptetestown in
Figure 1, the input si n&tl at _A
transmitte ata from random errors; and
15 a multiplexer coupled to said frame sorter and
said convolutional encoder for combining the
convolutionally coded selected bits and nonselected

bits of the multi-pulse encoded speech for transmission

to receiver means.

20 The invention both as to organization and method
of operation, may best be understood by reference to
the following illustrative description taken in
conjunction with the accompanying drawings in which:



‘(shown in Figure 2) is first analyzed in a linear predictive coding (LPC
analysis circuit 10 to produce a set of linear prediction filter

.coefficients. These coefficients, when used in an-all-pole LPC synthesis
filter 11, produce a filter-transfer f nction that..closely resenbles the
‘gross spectral shape of the input sSTgn A feedback | oop formed by a

pul se- RD- 19, 346 generator 12, syntheS|s filter 11, weighting filters
13a and 13b, and an error m ni m zer 14, generates a pul sed excitation at
point B that, when fed into filter 11, produces an out put waveform at point
C t hat closely resenbl es the input maveforn1at point A..This is
acconpl i shed by Fdiguse dg jmilacbpoekt ddagramd shopiiinigudsse t tmplenentat ibe

perceptual | yeWejhghpgd g Mﬁggpé@é)gtggggc depl&?yt%aéhptﬁ fRut sequence and

t he i nput sequence. rac € ‘excitation for
filter 11, and tFigure ghd-\ﬁsatm; Rhowlingharespeqtivelystthe idput, the

réSenbl anceesaa&qaelns a”’ﬁd' Rl é\:ﬁ?@toﬂi%talg SMU@ ﬁ},ﬂt@ﬂ sB%%epMa' -

wei ghti ng |s rovi ded by. wei-ghting ters 13a and transfer
function of F19RER $fl1ters is derived fromthe LPC filter coefficients. A

nor e go][rpl ete unsle!;s:tzeenot! ngisf. zheltmé:l f’@lhbhiﬂ@' iﬁﬁ@cwfauecw 3%nd
gai ned from one tal et e_partjcul ar coder
|ntendedt()%£ 8ﬁﬁF%ﬁ&j tfh f%F?e% éﬁéﬁ% ngmiﬁ?m%htFBnFEFof
‘the gener almuilpé -paxicse bmbceuvepentinngthls Parentectpl.pdn caysusmsesf alt NOS.
07/ 353, 856 { fgﬁ and 07/ 353, 855 (RD-19291). Such- a coder achieves

nt

hi gher quallty | e output speech by reconciling differences between the
estimator and t hBignreed ofs aacRtoekcddagrameaf phedibasic GﬂEiﬁ%CWI¢me

coder. The %@&n%@ééé&'ﬁ% £ i (e detit qaw&n%rlensol ved for
si hral t aneously to, m nim_ze, t he estlnator biias in the CELP. excitation.

Increased signdl 1988® Roilke ar &45aph j showing, respectively, the input
signal waveform, the unprotected output signal waveform and

the protected output signal'waveform of the system shown in

Figure 4 for bit error effecte in a 5% BER random pattern;
- and _ o - | l.
Figure 6 is a"_graph: showing Irespectively the input
'signal waveform, the unprotected output Signai waveform and
the protected output signal waveform of the system shown in
"Figure 4 for bit error effects in an 11% BER random pattern.

In employing the basic multi-pulse technique using the
conventional system shown in Figure 1, the input signal at A
(shown in Figure 2) is first analyzed in a linear predictive
coding (LPC) analysis circuit 10 to produce a set of linear
prediction filter coefficients. Theee coefficients{ when
used in an all-poie-LPc'synthe31s filter 11, §roduce a filter
transfer function that closely resembles the gross spectral
shape of the'input signai,: A'feedback'loop'formed by a pulse-



acconpl i shed by nodi fying the pitch predictor such that the pitch synthesis -
filter accurately reflects the estinmat+gQn procedure used to find the pitch
tap gain, and by inproving the excitati pn-anal ysis technique such that the
pitch predictor tap gain and codeword gain are solved Hp»19,346 -
si mul t aneously, rather than sequentially. This does not result in an

[ dt ] SS| t f0 t ' ' f,.th
CELP codIngeratnF . hs rakPeRpl el rtat s A L0 P EohR AR 1Tt bk e 190"
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1 bit input wavzf%oﬁ {)e ?‘gl on bf?g?r% |.t cEﬂ rl'éa‘l“(a ?’?j
20 bits pupse pesitions and amplitudet 6toi wnimizo thozpemsptmlm on ¥

6 bits ighted Ui Frdferd® bétWéer the candidat 63%:%
24 bits ‘F"SSIgtlgn bi ¢ output bi t g":Theuld

transni t FB@ cﬁﬂ%ﬂ"&r SEGUANER; | n?G‘Fﬂo'gr’&lpgiqt‘ﬁBctzr aﬂ‘%ﬂﬂ%l the Pya®t o
whi ch ar gxegtatdere for filter I/ andi tatccncamkomt the Jutpata siiynAl are

N4 sanpP8 SR - B¥BtaRL  INY FefiSEhnge. BF Biuhals H¢ LsPUE K Ard oo

so t he sobtpate Gishouldubealnoted. saﬁplrcsptm spkqhthhq i sf @mmltiid:d is

corrprisegy %1&:9:&#& filters13a and 13b. The transfer function of
these filters is derived from the LPC filter coefficients. A
more complete unders_tanding of the basic multi-pulse
technique may'be gained from the aforementioned Atal et al.
paper.

The particular coder intended to be employed in the
preferred embodiment of the invention is of the general type
described in comdim US Patent Applications Serial Nos.
07/353,856 (RD-19318) and 07/353,855 (RD-19291).

Such a coder achieves higher quality in the 6utput
speech by reconciling differences between the estimator and
the filter of a code excited linear predictive (CELP) voice
coder. The pulse amplitudes and pitch tap gain are solved
for simultanecusly to minimize the estimator bias in the
CELP excitation. Increased signal to noise ratio is
accomplished by modifying the pitch predictor such that the
pitch synthesis filter accurately reflects the estimation
procedure used to find the pitch tap gain, and by inprov:lng
the excitation analysis technique such that the pitch
predictor tap gain and codeword gain are solved for
simultaneocusly, rather than sequentially. This does not
result in an increased transmission rate or significant
increase in complexity of the CELP coding algorithnm.

Table 1 provides the specifications for such a coder.
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“posi tion. Bgsition 1 - 6 bits 24 bits
' Amplitude 2 6 bits 24 bits
Position 2 6 bits 24 bits
 The transmitted data are divided into'two groups:
spectral and pitch lag data which are sent once per frame,
and excitation and pitch tap data which are sent four times
per frame. . Each subset of excitation data represents one N/4
- sample subframe of speech. For low-rate coders, N is
' frequently 256, so the subframe size is usually 64 Samples.
- The spectral information is comprised of 10 LPC
' coefficients. For transmission, the set of coeffiCients is

first translated'into 10 line spectrum pair frequencies
(LSPF) . Each pair of line spectrum frequencies is scalar
quantized as a discrete center and . a difference frequency.
The total hit allocation for LPC coefficient transmission is
The bit allocation for each LSPF is given in
Table 1, above. (It will be noted that ‘'LSPF difference
frequency S is not transmitted - instead, a long term average:
~ is employed.) | - :

The pitch lag is an integer number between 32 and 120.
For transmission, the 7-bit binary equivalent is sent.

the set. of coefficients is first transl ated
i ne spectrum .



I's indeed true. The problemis to determ ne which group of bits require

the nost protection. The optinal group of bits to protect can be determ ned
by first deriving or nmeasuring the rturbation (or SNR | oss) of the output -
signal as a nultivariate function-of [t-he probability of bit error in the N
bits in the frame. The maxinma of this function can be anal yzed for the

pur pose of determ ning which bits to protect and how nmuch protection to

apflhy Folr a ‘!hﬂ})h‘ﬁb‘ﬁm@ smﬁsaéﬁshmmue:auiﬂﬁédmsflt %ecaihlﬂe gggi ved
el er ana C | C ne system e ovlI an
8-bit [erty H \7\)f s ( (‘&s %’é crehe Cﬁ?%‘%‘?‘éﬂdﬁ?g 8F'§|lra*§P)éﬁé|’epHonpr¥éiel £3r
transm ssvcn:hcécb/unvgoimdl dwusjudeci siowt | and othei gubframerlp tsch Hoapver
for a corgdex, Sl eMpul §&Chwid {on§Vlalde p!ﬂhi%gﬁ(}deﬁuﬂﬁéi‘&' Regh f0RY Sy

there are 159 bits in a frame, each of which produces a unique e ect
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met hods, I's currently beyond aval | e conputlng resour
reasons 439 AHMax 2lgarifiim (detazdariyed ealae gwpndizenio eAsBse

t he bits pwlde amplitude. isFaﬂ.lbheeplrésmsl.nverHe cpﬂ,tchtm sgaipe Petkni que
has been | oye rst stage, conput Si tion S run
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chance ofnumibet efr itfor ferpaaichc subfbane Wwishid0;a thasgel2Borbitsmnpee, for
run #1, afrgReOrareuldsed! Vebe Bleitacibg Tanadt piech(tbgpnvééiﬁl g{Bj i cant

bit) of LSP (l'ine spectrumpair) center frequency #1, ot her
bits |efinformatged. Iforthenpixcher Lags ans eLRGdedats y |inet he téoend
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transmitted Conparing the measured out put signal -to-noise:ratio
( SNR) forp%‘écﬂ’% A t$MTfor a run with no errors provided an indication

of how nuch arF6tr @ predictive speech coder, such as a multi-pulse
coder, the effect of bit errors on the output speech quality
depends on: 1) the coefficient that is perturbed by the
error, and 2) the significance of the individual bit
perturbed within that coefficient. For example, one might
expect that a bit error in the most significant bit of a
pulse amplitude creates more havoc in the output than an
error in the least significant bit of a pulse position. This
is indeed true. The problem is to determine which group of
bits require the most protection.

The optimal group of bits to protect can be determined
by first deriving or measuring the perturbation (or SNR loss)
of the output signal as a multivariate function of the
probability of bit error in the N bits in the frame. The
maxima of this function can be analyzed for the purpose of
determining which bits to protect and how much protection to
apply. For a simple speech coding technique, this function
can be derived either analytically or by numerical methods;
e.g., a system employing an 8-bit H-law PCM (as per the CCITT
standard digital telephone transmission format) would produce
a function of eight variables. However for a complex system



*a specific bit within a frame perturbs the output signal. The run nunbers
with the largest drop in SNR (conpaqu _the no error run) indicate which
*bists are the nost sensitive. One drawb in using the nethod described -
" “above is that the effects of nultiple bit errors within a frane are not
taken into account. Errors:in several different.:biits could conbine to
produce a nmuch larger artifact than a-single error.. Wth a 5% random bi t
error rate, &V &hdheoimelghroplse ceoder deegriUed|ago&aehtheaee;rehaﬁeby

nearly aSSU“Hllé”fﬁeachQhemﬂéddﬂEb?'&hf&ﬁob§ohﬁd§¥”hfﬁ e%?gc?eihgn

limt of the system Durin Lnitial - testing, an occurre
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by the conpu tlon describ above. e.results at 5% random .
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renai ned. Exawadﬂa@leheohpstinﬁ pesbaetesd. and unprotected bItS it was

ted that only a f ralg fICI
g(r)ot ect ed. SYHC%%‘I pF %Eétbggt %ﬁfﬁ%ﬁ%” \a p? °% ggggﬁﬁliﬁf‘ﬁde |
artifacts whamstwieoempdoyed soushopsgaithe &dQSdmgtbebewotehmsdeffsbt whe
not UneXpeCtQQeSE@%5i¥¥eﬁkf3ﬁgeaoﬁw5h§t9be %@dﬂﬂf#ﬁétﬁi?”bgeﬁ ﬁ%?ed

hand-tune the sel ection based on the. sinulFation results and person
expertise. THE g fikategtageora (ForRetes siralatignywasi fupi gomprising

whi ch shows 159 tihdependent Bpeegh' ecadeOruhie mlthl eaéhs]?uﬁloﬁﬁ'bé.n‘ghﬁr %b'%
T A SR NP R TR XY
LSP/ LPC dat aFare exampieot eﬁrtzed:;urel #Ii nahi egrolre coudd aisly wdsead€din the
ororcet co” “ERCRFTRE (186 Rope ML bLUF Bl €89 LR THRLELE
pair) center frequency #1, with all other bits left
" unchanged. . For run #2, errors were made only in the second
bit of a frame. The process was continued for all 159 bits
in a transmitted frame. :Comparing the measured output
signal-to-noise ratio (SNR) for each run to that for a run
with no errors provided an indication of how much an error in
a specific bit within a frame perturbs the output signal
.The run numbers with the largest drop in SNR' (compared to the
'no error run) indicate which bits are the most sensitive.
One drawback in using the method described above is that
the effects of multiple bit errors within a frame are not
o ' taken into account. Errors in several different bits could
combine to produce a ﬁmeh larger artifact then_a single
error. With a 5% random bit error rate, an average of eight
bit errors occur during each frame, thereby nearly assuring
presence of'multiple bit errors in each frame at the design
limit of the system.
During initial testing,' an . occurfenée' of the
aforemehtioned problem was observed. A protection scheme was
'then implemented that covered eighty of the most significant
bits,_as determined by the computer simulation described



protected conprise the voiced/ unvoiced decision bits, the three nost
significant bits for Anplitude 1, and the two nost significant bits for
Anplitude 2. A total of sixty-Lhrkk-speech data bits are protected. A
convol utional code was used to protect the sixty-three selected bits from
random pattern bit errors. Different codes of rate 1/2 and 2/3 were

tested, T, te 2 CcO e Nefeal bl 0 cqr.rect 5% random bit
e(rafo(ras. I—iiol\?'\é?/gf, tﬁger a€g§‘{ Eco%%s%f‘argénggﬁt e%ﬁ'as WRLIE + §8°%¢ 1 %F € one
exper i nerf :$8BRO1NtRG  PeGansegmany specsral 2 agurhAAct $ orcemainied .
(Tabl e 2)Exfiinihgsene Th8t! ofSiprict edtied W'%#&Ee&é@%iﬁfeﬁ was
protection mger 83 t he gfcon i s sinpler and performs only slightly worse.
In each d}e%e thg A%t i ALY (2PBPtJcBAdE \RE h Yhe d BER/LPGns SReChERY.

TABLE 2 ceesfi¢beat8orwdind epbict eGrdd s CHlTideri Bhel Qs /LE®i aa)k aPoh y@oM al

#1 Pol ynqug 100000 101 3

101 y(¥g£KCfgﬁ?! Eﬁ&ﬂ?n%ﬂt&%ﬁ%ﬁmﬂp?ﬁﬁf“ﬂﬁrFﬁﬁ¥§%ﬁ§§ﬁ"569h9ﬂﬂk8’meré'r
conparammﬂr%uﬁnﬁqu#Qﬁwbmmkrsoarmﬂd&s(iﬁbed,mﬁh#s fefef eJTO1 ra sCOiSL
per f or meq,digdided. better, with reduced conplexity. This is believed

due to the decreased nenory in the code so that decoding errors do not
propagat e as |DMYy. sefrnd stiage afhthetbinaselectdon\itieshniquecomertocan

protect Huhdaitd c€héi seladededt Yasdd' én ?’ﬁéa?gg‘?sﬁ%@ﬁ‘mﬂﬁ}%t%% ‘he
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speech dedodar .ifF@iquredeswivich hsisows vené i@ﬁr{/ﬁ?fi%éiiﬁ;%ié%d?f?étﬁfgsfot 0

Cove oo PSP 0° SORe) UIBLECIR VD 8o RIS L0

occurs urfgddoned byxpidtehnkagndata, ‘then followed by the data for the
subframes. Bits marked "P" are protected bits. All of the
LSP/LPC data are now protected, eliminating the previously
Oobserved short-term spectral artifacts. In addition, the
pitch lag is completely protected. Subframe data that are
protected comprise the voiced/unvoiced decision bits, the
three most significant bits for Amplitude 1, and the two most
significant bits for Amplitude 2. A total of sixty-three
speech data bits are protected.

A convolutional code was used to protect the sixty-three
selected bits from random pattern bit errors. Different
codes of rate 1/2 and 2/3 were tested, The rate 2/3 codes
were generally unable to correct 5% random bit errors.
However, the rate 1/2 codes fared better, as expected. After
some experimentation, the following two rate 1/2
convolutional codes (Table 2) were chosen. The first is more
complex but gives better protectionh whereas the second is -
simpler and performs only slightly worse. 1In each case, the
optimal Viterbi decoder with hard decisions was used.



“errors, and any uncorrected errors wll. have a degenerative effect on the
speech. decoder.) To detect the uncorrectable errors, cyclic redundancy

. code (CRC) checksuns are added to the rotected speech coder  bits
before convolutional encoding; in this manner, therefore, both the
.checksum bits and the critjical speech coder bits"are protected by the
convol utional code. Thls conflguratlon n1n|n1zes the probability of
fal se fade det eCi=meon : e re—giee oSGt |
speech bits are ecovered by the V'terbmaﬂngoder and then these bits gre
checksummed. A hon- zéro c ecksum out pul S.gna 'n-", es presence of
uncorrected err o= == Prtel TR} S TS T AR e S et

. details on CRC chng@%'g'mtis@ Pl etmiam #16
A.S. Tanenbaum mputer Networks, . Prenficesball , (199 Dy 0165 3.
Under certain copeH= — ; s o :
duration that itjdestroys only a snmall se nent ob1a tra sn1tted111fra :
For this reason, the preferred enbodl nent of the Invention 1nvolves

di vidi ng the crltlcal speech coder bits into t hree segnents and enpl oying a
separ at e checksurBxpe =iméntse gsiroved Thhas e pexifiormaneec ufs dsoshicbotieat welre
bits mﬁthin @Hiﬁg eg t GO [0 al | n rtraLni ng a
rel at ed group <x§?$.o?§gtdifﬁféﬂ ngréﬁg%%1%§#ggaégg J¥3$8+€L th%
cause only #hoetl i gade i npeyfonmrediendy abitskywir bhmssen théthoutm@llced

speech waveigtplexitylne THid Sis CHeLkévida cagEKeot Eﬁe?’ae@rbabggl keRbrdatid
and 7-bit pItCh dat a.” The second sum checks the voi ced/ unvoi ced (V/

deci-si on b|th§nﬁqgﬁpﬁQJ5ﬁ€td§F& P9t REFPFEsHOt Bt SBEPPAFRES %ﬁmﬂ?m% third
sum checks the samilet xfer ¢bevebaeidnaln wddenmestefbe pﬂéﬁﬁﬁ'&elresc@fn

(thEthree chooksuP gHR! YEfe8E8ad YL ' DaldRat el PolRWa T80 G dhaon BER
environment, it will not-protect against fades. To detect
the fades, we merely detect thé occurrence of é'fade and pass
this information along to the multi-pulse speech decoder.
For purposes of this invention, a "fade“'is considered to

have occurred whenever the convolutional coder/Viterbi
decoder fails to correct all of'the errors in the protected
bits. (This condition also-occurs under very heavy random
errors, and'anyjuncorrected eirors will have a degenerative
effect on the speech decoder.) To detect the uncorrectable
,errors,'cyclic redundénéy code (CRC) checksums are added to
the'"protected 'spéech coder bits before convolutional
S encoding; in this manner, therefore, both the checksum bits
and the -critical speech coder bits are protected by the
convqlutiona;"code. "This configuration minimizes . the
probability of false fade detection. "In the receiver,'thé
checksum bits_and criticgl speebh bits are recovered by the
Viterbi decodei, and then these bits are checksummed. A non-
zero checksum output signal indicates presence of uncorrected
errors in the output signal of the Viterbi decoder. For
details on CRC checksum operétion_and implementation, see



CRC | ength (bits) Pol ynom al 1 6 [err] 2
5 [err] 3 5 , [err] Each of these suns is
.capabl e of detecting any single Erro.% and

of length five detects all double errors up to a nessage of |ength seven,

al | single RQuist 'thmss han fift 9 o4 of
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six. Siml appy, 128e1B&ngth si x CRC detects all double errors up to a
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par anet er s/ ©6ctha dnventionrinvpkves) cal @reech eoder bikecksum .
reporting tRater three Segmeatanahar empeying anbéphbateatRecksugcds deaend ~
on the checksun&s)t th%&’ report ?n error The act nﬁ Egke forﬁgeggct ed
errors arc PPIPERtnel aNe SBEBEAF3.ATE, ChABER.ANEE LRAR, tRe BLkS MERIRS op
and Pitch LadnBde tsegment rcontadme:lokbalited tinfarmationsgerfaliiihg to a
coefficient t S rQe-fre cel : i L Ng
Chis set of e3abRd MEdHE of RoWFeiEienlcs | hrly AFELISE 4o (BHE' QUGndt
Perform t heofan® #£&amen @anj capse oPnlye & tenaligedCine udr2: fEaguencion

Data. SubfraiRtukrdfced QUi RheSUBLERURS 3pRREN2: wavefd¥d. t NeTh@DSEirst
recent error-free bit for _the ¥0| ced/ unvoi ced deci si on.
checksum checks the 32-bit LPC/LSPF data and 7-bit pitch
data. The second sum checks the voiced/unvoiced (V/UV) _,
decision bit and amplitude data for the first two subframes,
and the third sum checks the same data for the second two
subframes. The properties of the three checksums employed

are given in Table 3 below.

TABLE 3

|=—=-CRC_Polynomials fQE Fade Detection

RC & length (bits) polynomial

1 6 _x6 + x2 + x1 +ﬁ1+
2 S x5+ x4 ¢ x2 41
3 S HEEEEIESY

Each of these sums is capable of detecting any single
error and any odd number of errors. The CRC of length five
detects all double errors up to a message of length seven,
all single burst errors with message lengths less than
fifteen, 93.8% of the bursts of length six, and 96.9% of the
bursts of length greater than six. Similarly, the length six
CRC detects all double errors up to a message length of
thirty-one, all burst errors of length less than six, 96.9%

any odd number of errgpsig9JhgeCRC _, _



©2. Zero all pulse anplitudes. 3. Set the pitch tap gain to 0:85. Checksum '
3:" Excitation Data Subfranmes 3 and 4 During subframes 3 and 4: 1. Use

.the nost recent error- free bi t Q#— t he voi ced/ unvoi ced decision. . 2.

“Zero all pulse anplitudes. 3. Ser‘tﬂ pi

of this algorithn1can be explalned as foll ows. I'f uncorrected errors
appear- in the LPC/LSP . spectral data or pitch, the:previous values are

used to ensurgfe Cenbki Iyﬂgg,tsofoghgeg&eﬁalge‘g}ectg% g@agq ((?f ti%etgﬁr

particul ar vowel sound) and the pitch period during a f I's contlnufqy
serves to naskeddly FFeer (1han gV curTherefrrexGheghanceE @t irissed

reason;'tfmaEﬂ&ﬁééﬁidﬁlIkﬂﬁaﬂgiyugm;xi Jheavily protected (only twenty out .of
120 bits) as the and _pitch _data epar

|ess power f ul che ﬁ% &Wézﬁség <5559ﬁ?ﬁﬁaﬁt%$£%§k P% gﬁcﬁﬁESFﬁégté?des
feLr or occurs 9m the ofutpetexspeexth,onweathave ocdewigd ahgczthdsmit:hm that
I mredi atel y teRAY |t ce d d
uses only- préﬁaﬁ%ﬁ S grggﬁ'\e’h]%gn %ﬁét{ﬁt J%%gnffail-%\'e/%’ Sﬁe%?1 gs%ee%'h
buffer. This modﬁr areeopdingnte &hy sheckam temtgmqumgeu aroorhe |Treg
‘term pitch buld Aimetl2s9 i@t MMk T WAL @241t idnahgdd epiid 0bd S the

encount ered. "Furthernore,. e pitch €red|ctor tap IS set at a stable valu

of 0.85, - whi GPeFEIUBIBYi G@a(Fon{?B%F y 8% @BERH- oveFhe e@stdions aﬁ%%enblf-tor

ultimtely defetedtedoWrntbrsoure tDiseed LDV thegdmdgebayy f ehetksum
hal f-second or nnqi Thi.s 'is a valuable feature, since few would want to
ed

listen to a vowel tone while stopped at a traffic light, e.g.,
"How are yoooooooo . . .", for the duration of the stop. An addltlonal

bgnefit of ”Wﬁﬂﬁﬂshﬁﬂd_mm
For the entire frame: _

1. Use the entire set of LPC coefficients from the most
recent error-free set received. Continue using ﬁhis set of
coefficients until a new error-free set_is-received.

2. Perform the same actioh as in #1 for the pitch lag.

During subframes 1 and 2: | | ,
1. Use the most recent error-free bit for the
voi;ed/unvoiced decision. |
2. Zero all pulse amplitudes. _
3. Set the pitch tap. gain to 0.85."

Checksum 3: Excitation Data, Subframes 3 and 4
 Durin§ eﬁbframe; 3 and a: 0 o | _
1. Use 'the most recent error-free bit for . the
voiced/unvoiced decision. |
- 2. Zero all pulse amplitudes.
o 3. Set the pitch tap_gain to 0.8S5.

The behavior of this elgOrithm can be'expleined 55_
follows. If uncorrected errors appear in the LPC/LSP

iTch tap gain to 0.85. The behavior



franme arises if a very high randomerror rate is encountered, since it is

possi bl e that checksumerrors w || detected during every frane. | f
only one checksum were used to TTi g! r—all of the above actions, the result_, .
woul d be very little output signal fromthe speech decoder. Havi ng

multiple (i.e., three) checksuns decreases the probability that all three

witkl fail ' j angy, d ' kO ' t ef e it
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bet ween t new al gorithm descri bed herein and the conventional system
descri bedTB'}sDé:Icﬁé%éTV’é?Y Jerves ta mask MARYPEIPFEHHRAL MAY QRSwredn n

t he sKsteIEh%hfzégdtiiU‘aﬂr?iwe ﬁcrlﬂhﬁlstfiﬂiﬁhﬂghgp_eﬁ&:iiﬁﬁt?@n Qig!ﬂ&' tiiussmdcse :
speech coder of ythe type.genera escribed in opendi ng o~
appl i'cati gﬁ §.'WY)I7‘}§5§F€§§°§%(§PS??\F%¥/ ggg,’%% %t?%ngt;%a%b{; s’gr asiFhe s -
coded out spectizmh| and a fitele dater 21In Tadditdenm,soseparstm allesd he
bits of a eQdedulf maé‘gm‘st \gggtcggggogggsthgr g?‘gg{:?gi?ﬁd unprotected bits,

t hese cat ggorl es having been erm ned accor @ procedures
descri bed abovdf GfeciRePErested ;exrPnt eacuss fnecopeodcithe Exgitation

checksum gapar ab0ocks, CHESRIFOFtHne IRmEAdaviely ! PEros OlRR eén?i tra WPy
mul ti pl exe supplied to a cgnvol uti onal _.enCoder 24. The oul put
d

si gnal of e{"ﬁé% uthiffal Yok d@AVeanieeRe dREPaLSet ctNEi 14593 ot iane

sorter 2lpzeeisusdplstoredareleanpl @xwitdt ion fesnteinédmMinWkheh gixeh
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encoded binscartthesupphgeterm pivichethif fiarodehef® theghwoudd ¢eopagans :

et ol GBI SR BT AR R Ao, K ko
predictor tap is set at a stable value of 0.85, which will
provide continuity of sound over several frames, but
ultimately decay the output sound to zero, should the fade
last for a half-second or more. This is a valuable feature,
since few would want to listen to a sustained vowel tone
while stopped at a traffic 1light, e.g., "How are
yo0o000000 . . .", for the duration of the stop.

An additional benefit of multiple checksums within a
frame arises if a very high random error rate is encountered,
since it is possible that checksum errors will be detected
during every frame. 1If only one checksum were used to
trigger all of the above actions, the result would be very
little output signal from the speech decoder. Having
multiple (i.e., three) checksums decreases the probability
that all three will fail during a given frame, and some
excitation will therefore make it through to the output LPC
filter stage. Thus this vocoder "evasive action" not only
provides improved performance during fades, but also helps
during periods of heavy random errors. This is a principal



creconstructs the multi-pul se encoded speech bits and supplies these data,
to a nmulti-pulse speech decoder 31. rrors detected by CRC checksum
generator 29 are coupled'to nulti- 5‘TL speech decoder 31 which perforns
‘the actions taken for the detected errors as previously enunerated for
checksum segnents 1, 2 and 3. Although the best nethod for. evaluation of
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_reiultfs for &od@@deu}:pudl El%ﬁadlﬁtla:g aleilarwa(ﬁmwf@er beseT—ﬁgﬁgﬁ%ﬁ%‘Oﬁrﬁ 06/
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random and f%d rrg.xltaiplexer 2r3 and supplied to a convolutional encoder 24.

~ The output s:.gnal of the convolut:.onal encoder and the
'unprotected. bits from frame _sorter 21 are assembled in a
multiplexer 25', to fotm a frame which is transmitted to a
receiver 33. _ _ _

At the receiver, the bits are first separated into
“encoded and non-encoded segments by a demultiplexer 26. The
encoded bits are supplied to a Viterbi decoder 27 which
provides output signals 'to_a CRC checksum generator 29 and a
frame merger 30 through demul_tiplexef‘ZB._ Frame merger 30
reconstructs the multi-pulse encoded speech bits and supplies
these data to a multi-pulse speech decoder 31. Errors
detected by CRC checksum generator 29 are coupled to multi-
U pulse speech decoder 31 which performs the actions taken for

the detected errors as previously enumerated for checksum
segments 1, 2 and 3. '

Although the best method for evaluation of the results
is through a 1listening test, a wvalid demonstration of
performance can be obtained by examinihg the time-domain
waveforms of output speech. - Figure 5 shows t_he" system
results for the phoneme /ha/ in a 5% BER random environment.
It is clear that the protected output waveform resembles the
input waveform more closely than that of the unprotected



Wiile only certain p(éferred features of the invention have been
illustrated and described hereidT) many nodifications and changes w ||

~occur to those skilled in the art. t is, therefore, to be unﬁ@ri gqsthat .
t he appended clains are intended to cover all such nodificatio
changes as fall within the scOPe of the invention. -18- CLAIMS 1.

A met hod foutputt wavedgrmul t Figuiree 6 ishoms hhediisame crepolts fodeas 118m

f adi ng andaggnggalg?t&g@yrghﬁeﬁgrors conprising the steps of: 5
sel ecting perceptually signiticant bits of nulti- pul se encoded speech
paraneters to bBegfoxmance e thenPratedklon stcheped maym alset be

line spect pdEsazied fﬁth\SH%ﬁ:@.Q@f filed e8ighallStoRincilsd agabibs. (SNR) for
voi ced/ unvoi ced bits, pitch galn |ts pul se 10 a I|t de bits, and

pul se posi PPBH%P{%’”%eH&datPﬁQt uﬁEdGF’saPB°§€It t§herreF§Fﬁg .
sai d checkenvirenslentid sabeetedgbvés thedirégults asfgsd sahaamednalussand/-
sai d check§ accordin 0 @a con uti onal _code t produce_an output. 15
signal for gagf'gcﬁ'hv X %’Hﬁted%‘f i FEAPPERESH ér GRS Eﬁﬂﬁf’niﬁﬁftﬂe
convol uti oaeghent od€édmale pspeschynMHappyh hanrsdiseaver .Bits of the

mul ti - pul se encoded speech; and 20 transmtting the conbined
convol utional Iy coded output signal and nonselected bits. 2. The et hod

recited in claiml Qu;Lhe;.cnnpm&suxmp;befs&eps i rocoiying.said conbi ned
convol utional |y codgd 25 output signalpaaige gnsel ected bits; separpting the
e

conbi ned convol uti orfal G

Random S% BER
Unprotected| Protected

-9.03 +1.41

Improvement Improvement ‘
+10.44 +10.5

While analyzing Table 4, it should be kept in mind that
absolute SNR values are not measures of quality of the output
speech. The important number is the difference between the
protected and unprotected SNR. The table clearly shows over
a 10 dB improvement in both random and fading pattern errors.
While only certain preferred features of the invention
have been illustrated and described herein, many
modifications and changes will occur to those skilled in the
art. It is, therefore, to be understood that the appended
claims are intended to cover all such modifications and
changes as fall within the .scope of the invention.



6utput Signar and nonsel ected bits; decoding said convol utionally coded _
out put signal; nmerging said decoded output signal with saird 30 nonsel ected .

bits to forma mnulti-pul se encoded speech bit stream and ' '

nul ti-pul se speech bit stream 3. The m;]t od recited |n”“mﬂﬂmmlﬂmﬂ|ellll
conprising, prior to the step of nerging ecoded 35 eoutpuit smgnal « -
with said nonsel ected bits,.the steps of: separating decoded checksuns and

decoded sel ect eBLAIMBj ts; checking for errors based on said checksuns; and

producing an indication ob Ga¢hial e6EeRrBtblibing mutie RO ffld ed In
claim3 further 5 conprising, en an error 1s Oetected 1 n selected |ine.
‘spectrum pai r f PEgAdRE}vVeoEPEPEheROABESs f5Pm fadingh angdy ngndom pattamy of
usi ng .t he Iine'BQQCggygygabbmbggggﬁPcfhgogkgbgig&& and pitch lag bits

" contained in_the nost recent error-

| t of multi-pulse 10
speech bits Bntil o FENPEEIDN. PPEGREUAMY SHORL5IFoE % Haben off MUl i~

received. 5.  phesereheddedcspedchnparaineters: té, beupirbtected ithe'g, when

an error is detected in_excitation,data.during_t first two subframes of
. any frane of thgafngtEEFvéﬁaﬁélgg;ﬁﬁ%gg gﬁ?@cﬁ %?Fs?fegéﬁes§REQS ame
i ncl udi ng a voi padtrufiveguedcyi cpeffichentpbddsn pitch dag bdpis,t ude and
position bits fgg I k L4 q0 | sg! hgast BRSnChi +KS| e nost
recently receivg ig%?69§??§§¥30£%§geeﬁ?ﬁﬁ&g?@ dSB?P %Fgﬁa i%%gh
voi ced/ unvotBedampdisude; bitsei Agdapulpel Pesdkdrn: B4&S:f or which an error

has been detected; agénerating checksums of said selected bits:
' merging said checksums and said selected bits;
N\ .~ coding the merged selected bits and said checksums
according to'a convolutional code to prodﬁce an oﬁtput
15 signal_for'protecting-transmitted data from random
errors; ' | B .
COmbining'the'convolutionaliy coded output signal
with nonselected bits of the multi-pulse encoded
speech; and ' _ _
20 transmitting the combined convolutionally coded
output signal and nonselected bits. o
2. The method recited in claim 1 further
- comprising the steps of: _ ' _ _
- receiving said combined convolUtionélly coded
25 output signal and nonselected bits; -
e . separating the combined convolutionally coded
output signal and nonselected bits;
decodihg'said'conVolutionally coded output signal;
merging said decoded output signal with said
'.30. hdnselected bits to form a multi-pulse'enéoded speech

- bit stream; and : :
decoding said multi-pulse speech bit stream.
. 3. The method recited in claim 2 further ,
coﬁprisihg, prior to the step of merging said decéded
35 output signal with said.nonseleéted:bits, the steps of:
separating decoded checksums and decoded selected



éetting a pitch tap gain for the nulti-pul se 25 speech _bit streamto a
predeterm ned val ue | ess than one. 6. The method recited in claim3, 4 or

5, further conprising, when an error is detect m“ data during .
the last two subfranes of any 30 frame of the ﬂ nuﬂmmm“ﬂm se speech
bits, each subframe including a voi eed/|{fMver ced*bi t, 'pi t"ch®tap gain bits,

and anplitude and position bits for a plurality of pulses the steps of:
usi ng the nobitsecently received error-free 35 voiced/unvoiced bit for

maki ng a voiced/ugggbgﬁ %%hshﬁgorﬂngfﬁ?d on said gerghag al

pul se anplitudes h an error een detecte setting a pitch

tap gain for the Rﬁpﬂﬂcﬂhﬂﬂsé‘%ﬂ@&?ﬁ%‘{o%tqfezﬁﬁ! (ﬂ%tﬁﬁ%t%?mﬁed val ue
less than 5 one. 4. Ahdmethod TRCIRMRX Nt G {n!eF OflgFtisest em whi ch

Conpri o1 3t PAMEFAALDR.n9bAD M eiarg L8 getected  tnoaclectsa Lhne oy o -
S?L?gtclt 23 pespeptrainlt Ipaiu:glfrhq(m)mmwbmﬁidndnt mtsmemoobﬁtcnnggﬁg ]Egrb’é’
Eodl ng t he s%ﬁgcﬁg%gbl %&gt E%i’o?’gc ?‘gﬂ r ans%ﬁfgegswgééféndom errors;
and a nultlpfaeqnenowpboofﬁdcdama hnﬂﬂmtﬂnh(iagnhitsuabnthMﬁwt1nnal

encoder for Eﬂgbhakﬁgﬁgﬁﬁm 3 P&@dﬁ-‘ﬂw Speezsﬂéf%f%ﬁéf-

nonselected Its O -pul se enco or transm S|on
speech bits until a new error-free set of multi-pulse

speech bits is received.

5. The method recited in claim 3 or 4, further
comprising, when an error is detected in excitation
data during the first two subframes of any frame of the

15 received multi-pulse speech bits, eadh said subframe
including a voiced/unvoiced bit, pitch tap gain bits,
and amplitude and position bits for a plurality of
pulses, the steps of:

using the most recently received error-free

20 voiced/unvoiced bit for making a voiced/unvoiced
decision;

zeroing all pulse amplitudes for which an error
has been detected; and

setting a pitch tap gain for the multi-pulse

25 speech bit stream to a predetermined value less than
one. ~—

6. The method recited in claim 3, 4 or §5,
further comprising, when an error is detected in
excitation data during the last two subframes of any

30 frame of the received multi-pulse speech bits, each
subframe including a voiced/unvoiced bit, pitch tap
gain bits, and amplitude and position bits for a
plurality of pulses, the steps of:

using the most recently received error-free

35 voiced/unvoiced bit for making a voiced/unvoiced
decision;



50 to receiver neans. 8." The mul ti-pul se speech coder/ decoder systen1
recited-in claim?7. wherein said transm'tter neans furt ’ﬂﬂBE|Udes

checksum generator coupled to said frane sorter 25 ne ﬂn’uuup
checksuns of said selected bits; and a second nul ti.pl exe ai d

frame sorter neans and said checksun196ﬂéD£D0P-for combi ning said chécksuns
and said selected bits and for supplying said 30 conbi ned checksuns and
said sel ected bits tzesaidgcadklopulsenampdhtudes. £6r whibh Enlbmzpmlse

speech . Coder/d égkgeéxs&gggé@gategnhn claim7 or 8 and further conpr|3|ng
receiving nmeans recervin d conbi ned 35 convol'utionally coded

selected bits and noﬂ%ﬁtéEGeé pitesh tapdgpivefornghecmud tinpudseng: a

demul ti plexer fofes@Rapeti 84rbhA €A ppdaeesymiHEROvALLE tadsdthanected
bi s and nonsel ected bits; a decoder coupled to said denultiplexer for 5

decodlng said dUH%olutlonally coded sel ected bits; frame nerger neans for
mer gi ng sai d decodedzsel entﬁdlbu-pumséhspeedhneadei-ﬁdéeddart Syk&emor m a

mul ti-pul se enc ) h, bi t reagr._a ulse peechh decoder neans
for decoding séﬁﬁﬁﬁﬁ'ﬁg?f iﬁﬁ?sgggpgg%ﬁcg?tggt%gg gaﬁﬁ 5?“$8Pa.n.ng t he

| ast received epattefnechituérrops| ssatdcsystienspeenprpsingetransaitter

repl acing a naﬁaagg Qfﬂﬁ th the last received error-free nulti-pulse

encoded speech par aneters upon receipt of a fadlngﬂélgnal 15 10.
The nul ti- g\ se spectramedepPFEeEoReansySoEPeLecttugi Rercaphallxher ein

sai d recelVlrmléﬁﬁﬁﬁficant bits of multi-pulse encoded speech to be
' protected, o
U ' ‘a convolutional encoder coupled to said frame _
| sorter means for coding the selected bits to protect
15 . transmitted data from random errors; and
" a multiplexer coupled to said frame sorter and
said convolutional encoder for combining the. _
convolutionally coded selected bits and nonselected
bits of the multi-pulse encoded speech for transmission
20 to receiver means. ) |

8. The multiépulse speech coder/decoder system
recited'ineclaim_7 wherein said transmitter means
further includes: o

" a checksum generator coupled te;said frame sorter

25 means for generating checksums of said selected bits;

' and ' |

' a second multiplexer coupied to said frame sorter
means and said checksum generator for combining said .
checksums and said selected bits and for supplying said

30 combined checksums and said selected bits to said

| convolutional encoder. . :

9. The multi-pulse speech coder/decoder 9ystem
recited in claim 7 or 8 and further comprising
receiving means for receiving said combined

35 convolutionally coded selected bits and nonselected
bits, said receiving means including:



further includes: a second demultiplexer coupled.to said'decode} for

separating the decoded checksuns and the decoded 20 sel
checksum generator coupled to said second denulg‘m
errors based on said checksuns and for supplyin

detected error to said nulti-pul se spg@gh-decodef means.

i

and a
A klng for

on*of a
11. The

mul ti-pul se speech coder/decoder systemrecited in cIa|n110 wherein said
decoder conpri sesa demuktiplesevdfor separatingotheucombinedl |y as

ner i nbef or &,3iRRori RS 1Y) E8ABACHETaERel! BEESada fiofisedlc

coder/ decoder system su

ntla y as
to Figures P85,

erelrn

ore descri

a decoder coupled to said demultiplexer for

5 decoding said convolutionally coded selected bits;
frame merger means for merging said decoded
selected bits with said nonselected bits to form a

multi-pulse encoded speech bit stream; and

13. A
tﬁpth r ef erence

multi-pulse speech decoder means for decoding said
10 multi-pulse speech bit stream, and for retaining the
last received error-free multi-pulse encoded speech
parameters and replacing a received signal with the
last received error-free multi-pulse encoded speech

parameters upon receipt of a fading signal.

15 10. The multi-pulse speech coder/decoder system
recited in claim 9, wherein said receiving means

further includes:

a second demultiplexer coupled to said decoder for
separating the decoded checksums and the decoded

20 selected bits; and

a checksum generator coupled to said second
demultiplexer for checking for errors based on said
checksums and for supplying an indication of a detected
error to said multi-pulse speech decoder means.

25 11. The multi-pulse speech coder/decoder system
recited in claim 10 wherein said decoder comprises a —_

Viterbi decoder.

12. A method substantially as hereinbefore

described with reference to Figures 3 to 6.

30 13. A coder/decoder system substantially as
hereinbefore described with reference to Figures 3 to

6.

/



