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ADAPTIVE ERROR CONTROL For ApcH SPEECH CODERS

'c:ass-nateren:e to Related Appl:.cntzona '

This application is related to co-pending appl:.catitm
serial No. 08/013,625, filed Februvary 2, 1993 ({Attorney’s
$ Docket No. PACI-0105), which is assignéd to the same assignee '

_ and is incorporated herein by reference. =

Field of the Invention
_ The present invention relates qenerally to Adaptive
pifferantial Pulse Code Modulation ("ADPCHM") speech coders and
10 more particularly to adaptive error contrel for ADPCM speech
coders. '

Background of the Izwent;on
Voice data or signals are comnonly compressed and
decompre.ssed {encoded and decoded) when they are sent or
. 15 received by ccmmunications applicatioﬁs. A common technique
‘for voice compression or coding is ADPCM. ‘The Consultative
Committee in International Telegraphy and Telephony ("CCITT")
_has adogted a part:.cular ADPCM algorithm Xnown as CCITT
standard G.721 for 32Kbps (bits per second) coding of voice
- 20 seignals which is described in CCITT Reéommendation G.721 "32
Kbits/s Adaptive Differential Pulse Code Modulation”, CCITT
- Blue Book, 1988 and which is hereby inccrporated by reference
' . for its teachmgs on the G.721 system. The CCITT standard
G. 721 was developed for t.errestrial wireline applications andl
25 provides ®“toll gquality® voice compression and decompression
vith a minimal processing delay and fairly low complexity
provided the communications' channel error rates ara very low.
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Bl ated to co-pendi ng app|icati;on. Serl al No. -08/013, 622) filed February 2,

93  (AttorngwsshaspiPCcket No .~ JPACI - 0105), which is assi,' ed periddingase
signee- and I's i'ncorporated herein by reference. Field of the .
vention The present invention relates generally to Adaptive
ferantial Pul se Code Mdul ation ("ADPCM-) 2speech coders and nore

Wrticularly to adaptive error control for ADPCM speech coders.
Bckground of tHESNSRAIINorterrestrial wireline applications have very low

errer rates due to an imperfect ccmmunications channel, and as
such the G.721 system works well with sui.‘.h applications. .'T_he
CCITT standard G.721, however, has alsc been adopted for voice
5 compression or coding in wireless communications applicatisns
where the error rai:e may hot be as low. For example, the CCI'I‘T.
standard G.721 has been adopted for veice compression or coding
for such Perscmal ::ommumcation Services {("PcsM) appl:.cat;ons
as tha Japanese Personal Handx-?hone (PHP) and European DECT.
10 systems. | | | :
The 6.721 voice coding system, however, has been found
to guickly degrade in cotmdnicétion applications with higher
error rates ‘(than wireline applications) such as Pcs
.applicétions (e.g., the Japanese PHP or the European DECT
15 sys.tem'_s_)' and in other higher error rate communication
applications. It has been found that the percaived voica
guality may be reduced even if the error rate is not much
higher than the error rate of wireline applications because
even a low level of errors due to an imperfect communications.
20 channel has been found to produce nglicks" and "pops" caused in
a voics signal when the G.721 voice coding system jis used.
. Modxf;catxcns to ADPCM ,;odlng systems to make the systens nere
robust to channel érr:ox_-s, sﬁch as described by Cointot and G.
de Passoz in A 60-Channel PCM-ADPCM Converter Robust to

3 ~ 25 Channel Errors" . Proceedings of the International Conference of
, o ' Acoustics, Speech, and Signal Processing 1982 and by D. Kim and
_ | C.K. Un  in ADPCM System with Improved Error <Control®,
! ) | Proceedings of the Int’ernatiohal Conference of Acoustics,

”Speech, and Signal Praeessing 1983,.are not possible sinca PCcS
30 standards specify that the exact CCITT G.721 standard mnst be
used, : : ' _
_ KnOWn teahniques to improve the perce;ved voice
'quality of systems using the exact G. 721 veice ceding system
_ _include waveform substitution techniques such as those
- 35 -deScribgd by David J. Goodman et al. in "Wavefornm substitution
' Techniques for Recovering Missing Speech quments in Packet
Voice Communications", IEEE Transactions on Acoustics, Speech -
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I's w0aCEkfErfN Corr®'sed and deconpressed (encoded
hd decoded) Wnen they are sent or received by conmunj cations appl | catlons .
Lg) ADPCMp

conmon tec%%%{nor vVoi ce conpre55| on or coding
g@nsul tative tee in International Tel egr aphy and. Tel ep on CCI TT)
‘: ‘adopted - a particul ar ADPCM al gorithm known as.CCI TT standard G 721
g 32Kbps (bits per second) codi ng of .voi cegzskgnal s which is described in

| TT Recommendation G 721 "32 Kbits/s Adaptive Differential Pul se Code.
Pdul ati on", CClahll BigeaBobkeocd@8ihgmnolhi ABSPs3tieridy 6 ,nOmgembared98§ and

B erence for it { QIGBEAYS kA, Cet2lapystgm --:.Thﬁemmsﬁ@da&ﬁ %21211
gs devel ope_d fqQr terrestgl, al %érel | aggpl catl a? r.ovides ég of
bality", voi ce?ﬁﬁﬁﬁs An [ﬁeﬂx 5i- ﬁP | BEP5EE e
| ay and f ai r | tHeoUnterpational mmamqehofcbmntmd cﬂpae@mnnaﬁ Sigmal
are Ver! Ifcessing 1989 which are hereby incorporated by referance.
' One common waveform substitution technique is known as zero
substitution. In this waveform substitutien technique, a
received voice segment containing errers is repla.ced vith zeros
or the ADPCM encoded equivalent of zeros. This technique i.s
- 10 'also used when an entire voice segmem: or packet is not
received. This waveform substitution technigue fails to use
the valuable information in the received voics segment with
errors since it cnmpletely substitutes this segment with zeros.
' A second waveform substitution technigue is known as
15 last packet suhstitutiqn. ' In this waveform substitution
technigue, a received voice segment containing errors is
‘replaced with the last received voice segment. This technique
therefore requires a memory device to store prior received
voice segments. This technique has been found to cause
20 mistracking in the ADPCM decoder which produces audible
- welicks® in the resultant decoded voice signal.
A third commen waveform substitution technique is
_known as pitch synchronous waveform substitution. In this
" technique, received voice segments are categorized based on
25 their pitch. When a voice segment with errors is received, its
- piteh is determined, and then a prev:.ously received voice
seguent which has a similar pitch as the received voice sxgnal
 with errors is substituted. This system reduces the
_mistrackihg a_nd consegquently the audible clicks produced by the
30 last packet substitution teéhnitju_e. This technigue, however,
- induces an extremely large increase in the algorithm complexity

. of the G.721 system. Finally, all of these common waveform
- substitution technigues fail to use the valuable information in
o _ the received voice segment with errors since they completely-

35 substitute this segment with e:.ther zeros or some previously -
 received voice segment. '
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3-FE eaeal 16731 t e MPBRPRK ¥FSHRYTEP i&*®Ppl i cati ons have very | ow error
jtes due to an inperfect co ni cati ons channel, and as such the G 721

yst em wor Ksyiglshaggh t ' such @ppl i cations. The CCl TT -t anpep/ussdiiZeas
povever, has al so been adopted for voice 5 conpression or coding in :
rel ess comuni cations applications ‘where the error rate may -not be as
pw. For exanple, the CQTT standard G- 721- has been adopted for voice
Eonpr essi on or coding :
" It is an object of the present invention to improve

the perceived quality of ADPCM encoded siqnals by using the -
valuable information in received voice segments with errors by
cempensatxng for the actual compression and decompression
5 process used in ADPCM encoders and decoders which pruduces the
" audible "clicks" and “pops" in the decoded voice signal when_ oo
'errors are present in received voice segments.

Bummary of the Invention | _

The previously describad problens are overcome and the

10 objects of the invention are achieved in apparatus and methods
for adaptive error control for ADPCM speech coders which

| improve the perceived voice quality'of_receiVed ADPCM encoded
voice signals, The method includes the steps of converting the
‘received ADPCM encoded signal to ADPCM sawmples and then
15 determining the wagnitude of tha ADPCM samples. A step of the
' method then replaces the value of a ong ADPCM sample w1th a
first predeternined value if the magnxtude of the one ADPCM

. sample is greater than a second predeterm;ned value. Finally,

a step of the method decodes the ADPCH samples using a ADPCM
20 decoder. : _
_ Specifically, steps of the nethod may_dete:nine. as
o a function of the received ADPCM encoded signal, the

' ' reliability of the received signal and then replace the value
 of a one ADPCM sample'ﬁith a first predetermined value if the

.25 magnitude of the one ADPCM sample is ‘greater than a second
predeternmined value as a function of determined reliability of
the corresponding receive signal. '

In addition, steps of the methad may replace the value

_ of a one ADPCM sample with a first predetermined value if the
30 wagnitude of the one ADPCM sample is greater than a second
~ predeterminad value and if the determination of the reliability.

of the cérresponding signal indicates that a receiver error vas

detected. :

_ This method may also 1nc1ude the steps of detetmining
39 whether a segment of the raceived s;gnal was m:ssed and then
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tor such®PerdBndf Lonmitiicars 87 Servi C88°(" PCS') appl i cati ons as the
hpanese Personal Handi - wne (PHP) and European DECE 10 systens.

e G 721 volae.nofing swarem however, has been found  tg ggmﬁ“
ggrade in Cmnl cation applications wth higher cerror rates (than-

@ reline applications) such as PCS applications (e.g., the Japanese PHP
| ‘the European DECT. 15 systems) and in othes kigher error rate

@brmuni cati on applications. It has been found that the perceived voice
dality may be respiasing dhe; fornesperding ARPGH; sarplescivith ADPRYr engaded

',.e error rate ofiMincd iiTetRBPEeSREROSY RaRANSReivedVeiyral Ay @ielseal
g rors due to an |rrperfect communi cati ons 20 channel has been found to

oduce "clicks" .and "pops" caused in - a voice signal when the G 721 -
Wi ce coding syARint Pesszdption \pf $he ATaFi®IS0 ADPCM codi ng systems to

ke the systens: rmre THOpTE sbﬂtCMNQf 'Wl'li béuﬁﬂtﬁérdﬁﬁiﬁrﬁt%édby“d
?IntOt and Gs its nJEE¥%¥%IJL]edts QO& eg%antages wEYH gggﬁgegpﬁggggt Ly_
- reference to the following detailed description of the
invention when taken in canjunctzon with the following
-drawings, in whienh:
Pig. 1 is a block d1agram of exemplary ADPCM veice
10 signal receiver and decoder system constructed in accordance
with the prasent invention; '
' Fig. 2 is block dxagram of a pottiun of a CCITT G. 721
stAndard encoder; :
Fig, 3 is block diagram of a portion of a CCITT G. 721
15 standard decoder depxcted in Fig. 1;
Fig. 4 is a block diagram of exemplary ADPCM duplex
system canétructed in accordance with the present invention.

'netniled nescr;ption

An exemplary ADPCM recexver and decude: systeu
20 providing adaptive error control constmcted in accordance with
the present invention is shown in Fig. 1 and generally
desxgnated 10. The 'syste'm 10 is shown to include an antenna
22, a receive system 20, a magnitude limiter 30, a decision
logic unit 40, a voiceband data detection unit 50, a receive
25 sigﬁalISEIection unit 60 and an ADPCM decoder 70. A brief
overview of the system 10 is presented and then a detailed
descriptlon of the operatlon of each of the components of the

system 10 is presented, -
‘A veoice signal is received by the antenna 22 and
. 30 processed by the receive system 20 in voice segments or packets
N where each voice segment or packet contains ADPCM samples. The
receive system 20 generates ADPCM samples from the received
voice signal and also reliability infcmation which mey include
whether a voice segment or packet was missed in the received
35 voice sxgnal or whether errors wvere detected tcr tha voica
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2§ %ﬁmvrmﬁ%%ﬁesot%ms PrufBREIEK HGHBYRN PrESf9%fer nat i onal  Conf erence of
gcoustics, Speech, and Signat Processing 1982 and by D:~Kim and C.K Un
n ADPCM. S% h I nprovwgd Error. Control" - Procegtl Sdvafiiile
nt ernat i ona ence .of Acousti cs, Spe_ech, -and Signal Processing
983, are not possible since PCS 30 standards -specify that the exact CCTT -
721 standard must be . used. ~ g<rown .t echni ques to inprove the
rceived voice  quality of systems using the exact G 721 voi ce coding
ystem i ncl udegwenveiax paskett ponramnmm&sesanm&s&am mﬁducad
escri bed by Dagyir OeNe ﬁagi%ns ktah- 260 "Waveform Substitution

Conear b o R SR FEOTEY Sl e aoetH Shmpres
; _ and produces magnitude-lmited ADPCM samples 32 whose maqm.tude .
§ has been limited to some maximum value, The voiceband data
| detection unit 50 also receives the ADPCM samples and

determines whether the data reprasented by the ADPCH samples is
considerod to be modem or voiceband data and provides this
information 52 to the decision logic unit 40. The decision
16 logic unit 40 receives the reliability informatien from the
receive system 20 and the modem data infermation 52 from the
 voiceband data detection unit 50 and as a rfunction of the
received information, controls the operation of the receive
signal selection unit 60. g
15 . In particular, in the preferred enbodiment of the
_ :.nvention, the decision logic unit 40 will always instruct the
receive signal selection unit 60 to direct the ADPCM samples to
the ADPCM decoder 70 if the modem data information $2 indicates
that the ADPCM sanples represent modem or voiceband data, In
20 addition, if the reliability information from the receive
_ system 20 indmates that no errors were received for the
# ' corresponding voice segment and that the voice segment was not
' missed, the decision logic unit 40 will also instruct the
receive signal selection unit 60 to direct the ADPCM samples to
25 the ADPCM decoder 70. ' '
' Otherwise, if the reliability mfomation from the
' rece:we systam 20 indicates that errors were received for the
corresponding voice segment and that the voice segment was not
_ missed, the decision logic unit 40 will instruct the receive
30 signal selection unit 60 to direct the magnitude-limited ADPCM
samples 32 to the ADPCM decoder 70 or if the reliability
information from ‘the receive system 20 indicates that the
corrasponding voice 'éegmént. was' missed, the decision logio unit
40 will instruct the receive signal selection unit 60 to ‘direct
35 the ADPCM encoded silence ta the ADPCM decoder 70.
The receiVe signal salection unit €0 directs either
the ADPCM samples, magnitude~limited ADPCM sanples 32, ar ADPCM

NO.@9°? PO10@
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.yoshi Yokota, et al. |{p"A New M ssing ATM Cell * YReconstruction Schene -
or ADPCK- Coglpaspisesech” oceedi ngs of = the |nternati onakCUBIH2MHCe Of
oustics, Speech, and Signal 5 Processing 1989 which are hereby :
corporated by reference. - One conmon waveform substitution techni que S
own as zero - - substitution. 1In this wave?orm substitution technique, a
f@=cei ved voi ce se%9 ment coptaining errors is_replaced W|th zeros or the

CI\/Iencoded eQFPardnt sbiencs oS0 thes ARRFMi freqder. 7 based on the

instructions 42 from the decieion logie unit 49. E‘J.uany, the.
ADPCM decoder 70, decodes the samples it reeeivee from the
receive s;gnal eelectmn unit ao to generate a decoded voice

5 signal.. S -

' In the present invention, magnitude-limit’ed ADPCM
samples 32 are selected to replace the ADPCM samples ‘when an
error for the corresponding voice segment. It has been found

- by the inventor that due to the use of short term prediction in
10 the encoeding ‘and decoding systems of the CCITT standard G.721
| systen, renlacemem: of samplee with magm.tude-lim.ted sanples
tenda to eliminate the audible "clicks" and "pops". The
eul_:etituticn of magn;tude-limited samples 32 causes the
quantizer sealel factor of the decoder to track the long term
15 average ener'gy of the signal while reducing the peaks of the
eiqnal. Overall, however, it has been found, _that perceived
vo:.ce quality is not greatly affected by reduction in peaks of
a voice signal, while preventing the gquantizer scale factor of
the decoder from becomng too large due to errors improves the
20 _perce:wed voice qual:.ty of the voice signal.

_ An overview of an encoder and a decoder system is
presented to show how the substitution of the magnitude-limited
ADPCM samples improves the perceived voice gquality of the voice
e;gnal by preventing the quantizer scale factor from beeomng

25 too large vhen errors are detected for a voice eegment. A more
detailed description of the encoder and decoder systen of the
CCITT standard G.72)1 is available and described in CCITT
Recommendation G.721 "32 Kbits/s Adaptive Differential Pulse
~ Code Modulation", CCITT Blue Book, 1988 which has been
30 incorporated by ref_etence for its teachings on ‘the 6,721
system. The overview of an encoder and decoder syetem for the

. : - CCITT G 721 system is presented with reference to Pigures 2 and
4. .

. — —_—

In Figure 2, a bleck diagram of a CCITT standard G.721

- 1. encoder is shown. In this encoder, the ADPCM samples, I(k) are
generated from the quantized difference d(k), of the input
voice signal s(k] and the predicted voice signal s (X}. In
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0 al S0 REEAFhdR Tn e HIIPFIEK HEEHRRY SegRBntor packet is not = recei ved.
i s waveform substitution tiornlque fails to use -~ theyval uable
formatron %MMGCGI ved ce segment with  errore/si pegnséa12649
bnpl etely substitutes this segnent with zeros. - A second -
:veforn1subst|tut|on techni que is known as 15 | ast packet substitution.
W, this wavef or m subst.i t uti on techni que= a Fecelved voi ce segnent.

pntai ning errors is - replaced with the |ast received voice segment. Thi's
fochni que thdrmlﬁé‘qw the aARBRYrysawples tBlkX orarerieAuakcetyedcthe
0i ce_segnent s. ‘qualtizatiehnofuehd bodye el ﬁﬁﬂruiifﬁz%&esignﬁlsalm\;kliﬁ Py

e ADPOV decodely sl eBEAMIGHS FUBERES o) wnhb Ui hilintLEes SlikABLator

rcoded voi ce si orm su strtuati

bchni que i s %oﬁﬁ%ivmlﬂcﬁ%#&ﬁo&?ﬁﬁévmm%sﬁ%%ﬁo# Prﬂ‘ii?‘#ﬁs
| techni que, resemnetweu ﬁlesqmnt.s A'sloox dmaqrmd:rbaaedcm Htandabrd enﬁl

'S”tﬁeﬁ"écﬁrii. Fiapt! e BES o B FERRS. a8 andli ol pugREE" .

decoder, also predicts s (k) and uses this value to decode the_

received ADPCM samples. If the ADPCM samples eenta:.ns errors,

however, the decoder may not be able to aeeurately predict
10 s/ (K).

Since the ADPCM samples I(k) are generated from the
logz of the difference signal d(k) less the dquantizer scale
factor y(k), the quantizer scale factor is effectively a 2?7®
scaling factor of the differenee signal d(k) and thus the ADPCM

is gamples I(k). It will be shown that the quentizer scale factor
" y(k) is heavily weighted by ADPCM samples I(k) with large
magnitudes and as a consequence when a received voice segment
b ' of ADPCM samples has errors, the larger magnitude ADPCM samples
. tend to cause the decoder, shown in Figure 3, to fail to mateh
20 the guantizer scale factor of the encoder, i.e., the decoder
and encoder do not generate the sanme quantizatxon scala factor
y(k). the sane prediction signal s,{k) and thus the same voice
signal s(k). In particular, the value'af y(k) at the decoder
tends to beeome 1arge relative to the value of y(k)} at the
25 enceder, and the resultant scallng cf ADPCM samples I(k) at the_
decoder produces a voice signal s(k) with a much larger ehergy
than the voice signal s(k) at the encoder. The result is an.
audible "click" or "pop'. :
By substitut;ng magnxtude-limited ADPCM samples when
30 errcrs are recelved, tha quantizer scale factor of the deceder'
will be Fforced to track the long term. average energy of the
voice signal s (k) and thus aveid producing the audible velicks®
and Ypops". The subst;tution does produce smaller peak values
in the deeoded voice signal, however, as neted above, perceived '
35 voice quality is less affected by changes in the peak values
' ‘than changes in the quantxzer scale factor.  Thus, by
suhstituting magnitude-lxmited ADPCM samples even when errors
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gment gREeShds:H si HPRPIDIRERYS® PFé%Pecei ved voi ce signal Wt

rors is subst I tut ed. Th| s system reduces th m stracki ng and

Jonsequent |y, %ﬁ%l bl e i cks produced by the 30 last packefrossanidamt ution
chni que. 1% s t'echni que, however, ~ induces an extrenely large increase

the al gorithm conplexity of the G 721 system Finally, all of these-
nmon Wavefo'rm ~ Substitution-techniques dakl to use the val uable - -
formation in the received voice segnment with errors 'since they '

onpl etely 35 s@sst inak ere¢éivashgnthe mrhebvmewo.ieeosueilisnrrvipule\m@u§w

ecei ved voice s@aRly. affectad and by substituting magnitude-limited ADPCM
samples when errors are received, the perce:.ved voice quality
~ of the decoded signal may be improved.
5 As noted above, the quantizer scale factor y(k} is
. heavily weighted by ADPCM samples with large magnitudes. This
' - is because the CCITT standard G.721 system y_(lc) is determ_ined
from the a combinatijon of a long term and a shert term weighted
‘average of the ADPCM samples I(X), in particular y(k) = -
10 a (k)y,(k~1) + [1l-a (k)}y‘ {k~1) where the short term weighted
average v (k) = (1-27)y(k) + 'z"wu‘gxn and the long term
weighted average y (k) = (1-2 ]y(k) + 2 yu(k) The function
W(] is a weighing functian and is equal to 70.13 for #7, 22,19
for %6, 12.38 for 15, 7.00 for 4, 4.00 for %3, 2.56 for %2,
15 1.13 for +1, and -0.75 for 0. As a consequence, it can be seen
that y(k) is heavily Oeighted- by ADPCM samples I(k) having
magnitudes greater than 4 by the weighing function W(]. The
guantizer scale factor y{k) is alsc effected by the value of
" the adaption speed control parameter a, (k). The adaption speed
20 control parameter a (k) determines whether the quantizaer scale
factor y({k) should more closely follow the short term or long
‘term average of the quantizer scale factor y(k}.
By 11mitinq the magnitude of the ADPCM samples I(k)
‘at the input of the decoder, the guantizer scale factor y(k) is
25 more likely to track the long term average of energy of the
voice signal s(k) at the encoder and thue reduce or eliminate
the presence of audible "clicks" or "pops" in the voice signal
& (k) prqdueed at the decoder. With this nnderstandinq of the
operation of the encoder and decoder of the CCITT standard
30 G.721 system, a detailed description of the components of the
system 10 of the invention is pr_eSented.with reference again to .
. .+ Figure 1. . _ '
. _ o in the exemplary embodment of the invention, the
‘encoded’ ADPCH ~samples I(K) are modulated and sent ‘over a
3% wireless communication _channel. The modulated ADPCM sa_mples
I(k) are received in seyments or packets by the antenna 22.
The receive system 20 receives the modulated ADPCM samples I(k)

.This Sheet Has Been Replac
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“-rcelved quallty of ADPCM encoded signals by using the val uabl e
g f ormation in received voi ce egments with errors by ;P .ensatéag for
he actual cwmosewed® on and deConpression 5 process use ;Eﬁﬁﬁﬂﬂ‘ oders

phd decoders whi ch produces the  audible "clicks" and "pops" in the.
gecoded voi ce signal when errors are present in received voice segnents.
pLmary of the Invention : : The prevViously described problens are

gy ercone and theplOLaiact $oph WA | YRR AEgfEdY eXBEch ARRARA! UPpANd
.rthod : Ideally, if the communications channel were error free, the
digital ADPCM samples I{k) would be equivalent to the ADPCM
samples I(k}'generated by the'encher_prinr tb modulation,
S transmission and reception by the antenna 22,  Since
communications channels are not generally error free, in the
preferred embodiment of the invention, the receive system 20
also provides reliability information which includes whether a
voice ssgment . ar'packet was missed in the reaeived voice signal
10 o:*whether errors were detected for the voice seqment or packet
corresponding to the ADPCM samples pruduch by tha receive
system 20. An examﬁlazy receive system is described in detail
in the cross-referenced co-pending application Serial No.
08/033,625, f;led.February 2, 1993 (Attorney's Docket No. PACI-
1§ 0105). : : '
In the exemplary embadiment of the invention, the
-nagnituda limiter 3o receives the ADPCM samples generated by
the receive system 20 and produces magnitude-limited ADPCM
samples 32 whose magnitude has been limited t¢ some maximum
20 value, i.e., if the magnztude of I(k) is greater than some
~ first predetermined value A, then the magnitude of I(k) is set
' equal to a second predetermineﬁ value B, while the gign of I(k}
remains constant.  In the preferred embodiment of the
invention, the value of A is set to 4 and B is set to 4, so
25 that if I(k) is greater than 4, then T(k) is set to 4, and if
I(k) is less than =4, then I(K)} is set to -4. The magnitude-
linited ADPCM samples 32 are passed to the receive signal
selection unit 60. S .
The voiceband data detection unit 50 also receives the
30 ADPCM samples generated by the receive system 20 and determinas
whether the data rapresented by the ADPCM samples is modem or
voiceband data. The voiceband data detection unit 50 then .
provides this information 52 to the decision logic unit 40, .
One embodiment of the voiceband data detectinn unit 50 is
35 described with reference to Figure 4. In this embodiment of
' the invention, the system is a full duplex system where one
signal is received on the communications channel by a
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fcgraagﬁil;%éé Seer $&58S ¢ o rHOBBFECK %\A?ﬁ@é‘h coders which i rrprO\h/‘g'Bts?\epms
ercei ved voice quality jofy recei ved ADPCM encoded ) voi ce signals. The
thod i ncl yapssa® steps/of converting the - recerved ADFIRTUSSYI
i gnal to. ADPCM sanpl es and then 15 det erm ni ng t he magni tude of the. ADPCM

anples. A step of the met hod then-replaces the val ue of a one ADPCM
panple with a first predeterm ned 'val ue 3it <t he magni t ude of the one
DPCM . sanple is greater than a _second predetern ned value. .Finall

tep of the nmeCeSEUAAEBHLans hAPRSAEREISAD Wil ARCERErPARTP e l8ddieing
peci fically, &k@h&mﬁttéﬂEbyﬂHN@Odamlycmhuunﬂuahdpnasapp1iuétﬁunA oSinéetthe

fﬁgef[ xgﬁ 'ra‘gglcg/lg szﬁggd "tgx'lajvoi{:gﬁand cfa %%,éé{i’?rpfun&tﬁesﬁ e:‘.‘se't\éedeﬁéﬂfﬂe

ir edet er mi ned Whetberrthes esswagr#mt%sawn%ﬁ% WQRBPGI\P%I% Vgiﬁ?’é‘cﬂ%r
han a seconsg datﬁl’ edat ar fuldduplee elsaméuncﬁha)rvﬁfcebehdr dataddetection

Lels | ability of unit Eg corres nd| na Jecei vg aé:lcm of the encoder 80 to

%¥an ission
determine whether the receive sigﬁal represents modem or
voiceband data since if a communications application' is
transnitting nodemn or vuiceband data,'it-is'generally-also

10 receiving modem or voiceband data.
' The system 15 in Figure 4 further includes an antanna o
92 for transmitting modulated ADPCM samples generated by ADPCM
encoder 80 and modulated by the transmit system 90. Reference.
is again made to the cross-referenced co-pending application_

15 Serial No. 08/013.625, filed February 2, 21993 (Attoruey's
Docket No. PACI-0105) for its teachings on transmit systems.
In the system 15 shown in Figure 4, the voiceband data
_detection unit may receive system parameters, in particulay,
the guantization scale factot'y(k) of the encoder 80'or_the'

20 deceder 70 and the second order predictor coefficient a,(k) of

| the decoder 70, or ADPCM samples'frqm'the receive'system 20 or

. from the ADPCM encoder 80. ' ' |

' In one exemplary embodimght of the invantion,_the_
voiceband data detection unit 50 determines whether the ADPCM

25 samples I(k) contains modem or voiceband data as a function_dt
the quantization scale factor y(k) of either the encoder 80 or
decoder 950 for the last prev;ously transmltted or received
voice segment and a second order predictor coefficient a, (k)
for the decoder 70. In this embodiment, if a data detection

30 variable D is less a threshold, TD, or the second order

- predictor coefficient a,(k) is less then a threshold, TA, then
N ' the ADPCM samples I(k) are not deemed to contain nmodem or
N voiceband data. Otherwise, the ADPCM samples I(k) are deemed
D . to contain nodem or voiceband data. The determinatlon of

. 35 whether the ADPCM samples ;epxésent modem or voiceband data is

then supplied to the decision logic unit 40. '
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addi t PP efR$5r  (HEPHEL HBHBHRY > ept®te the value  of a one RPN 16
nple with a first predeterm ped value if the 30 Magnit'ade of the one '

CM sanpl e vgogegant er t han second  predeterm ned vl ummig.ipizaghe
term nation of the reliability  of the correspondi ng signal indicates
at a receiver error was detected. - _ This met hod may al so,
cl ude the steps of determning 35 V\/net het 12 s—egment of the received

‘was mi ssed and then :
gnal In the exemplary embodiment of the invention, D =

: n*{l—a} + INCR if y(k} of the enceder 80 or decoder 70 is
greater than TY (which is set to 3.0 in the preferred
embodiment of the invention), else D = D#*(1-a) = DECR. If D is

-~ 5 .leses than 0;' howéver, D is set to 0. In . the preterx.'ed-

"embodiment of the :mventien, a= /512, INCR = 1, and DECR =
5. In the preferred embodiment of the invention, a voice
sogment is received every 5§ milliseconds. As a conseguence, D
is updated at every & min:.secends and thus the time constant

10 for this indicator is’ about 2 saeconds, 1. e., about 512*_5

milliseconds. ' ' ' :
If energy is constantly present in the s;gnal, as with

- medem Or voiceband data_ signals, D, which in the preferred

-embodiment of the invention is a fixed point variable with 5§

l | 15 bit fractional part and a 10 bit magnitude, will quickly reach
' ~ its maximum of $12.0 (based on the time constant in about 2
seconds). In the preferred embodiment of the invention, TD is

~ set to 75% of the maximum of D, or 384.0. The voiceband data

. detection unit 50 alsc checks the value of the seeend order

20 predictor coefficient a,(k). _ o

' The voiceband data detection unit checks the value of
the second order _predi'et.or coefficient a,{k) ta determine
vhether constant tones are present which will also have

| constant anergy but not represent modem or voiceband data, one

. 25 such constant tone is a dial tone. If the second order
predictor coefficient a, (k) is greater than the threshold, TA,
in the preferred embodiment of tha invention, TA = 1.25, then
a constant tone is considered to be present in the ADPCM
samples I(X) and modem information signal s2 w111 indicatae that |
3¢ no modem or voiceband data is present in the ADPCM’ samples.

' _ In the system 15, if the internal value of the_
encoder’s and decoder’s y(k) and the decoder’s second order
p:edietor coeffie:.ent a,(k) are net available, then a different

- system is used to determine whether the ADPCM samples I[k)

35 -contain modem or voiceband data. . In the exemplary embodiment

¢f the invention, these values may not ba available because a
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epl aci Hﬁ/zlz c’cﬁ’?@spor?a SKKWNSQW% es w th ADPCM encoded silence if the
egnent of the recei ved gnal was mssed. - Brief’ ?escrl ption of the L
aw ngs Wo g5712880h€ pLegent invention will be better undarcaraseizsend |ts '
unerous objects ‘and advantages will becone apparent by reference to the
ol I'ow ng detailed description of the invention when taken in conjunction
ith the followi ng draw ngs, - in which: - 13 - Fig. 1 i's a block diagram.

of exenpl ary ADPCI\/I v0| ce Si gnal recei ver and decoder stem constructed,in

ccordance wit he% Pﬁ'ﬁeﬁ??ﬁ% standard G.gpy d ‘%e’bﬁﬂﬂ( "dﬁ"é’&FErﬂ'Sf
portion of a d¥ad.l G721 -

If the internal varisbles are not ava:.lable, then
N vomeband data detection unit 50 determines a yd(k) using the
5 received ADPCM samples and a y, (k) (if available) using the
 ADPCM samples generated by the ADPCM encoder 80. The factors
Yq{k) and y_(k) are determined by using the same function used
by the CCITT standard G.721 decoder and encoder to determine
 the short term quantizer sqale,f_'aet'ar yu(k) . Thus, Yo(K) = (1~
10 2-.9’&(“ - 2""W[I(k}] and y,tk) (1=2" )yg(x’ + 27 W[I(k)]whera
~ W[] is equal to 70.13 for 7, 22.19 for %6, 12.38 for 15, 7.00
for +4, 4.00 for *3, 2.56 for 22, 1.13 for +1, and -0.75 for 0.
Then Yalk) and Y.(k) are used to determine D as above by
raplacmq the y(k) for the encader wn:h y,(k} and y(k) for the
15 decocder with Yoalk) . In addition, since the second order
~ predictor coefficient a,(k) is not available, this part of the
- system is not used. In detail, D = D*(i-a) + INCR if y,(K) or
'y,{k) is greater than TY, else D = D*(i-a) - DECR. i_f D is less _
. than 0, however, D is set 1':0-‘_0.' Then, if the data detection -
20 -variable D is less the threshold TD, then the ADPCH samples
- I(R) are deemed not to contain quem or vd:icehand data.
‘Otherwise, the ADPCM samples I(k) are Qeemed to _conﬁain moden
. or voiceband data and regardless this information 52 is
~ supplied to the decision logic unit 50. A final embodiment of
25 the voiceband data detestion unit is shown in Pigure 1. 1In
. this unit, data generated by an encoder is not -available and
the internal _var:.ahles Y{(k) and a,(k) are not available because
the decoder 70 is a standard or stnck CCITT standard G.721
decoder. The Voicéband data detection unit 50 functions the
30 same as the un:.t in the previous embodiment except that Y (k)
R is not determined and thus whether D is over the threshold is
. ' deteruu.ned only as a function of y,(k). 1In each of the above._
enbodimenta of the voiceband data detection units 50, the unit
50 generates the modem data informatwn signal 52 which
35 indicates whether or riot the ADPCM samples are considered to
represent modem or voiceband data. |

eet Has Been Replaced

\\ll\l\\ Wi



* [ RECEIVED B82/23 B85:33 1996 AT 5354864 PAGE 18 (PRINTED PAGE 18) 1

L andar d Gef2geer 16:37  WOODCOEK JIRSHPURY, 1535¢484di agr am of a portion of Ng. e T8
721 standard decoder deplct in Fig. 1; Fig.y4 is a block. .
fagr am of ewpg,m ADPCM digp¥ex system constructed i n.dccoscipmdgugis h the .
esent invention. - Detailed Description . ~  An exenplary ADPCM :
ceiver and decoder system providing adaptive error control - constructed in
cordance with the present invention is sham-<n Fig. 1 and generally,

signated 10. The system 10 .is_shown_to include an antenna 22, a receive
stem 20, a nmagnitude | FRPt 8pCEBion legdaiunit &7 caseivesothe veliabibity

ta detecti on. wnﬂormnanr dremyehe gradeistl espitem UPDt afd ahe Abd¥APQdta
coder 70. FQB}("Q’&&I Egeﬂsﬁ?rt%@ %91#3’?%[& %S%eg'a%éub{he?aﬂgt 50

tailed descrl pt | on 0 eration e cor‘rgone
on of the received information, controls the

'5 operati.on of the receive signal selectign unitc 50.
In particular, as noted above, in the preterred.
embodiment of the invention, the decision logic unit 40
instructs the receive signal selection unit 60 to direct the
ADP{.‘.M samples to the ADPCM decoder 70 if the moden data ,
10 infamtion 52 indicates that the ADPCM samples represent mgden
: dat_a. This is necessary because the modem data would be
" adversely affected if the ADPCM samples I(k) representing the
' _modem data were substituted with the magnitude~limited ADPCM
samples 32. :
15 If the reliability mfamat:.on from the receive system
20 indicates that no errors were received for the corresponding
_ voice segment and that the voice segment was not missed, the
F o dec:.s:.on logic unit 40 may  instruct the receive signal
selection unit 60 to direct the ADPCM samples to the ADPCM
20 decoder 70. If magnitude-lmited ADPCM samples 32 replace the
. ADPCM samples I(k) even when no errors are detected, ‘the
quality of the decoded signal may not be sign:.ncantly degraded
since the perindic:.ty of the voice signal would still be
maintained. In the preferred embodiment of the inventien, the
25 receive signal selection unit 60 is only instructed to
substitute ADPCM samples I(k) w:.th magmtude-limted samples_sz
when errors are detected in the corresponding voice segment.
If the reliability information from the receive system
20 indicates that the corresponding voice ségmem: was missed,
30 the decision logic unit 40 will instruct the receive sigial
"~ selection unit 60 to direct the AbPCM encoded s11ence to tha
Lo ADPCM decoder 70.- In this case, the ADPCM ‘samples do not
| : contain any valuable J.nformation since the veoice segment was
: ' missed. 'rhe receive signal selection unit 60, in this case,
' 35 then would replace the ADPCM samples I(k) with encoded silence.
In the CCITT standard G.721 systen, encoded silence for a
: sample is OFh.
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sy[s?ﬂg%v%% 2841 o MODDCICK UPSHBUR 3 7354558, gnal is received by thguéarﬁ?er?ralgj-
2 and recessed by the receive system20 in voice- grrents or packets

ere each voice_segnment{_gr packet contai ns ADPCM saghpl es. ?g
ystem 20 gm ADPCM sanpl es fromthe received voice SI gha aI so
eliability information which may i'ncl ude whether a.voice segnent or packet

s mssed in the recei ved voice signal ar gphet her errors were det ect ed for '
he voice

Raséd on the instruct;:.on s;gnal 42 from the dec:.sxan
"log.u: unit 40, the receive signal selection unit 60 direct.s
. either the ADPCH samples I(k) ' maqmtude—limited ADPCM samples
- . 32, or ADPCM encoded silence (orn) to the ADPCM decoder 70. In
5 .the preferred embadiment of the invention, this detemmatien
- ~ and instruction 42 is only geherated once for every voice
‘segment and thus for the corresponding ADPCM samples I(k).
- Depending on the rel:.ab:.l;ty informatiun from the receive
system 20 or the change in data type from modem data to spee:h._
iD this detemmation may be performed more than once per voi.ce '
- seyment. _ ' '

Pinally, the ADBCM decoder, decodes the data it |
receives from the receive signal selection unit 60 to generate
a decoded volce signal. In this exemplary embodiment of the

15 invention, “the ADPCM decoder is a standard or stock CCITT
aténdard G,721 decoder so that no special modifications are
necessary to implement 'the present invention _Vith standard
encoders and decoders. In the praferred embodiment of the
invention, the ADPCM coders have the capability of providing

20 system parameters to eternal devices such as the vc_icahand data
detectwn unit so. . -

While the invention has been described and .i.llustrated :
with reference to specific embodimenta, thosa ‘skilled in tha
art will recognize that modifications and variations may be

25 made without departing from the principles of the invention as
described hereinabove and set forth in the following claims.

'I'hJs Sheet Has Been Replaced
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- 6L RECE IR zs B 3 6 AT, R CPGABLIRN (5 EamE6H 2 ADPCM égt)rré)l es pr oduced‘%@gﬂ @28
"ecelve system 20. The magnitude Iimter 30 recegjves. the ADPCM

anpl es and produces nagnltqgg-l|n1ted ADPCM sanpl es 32 osel@ﬁgnhﬁyde has
tieen I|n1tedeéygﬁﬂh_nax+ﬁuﬁrvarﬁ“'The voi ceband. dat a det %Y

‘Bl so receives- the A Wﬂli and -det erm nes whet her .the data:
Wrats o

iepr esent ed by thel consi depgd_to be modem or voi ceband’
ata and provi des c m 52 to thé decision logic unit 40. The
leci sion logic unit 40 receives the reli alghirtee i nformation fromthe

eceive system gst 3ﬁ data information 52 fromthe voi ceband. data
etection unit ég g éﬁ%ﬂ$ g%lon of the received information, controls
he oper at ion of the reckive A method of improving the perceured voice quality

of an ADPCM encoded signal havinq segments received from an
imperfect communications channel, said method comprising the
: steps ‘of: '
5 a) canverting a received segment of the ADPCM
aneeded gignal to ADPCY . sumples. :
'b) determining the maqnitude of the ADPCM samples;
c) replac;nq the value of a one ADPCM sample with
- a first predetermined value if the magnitude of the one ADPCM
10 sample is greater than a second predetermined value; and
4) asceding the ADPCM samples using a ADPCH decoder.

2. A maﬁhod according to claim 1, wherein step c)
comprisess | f - _
: i). determining, as a, function of tha received
- segment of the ADPCM encoded signal, the reliability of the

5 received segment, and
ii) replacing the value of a cne ADPCM sample with
'~ a first predetermined value if the magnitude of the one ADPCM
sample is greater than a second predetermined value as a -
function of determined reliability of the corresponding
10 received segment of the ADPCM encoded signal.

3. A method according to claim 1, wherein step c)
comprises: L | _ i
i} determining, as a function of the received
_segment of the ADPCHM ‘encoded signal, whef.her- the received N
I 5 segment is voxceband modem data; and ' :

‘ ' : ii) replac;ng the value of a one ADPCM sample w;th
’ a first predetermined value if the magnitude of the one ADPCM
' sample is greater than a second predetermined value and the

received segment was not determined to be voiceband modem data.
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jgnal sEP@2(Ion&Af 1 BHODCOCK WASHBURY § S3gd8Bfcul ar, in the pref erredND
odi nrent of the invention, the decision |logic un|'t)40 w Il al ways '

struct the o846 Si I it 60 to di-réct themmpl es
t'he - ADPCM decoder ﬂm lm""mumuigna information S2 indicates that the
CM sanpl es re_present rodém br woisceband data,  In addition, if the
liability information fromthe receive syagem 20 indicates that no errors
re received for the corresponding voice segnent. and that the voice '

egment was not nissed, #he dedrelihgd lasgordingt taochaln 3 swhermin ahep 9
cei ve signal aehpﬁsm unit 60 to direct the ADPCM sanples to the ADPCM

der 70. t ty,
ﬁggl \?re system 20 i ndi ca?ée%g‘tﬁﬁqfngr‘rggsg &ﬁ‘e‘?‘ggrkééelﬂleg ?Sﬁ#ﬁet&%@sag%&%g .
bi ee segnent afigceder. hethercthe pamiveth seapent t%e\tpiqew@ndeapémrﬂat@g. c .

it 40 will instruct the receive signal selection unit 60 to direct the
.g‘nltude limted ADPCI\/I '

5. A method according to claim 3, wherein step' i)'
comprises: | ;
determznmg, as a funct:.on of system parameters of the
‘decoder and an encoder, whether the received segment is
'l .' - ' § voiceband modem data, ' ' ' o

_ 6. A method according to claim 3, wherein step 1)
comprises: : ' . '
datermxm.ng, as a function of transnitted segments of
an ADPCM ericoded signal of an encoder, vhether the received
‘5 segment is voiceband modem data. '

- 7. A method according to claim 3, wherein step ii)
comprises: ] o . ' o
'1ii) determining, as =a fhnct1on of the received
_ segment of the ADPCM encoded signal, the reliab;lity of the '
5 recejved segment. and - :
l ) : iv) replacing the value of a one ADPCM sample with
~a first predetermined value if the magnitude of the one ADPCM
sampple is greater than a second predetermined value and the
réceived segment was hot determined to be voicéband moden data
10 as a function of determined reliability of the correspendan
received segment of the ADPCM encoded s;qnal.

/ . : .
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t ne recei ve system 20 I ndi cates that the correspondi ng vgi ce segnent was

ssed, the Q@ dsibiab nstruct the recdi vecintiiNiss

bl ection unit 60 to d| ﬂuulmmum)lum“m:oded silence to the ADPCM decoder
). . : - The receive *si §nat sl etti*on unit 60 directs ei ther the ADPCM
rrpl_es rragnl tude-l'im ted ADPCM sarrpl es 32,180~ ADPCI\/I o

8. A methed according to claim 2, where.in step ii)

comprises: : .

_ replacxng the value of a one ADPCM samwple with a first
- predetermined value Lf the magnitude of the one ADPCM sample is
5 greater than a second predetermined value and the determination

of the reliability of the corresponding segqmant of the ADPCM

encoded s:.gnal indicates that a’ received s:.gnal error was
detected for the rece:.ved segment. ' '

o K

5. A method according to ciaii'n 7, wherein step iv)
compri.ses' _
_ replacing the value or a one ADPCM sample with a first
' predetemined value if the magnitude of the one ADECM sample is
5 greater than a second predetemmed value, the received segment
was not determined to be voiceband modem data, and the
'determination of the reliability of the corresponding segment
of the ADPCM encoded signal .Lndicetes that a received szcnal
arxroy was detected for the received segment.

10._ A method according ta ‘claim 8, said method
further comprising the steps of: -
determining whether the received segment of the ADPCM_
encoded signal was nissed; and
S replacing the cor reepondinq ADPCM samples with ADPCM
encoded silence if the received segment ‘of the ADPCM ancoded
signal was missed.

11. A method acccrd.mg t.o claim 9, said method
turt.her comprising the steps of: . |
determimng whether the received segment of the ADPCM
encoded signal was missed; and _ o :
5 replacing the ccrresponding ADPCM samples mth ADPCM
enooded silence if the received segment of the ADPCM encoded
-siqnal was missed._
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- enc&HEE 1 &tk PeEE%egéﬂﬁiﬁg_ggg_ii %0 based on the instructions 42

ffom the decision logic, unit 40. Finally, the ADPCM YJecoder 70, decodes the
anpl es it rWOISHWEO | roHi !"ﬂ”,"snmumr' nal selectieh unit SCTASMAMErate a |
ecoded voi ce signal. lﬂesent i nvention, magnitude-linted

CM sanpl es 32 are selected o reﬁlate t he ADPCNIsaanes when an- error

r the correspondi ng voice segnment. |t has 1Besn f ound by the inventor that

to th f short h
s o e O Lt AL T el ok SnBG0h 0l RURCONY votce
Bgni t ude- | i ni tﬁﬁ%&%@% PRNARPFY enFﬂ'?%t‘éww ARV NS seswe;né‘ss zapeived

ops" ‘The sfbewi tas i dﬁpeﬂfemgmdmmu.bamtmd afAteas s83idcamearatiule
ahtizer scal e aﬁﬁé . the decoder to track the |ong tern1average ener gy
re

f the S|gnal wh (i ng the peaks of the
mearis for cunvertinq a received segment of the ADPCH

enceded signal to ADPCM. samples;
means for determining the magnitude of the ADFPCM

samplas;
repiecenent'means for replacing the value of a one
10 ADPCM sampie with a first:predetermlned value if the magnitude
of the one ADPCM sample is greater than a second predetermined
- value; and
an ADPCM decoder.

13. An apparatus accerding to claim 12, wherein said
replacement means includes:
means for determining, as a tunctinn of the received
segnent of the ADPCM encoded signal, the reliability of the
5 received segment; and
‘reliability replacement means for replacing the value_"
of a one ADPCM sample with a first predetermined valua if the
maqnitude of the one ADPCM sample is greater than a second
predetermined value as a function of determined reljapility of
10 the ecrrespanding'receiVed segment of the ADPCM encoded signal.

14. An apparatus according to claim 12, wherein said
replacement means includes:
- voiceband determination means for determining, as a
function of the received segment af the ADPCM encoded signal,
5 whether the received segment is voiceband_maden data; and

voiceband replacement means for repiacing the value
- of a one ADPCM sample with a tirst predetermined value if the
magnitude of the one ADPCM sample is greater than a second_

predetermined value and the received eegment'was not determined
'10 to be voiceband modem data.
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Lonal . G7EKPT | 1idlev efOPHICKHISHIYRY ? $H7RE, ¢ hat percei ved voi ce' §HfFt 92

| not greatly affect ed—byTeduction I n peaks of a voic ignal, while
eventing t zer he decoder fro_aS 0
‘Brge due toqgr rrpronmwmmlwmu voi ce quality of e‘&ﬁ@%@?i‘g’
gnal. - An overvi ew of lan *encdodér and a decoder systemis

esented to show how the substitution of thggnagnl tude-1imted. ADPCM

senpl es i nproves the perceived voice quality“df the voice signal by .
eventing the quantizer xs.al anf apboraéﬂi@mda:a&alihegt& QQLais 98, eei_r“r Qhk$a

e detected forygid@ifia scription’of t
pcoder and deco‘c’ler system Ogﬁﬂ%naé{#ﬁl_ﬁeaﬁfég gﬁ& %21 I s avail abl e -and
scribed in CC TT RecomMAaRs i ﬂerFZ-P”méEIREl-tsﬁ% Adafvnetion f fafi esystbm
il se Code Modul parametersCRE Tthél deco®ank, wHOOer V\’E'héhrebéﬁvmege%ment is
e

i jcor por ated eachings on the G 721 system
ervi ew ‘of alr?yefhco er- angtsgegogéf;é%ystem for the COTT G 721 system s

pll esent ed mnth reference to Figures.2 and
: : 16. An apparatus according to claim 14, wherein saia
voiceband determlnatlcn means includes:
. means for determining, as a functicn of systenm
parameters of the decoder and an encoder, vhether the received
5 segment is voiceband modem data.

17. An apparatus acccrding' to ¢laim 14, wherein eeid
vciceband determination means includes:
_ means for determining, as a function of transm.tted
_ segments of an ADPCM encoded signal cf an encoder, whether the
S raeceived segment is voiceband modem data. '

i : 18. An apparatus acccrd:.ng to clainm 17, wherein said
'} voiceband replacement means includes- ' -

means for determining, as a- function of the received

seguent of the ADPCM encoded signal, the reliabillty of the

S received segment; and : :

rel;ahil;ty voiceband replacement means for replacing

the Value ¢f a8 one ADPCM sample with a first predetermined

value if the magnitude of the one ADPCM sample is greater than

_ a second predetermined value and the received eegment was not

- 10 determined to be voiceband modem data as a functmn of

 determined reliability of the correspcnding received segment of

the ADPCM encoded signal.

This Sheet Has Been Replaced
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, 19. An apparatus according to claim 13, wherein said
‘reliability replacement means includes., _ : a
means for replacing the value of a one ADPCM sample
with a first predetermined value if the magnituda of the one
5 ADPCH sample is greater'than a second predetermined value and
the determination of the reliability of the corresponding
segment of the ADPCM encoded signal indicates that a received
signal error was detected for the received seqment. ' '

20. An apparatus'eccording to claim 18, wherein said

reliability voiceband replacement means includes; |
means for replacing the value of a one ADPCM sample

“with a first predetermined value if the magnitude of the one
5 ADPCM sample is greater than a second predetermined value, the
‘veceived segment was not determined to be voiceband modenm data,
and the datermination of the reliability of the corresponding
segment of the ADPCM encoded signal indicates that a received

signal error was detected fcr the received segment.

21. aAn apparatus according to claim 19, said
apparetus further comprising: '
means for determining whether the received segment of
_ the ADPCM encoded signal was missed, ‘and o '
L] . means for replacing the corresponding ADPCM samples
with ADPCH encoded silence if the received segment of the ADFCM
encoded signal was missed,

22. An apparatus according to claim .20, said
: apparatus further comprising:
' means for determining whether the received segment ofi
the ADPCM encoded signal was missed, and . o
5 , means for replacinq the corresponding ADPCM samples
with AbDPCM encoded silence if the received segment of the ADPCM
- encoded signal was missed, :
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' ADAPTIVE ERROR CONTROL FOR ADPCM SPEECH CODERS

Cross-Raeference to Related aApplications

This application is related to co-pending application
Serial No. 08/013,625, filed Februvary 2, 19%3 (Attorney’s
“ocket No. PACI-D105), which is assigned@ to the same assighee
and is incorporated herein by reference.

Field of the Invention
The present invention relates generally to Adapt;ve
Differential Pulse Code Modulation ("ADPCM") speech coders and
_-more particularly to adaptive error contrel for ADPCH speech
coders.

Background of the Inventien
' Voice data or signals are commonly compressed and
dacompressed (encoded and decoded) when they are sent or
received by communications applications. A common technigue
 for voice compression or coding is ADPCM. The Censultative
Committee in International Telegraphy and Telephony ("CCITTY).
has adopted a particular ADPCM algorithm Xnown as CCITT
standard G.721 for 32Kbps (bits per second) coding of veice
signals which is described in CCITT Recommendation G.721 "32
Kbits/s Adaptive Differential Pulse Code Modulation", CCITT
Blue Book, 1988 and which is hereby incorporated by reference
for its teachings on the G.721 system. The CCITT standard
t£.721 was developed for terrestfial wireline applications and
provides “toll quality® vgjice compression and decompression
with a nminimal processing delay and fairly low complexity
provided the communications channel error rates-ara very low.
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Ganarally, terrestrial wireline applications have very low
error ratas due to an imperfect communications char "el, and as
such the G.721 system works well wita such applications. The
CCITT standard G.721, however, has also been adopted for voice
compression or coding in wireless communications applicatiens
where the error rate may not be as low. For example, the CCITT
standard G.721 has been adopted for voice compression or coding
for such Personal Communication Services ("PCS") applications
as the Japanese Personal Handi-Phone (PHP) and European DECT
systens.

The G.721 voice coding system, however, has been found
to guickly degrade in communication applications with higher
error rates (than wireline applications) such as PCS
applications (e.g., the Japanese PHP or the Eugopean DECT
systems} and in other higher error rate communication
applications. It has been found that the perceived voice
guality may be reduced even if the error rate is not much
higher than the error rate of wireline applications because
even a low level of errors due to an imperfect communications
channel has been found to produce “clicks" and “pops" caused in
a voice signal when the G.721 voice coding system is used.
Madifications to ADPCM coding systems to make the systems mare
robust to channel errors, such as described by Cointot and G.
de Passoz in "A 60-Channel PCM-ADPCM Converter Robust to
Channel Errors, Proceedings of the International Conference of
Acoustics, Speech, and Signal Processing 1982 and by D. Kim and
C.K. Un in ADPCM System with Improved Error Control®,
Proceedings of the International Conference of Acoustics,
Speech, and Signal Processing 1983, are nct possible since PCS
standards specify that the exact CCITT G.721 standard must be
used, '

Known technigques to improve the perceived voice
quality of systems using the exact G.721 voice cading systenm
include waveform substitution technigques such as those
described by David J. Goodman et al. in "Waveform Substitution
Technigues for Recovering Missing Speech Segments in Packet
Voice Communications", IEEE Transactions on Acoustics, Spaech



di gital ADPCM sanples 1(k) would be equivalent to the
generated by the encoder prior to nodul ation, transm $sjon bt | on
by the antenna 22. Si nce comuni cati ons channel $ § |y
error free, *in the preferred enbodi nent of the inventi
system 20 al so provides reliability information which}i i

voi ce segment or packet was missed in the feceived voilce signal or whether
‘errors were detected for the voice segnent™ or packet corresponding to the
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One common waveform substitution technigue is known as zero
‘substitution. In this waveform substitution technigue, a
received voice segment containing errers is replaced with 2eros
or the ADPCM encoded equivalent of zercs. This technique is

10 also used when an entire voice segment or packet is not
received. This waveform substitution technigue fails to use
the valuable information in the received voice segment with
errors since it completely substitutes this segment with zeros.

A second waveform substitution technique is known as

15 last packet substitution. In this waveform substitution
technigue, a received voice segment containing errors is
replaced with the last received voice segment. This technique
therefora requires a memory device to store prior received
voice segments. This technigque has been found to cause

20 mistracking in the ADPCM decoder which produces audible
#clicks” in the resultant decoded voice signal.

A third commen waveform substitution technique is
known as pitch synchronous waveform substitution. In this
technique, received voice segments are categorized based on

25 their pitch. When a voice segment with errors is received, its
pitch is determined, and then a previcusly received voice
segment which has a similar pitch as the received voice signal
with errors is substituted. This system reduces the
mistracking and consequently the audible clicks produced by the

30 last packet substitution technigque. This technigue, however,
induces an extremely large increase in the algorithm complexity
of the G.721 system. Finally, all of these common waveform
substitution téchniques fail to use the valuable information in
the received voice segment with errecrs since they completely

35 substitute this segment with either zeros or some previously
received voica segment.
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predeternined value A then the magnitude of I(k) is pef"éeqlial to a dedond
Ppredeternined value B, while the sign of I(k) renmains{ o MAR 9971 11 [t he
preferred enbodinent of the invention, the value of A is set to 4 jand B
Is set to 4, so that if I(k) is greater than 4, then |( ' L, fand
if 1(k) is less thtan -4, then I(k) is sel 4o--4. The pagnitude- linmte
ADPCM sanpl es 32 are passed to the receive signal sel ection unit 60.
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i nvention, the systemis.a full duplex system where one
audible "cslzcks“ ang Rpops" yfn the decoded voice signal when

errors are present in received veice segments.

Bummary of the Invention
The previously described problems are overcome and the
10 objects of the invention are achieved in apparatus and methuds
for adaptive error control for ADPCM speech ocoders which
improve the perceived voice quality of received ADPCM encaded
voice signals. The method includes the steps of converting the
. received ADPCM encoded signal to ADPCM sampleé and then
15 determining the wmagnitude of the ADPCM samples. A step of the
method then replaces the value of a one ADPCM sample with a
first predetermined value if the magnitude of the one ADPCM
sample is greater than a second predetermined value. Finally,
a step of the method decodes the ADPCM samples using a ADPCM
20 decoder. _ )
Specifically, steps of the method may determine, as
a function of the received ADPCM encoded signal, the
reliability of the received signal and then replace the value
of a one ADPCM sample with a first predetermined value if the
25 magnitude of the one ADPCM sample is greater than a second
predetermined value as a function of determined reliability of
the corresponding receive signal.
In addition, steps of the method may replace the value
of a one ADPCM sample with a first predetermined value if the
30 wmagnitude of the one ADPCM sample is greater than a second
predeterminad value and if the determination of the reliability
of the corresponding signal indicates that a receiver error was
detected. . :
This method may also include the steps of determining
35 vwhether a segment cof the received signal was missed and then
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replacing the corresponding ADPCM samples with ADPCM encoded
silence if the segment of the received signal was missad.

Brief Dascriptien of the Drawings

The present invention will be better understead, and
its numerous objects and advantages will become apparent by
reference to the following detajiled description of the
invention when taken in conjunction with the following
drawings, in which: '

Fig. 1 is a block diagram of exemplary ADPCM veice
signal receiver and decoder system constructed in accordance
with the present invention;

Fig. 2 is block diagram of a portion of a CCITT G.721
standard encoder; .

Fig, 3 is block diagram of a portion of a CCITT G.721
standard decoder depicted in Fig. 1;

Fig. 4 is a block diagram of exemplary ADPCM duplex
system canstructed in accordance with the present invention.

Datailed Daseription

_ An exemplary ADPCM receiver and decocder syatem
providing adaptive error control constructed in accordance with
the present invention is shown in Fig. 1 and generally
designated 10. The system 10 is shown to include an antenna
22, a receive system 20, a magnitudezlimiter 30, a decision
logic unit 40, a voiceband data detection unit 50, a receive
signal selection unit 60 and an ADPCM decoder 70. A brief
overview of the system 10 is presented and then a detailed
deseription ©of the operation of each of the components of the ’
system 10 is presented,

A voice signal is received by the antenna 22 and

.rocessed by the receive system 20 in voice segments or packets
where each veice segment or packet contains ADPCM samples. The

receive system 20 generates ADPCM samples from the received

voice signal and also reliability information which may include
whether a voice segment or packet was missed in the received
voice signal or whether errors weres detected for tha voics
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data, in a full duplex channel, the voi ceband data d @Jtﬁ%ﬁﬁmfﬁs
use transm ssion information of t he encoder 80 to def efm ne Whet her It

Teceive signal represents nodem or voiceband data sipce (3 MA Ropgr ijlc
application is transmtting nodem or voi ceband dat a, :_E i's genera
recei ving nodem or voi ceband dat a. The systenrtb—+A—Fi-gH-e- 4

further includes an antenna 92 for transig tLng nodul ated ADPCM sanpl
generated by ADPCM encoder 80 and nodul ated by the transm
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Serial No. 08/ E‘Hgtz dg 2, 1993 (Attorney's Docket No.
PACI - 0105) forgit eac%’wg gﬁéétdrrl?n&é/gnt systens. Inthe systﬁgBlS sh wn I n

Figure 4, the voi cebanFiea™aonitude; JImLERE I Facnivese L09s ADRFYP 'ﬂ%
in particul ar, ahd @rodaces meignitudeal imited ADPEMksangilesh 32 evhsie magnitnde he
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decoder es fromthe recelrve s
detection unit 50 also receives the ADPCM samples and

determines whether the data represented by the ADPCHM samples is
considered to be modem or voiceband data and provides this
information 52 to the decision logic unit 40. The decision
logic unit 40 receives the reliability information fzom the
receijve system 20 and the modem data information $2 from the
vaoiceband data detection unit S0 and as a function of the
received information, controls the operation of the receive
signal selection unit 60. )

In particular, in the preferred embodiment of the
invention, the decision logic unit 40 will always instruct the
receive signal selection unit 60 to direct the ADPCM samples to
the ADPCM decoder 70 if the modem data information $2 indicates
that the ADPCM samples represent modem or voicaband data, 1In

, additiocn, if the reliability information from the receive
system 20 indicates that no errors were received for the
corresponding voice segment and that the voice segment was not
nissed, the decision logic unit 40 will also instruct the
receive signal selection unit 60 to direct the ADPCM sanples to
the ADPCM decoder 70.

Otherwise, if the reliability information from the
receive system 20 indicates that errors were received for the
.corresponding voice segment and that the voice segment was not
missed, the decision legic unit 40 will instruct the receive
signal selection unit 60 to direct the magnitude-limited ADPCM
samples 32 to the ADPCM decoder 70 or if the reliability
information from the receive system 20 indicates that the
corresponding voice segment was missed, the decision logic unit
40 will instruct the receive signal selection unit €0 to direct
the ADPCM encoded silence to the ADPCM decoder 70. '

The receive signal selection unit &0 directs either
the ADPCM samples, magnitude'-limited' ADPCM samples 32, or ADPCM
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i nvention, the voiceband data detection unit 50 detgrim nes, whet her e
*ADPCM sanpl es 1 (k) contains nodem or voiceband datd as 3%&19975_ df [t he
quantization scale factor y(k) of either the encoddgr {80 or decoder {94q for
the last previously transmtted or received voice gegnent and a second

order predictor ceefficient aJerr] (k) fos $he decodesr—LQ._ln fhis
enbodi ment, if a data detection variable Dis less a threshold, TD, or the
second order phaedidedorsibaida citent theerADPECY idedatiex t 10N haséd ctr| dheTA,

then the ADP%§§?E%€§OA£ k2 ¥r8mNEhe dRENRA JIn0 16905 Abdy £TREEM Pina/%if.et&.ad

data. O herw se DPCM sanpl.es I (k) .are deefed t,o contgin em of

voi ceband dat éPmeﬁécﬂéﬁérﬁPnaPFSH"‘%F \ﬁﬁ&t ﬁ@?“;’gﬁﬁ A%Paﬁ?gﬁﬁlse TR, 88ent

nmodem or voi celesedveas ignsl tsrkechiop uadtt 60t ko denexate & odecodad tvoiee
signal.

In the present invention, magnitude-limited ADPCM
samples 32 are selected to replace the ADPCM samples when an
erroyr for the corresponding veice segment. It has been found
by the inventor that due to the use of short term prediction in
the encoeding and decoding systems of the CCITT standard G.721
system, replacement of samples with magnitude~limited samples
tends to eliminate the audible "clicks" and Upops™. The
substitutjon of wagnitude-limited samples 32 causes the
quantizer scale factor of the decoder to track the long term
average energy of the signal while reducing the p;aks of the
signal. oOverall, however, it has been found, that perceived
voice guality is not greatly affected by reduction in peaks of
a voice signal, while preventing the guantizer scale factor of
the decoder from becoming too large due to errors improves the
perceivéd voice guality of the voice signal.

An overview of an encoder and a decoder system is
presented to show how the substitution of the magnitude-limited
ADPCM samples improves the perceived voice gquality of the veice
signal by preventing the quantizer scale factor from becoming
too large when errors are detected for a voice segment. A more
detailed description of the encoder and decoder system of the
CCITT standard G.721 is available and described in CCITT
Recommendation G.721 "32 Kbits/s Adaptive Differential Pulse
Code Modulation", CCITT Blue Book, 1988 which has been
incorporated by reference for its teachings on the G6.721
system. The overview of an encoder and decoder system for the
CCITT G.721 systen is presenteqd with refersnce to Pigures 2 and
3, '

In Figure 2, a block diagram of a CCITT standard G.721
encoder is shown. In this encoder, the ADPCM samples, I(k) are
generated from the guantized difference d(k), of the input
voice signal s(k) and the predicted voice signal s, (k). In
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- 12 - In the exenpl ary enbodi ment of the i nyREP, WEMEW) +
ANCR if y(k) of the encoder 80 or decoder 70 is greatgr] S e o

set to 3.0 in the preferred enbodi ment of the inventipn da# 14 a)
- DECR If Dis less than 0, however, Dis set to O. ﬂ@‘gﬂgg?erre
enbodi nent of the invention, a = 1/512, INCR = 1, and Em._.._..i._Ln_th
preferred enbodi nent of the invention, a voice segnenf is received everly 5
mlliseconds. As a consequence, D -er !

particular, the ADPCM samples I(k) are egual to the

quantization of the log, of the difference signal d(k) laess a
gquantization scale factor y(k) where the gquantizer scale factor

is adaptively calculated based upon the values of previous

ADPCM samples I(K). A block diagram ¢of an CCITT standard G.721

decoder is shown in Figure 3. As shown in Figure 3, the

decoder, also predicts s, (k) and uses this value to decode the

received ADPCM samples. If the ADPCM samples contains errors,

however, the decoder may not be able to accurately pradict

g, (k).

Since the ADPCM samples I(k) are generated from the
log, of the difference signal d(k) less the quantizer scale
factor y(k), the gquantizer scale factor is effectively a 2
scaling factor of the difference signal d(k) and thus the AppcM
samples I(k). It will be shown that the guantizer scale factor
y(xX) is heavily weighted by ADPCM samples I(K) with large
magnitudes and as a consequence when a received voice segment
of ADPCM samples has errors, the larger magnitude ADPCM samples
tend to cause the decoder, shpwn in Figure 3, to fail to match
the guantizer scale factor of the encoder, i.e., the decoder
and encoder do not generate the same gquantization scale factor
yY(k)., the same prediction signal s (k) and thus the same voice
signal s(k). In particular, the value of y(k) at the decoder
tends to become large relative to the value of y(k) at the
encoder, and the resultant scaling of ADPCM samples I(k) at the
fdecoder produces a voice signal s(k) with a much larger energy
than the veice signal s(k) at the encoder. The result is an
audible "click" or “pop'. '

By substituting magnitude-limited ADPCM samples when
errors are received, the quantizer scale factor of the decoder
will be forced to track the long term average energy of the
voice signal s(k) and thus avoid producing the audible "clicks"
and "pops". The substitution does produce smaller peak values
in the decoded voice signal, however, as noted above, perceived
voice quality is less affected by changes in the peak values
than changes in the quantizer scale factor. Thus, by
substituting magnitude-limited ADPCM samples even when errors
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or der heavily weighted by ADPCM samples with large magnitudes. This
is because the CCITT standard G.721 system y(k) is determined
from the a combination of a long term and a short term weighted
average of the ADPCM samples I(k), in particular y(k) =
a,(k)y,(k=1) + [1-a,(kX)}]y (k~1) where the short term weighted
average vy,(k) = (1-2%)y(k) + 2 W[I(k)] and the long term
weighted average y,(K) = (1-2")y(k) + 2'°yu{k). The function
W{] is a weighing function and is equal to 70.13 for 7, 22.1%
for +&, 12.38 for %5, 7.00 for +4, 4.00 for 3, 2.56 for %2,
1.13 for #1, and -0.75 for 0. As a conseguence, it can be seen
that y(k) is heavily weighted by ADPCM samples I(k) having
magnitudes greater than 4 by the weighing function W([)}. The
gquantizer scale factor y(k) is also effected by the value of
the adaption speed control parameter a (k). The adaption speed
control parameter a (k) determines whether the guantizer scale
factor y{k)fshould more closely follow the short term or long
term average of the guantizer scale facter y(k).

By limiting the magnitude of the ADPCM samples I(k)
at the input of the decoder, the guantizer scale factor y({k) is
more likely to track the long term average of energy of the
voice signal s(k) at the encoder and thus reduce or eliminata
the presence of audible "clicks" or "pops" in the voice signal
s(k) produced at the decoder. With this understanding of the
operation of the encoder and decoder of the CCITT standard
G.721 system, a detailed description of the components of the
system 10 of the invention is presented with reference again to
Figure 1.

In the exemplary embodiment of the invention, the
encoded ADPCM samples I(K) are modulated and sent over a
wireless communication channel. The modulated ADPCM samples
I(k) are received in segments or packets by the antenna 22.
The receive system 20 receives the modulated ADPCM samples I{K)
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preferred enbodi nent of the invention, TA = 1.25, then{arconstant--tene IS
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signal 52 will indicate that no nodem or voi ceband dath s%g$ n i
ADPCNIsaanes In the system 15, if the interhal _value of th
encoder's and decoder's y(k) and the decoder's second prder predictor
coefficient aferr](k) are not available, tR&8n~a differ
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avai |l abl e beca&é@‘ 41y, if the communications channel were error free, the
digital ADPCM samples I(X) would be equivalent to the ADPCM .
samples I{K) generated by the encoder prior to modulation,
transmission and reception by the antenna 22, Since
communications channels are not generally error free, in the
preferred embodiment of the invention, the receive system 20
also provides reliability information which includes whether a
voice sagmant or packet was missed in the recesived voice signal
'~ or whether errors were detected for the voice segment or packet
corresponding to the ADPCM samples produced by the receive
system 20. An eXemplary receive system is described in detail
in the cross-referenced co-pending application Serial No.
08/033,625, filed February 2, 1993 (Attorney’s Docket No. PACI-
0105},

In the exemplary embodiment of the invention, the
magnitude limiter 30 receives the ADPCM samples generated by
the receive system 20 and produces magnitude-limited ADPCM
samples 32 whose magnitude has been limited to some maxinum
value, i.e., if the magnitude of I(k) is greater than some
first predetermined value A, then the magnitude of I(k) is set
equal to a second predetermined value B, while the sign of I(k)
remains constant. In the preferred embodiment of <the
invention, the value of A is set to 4 and B is set to 4, so
that if I(k) is greater than 4, then I(k) is set to 4, and if
I{k) is less than ~4, then I(k) is set to -4. The magnitude-

 limited ADPCM samples 32 are passed to the receive signal
selection unit 60. _

The voiceband data detection unit 50 also receives the
ADFCM samplas generated by the receive system 20 and determines
whether the data represented by the ADPCM samples is modem or
voiceband data. The voiceband data detection unit 50 then
provides this information 52 to the decision logic unit 40.
one embodiment of the voiceband data detection unit 50 is
described with reference to Figure 4. 1In this embodiment of
the invention, the system is a full duplex system where one
signal is received on <the communications channel by a
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Unit 50 determines a y[err] (k) using the received A lLes
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encoder 80. The factors y[err] (k) and y[err] (k) are jddiern ned by ugi
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for 5, 7.0 purpose of the voiceband data detection unit 50 is to datermine
whether the received ADPCM samples represent modem or voiceband
data, in a full duplex channel, the voiceband data detection
unit 50 may use transmission information ¢f the encoder 80 to
determine whether the receive signal represents modem or
voiceband data since if a commanications application is
transmitting modem or veoiceband ‘data, it is generally alsc
receiving modem or voiceband data.

The system 15 in Figure 4 further includes an antenna
82 for transmitting modulated ADPCM samples generated by ADPCM
encoder 80 and modulated by the transmit system 90. Reference
is again made to the cross-referenced co-pending application
Serial No. p8/013,625, filed February 2, 1993 (Attorney’'s
Docket No. PACI-0105) for its teachings on transmit systems.
In the system 15 shown in Pigure 4, the vojiceband data
detection unit may receive system parameters, in particular,
the guantization scale factor y(k) of the encoder 80 or the
decoder 70 and the second order predictor coefficient a, (k) of
the decoder 70, or ADPCM samples from the receive system 20 oy
from the ADPCM encoder 80.

In one exemplary embodiment of the invention, the
voiceband data detection unit 50 determines whether the ADPCM
samples I({k) cuntagins moden or voiceband data as a function of
the guantization scale factor y(k) of either the encoder 80 or
decoder 90 for the last previously transmitted or received
voice segment and a second order predictor coefficient a,(k)
for the decoder 70. In this embodiment, if a data detection
variable D is less a threshold, TD, or the second order
predictor coefficient a,(k) is less then a threshold, TA, then
the ADPCM samples I(k) are not deemed to contain modem or
voiceband data. Otherwise, the ADPCM samples I(k) are deened
to contain modem or voiceband data. The determination of
whether the ADPCM samples represent modem or voiceband data is
then supplied to the decision logic unit 40. '
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70 is a standdfRPetiment RE Ceheri SPd &= 3/512, INCR =1, and DECR =
B. In the preferred embodiment of the invention, a voice

segment is received every 5 milliseconds., As a conseguence, D
is updated at every 5 milliseconds and thus the time constant
for this indicator is about 2 seconds, i.e., about 5123%§
milliseconds.

If energy is constantly present in the signal, as with
modem or voiceband data signals, D, which in the preferred
embodiment of the invention is a fixed point variable with 5
bit fractional part and a 10 bit magnitude, will quickly reach
its maximum of 512.0 (based on the time constant in about 2
seconds). In the preferred embodiment of the invention, TD is
set to 75% of the maximum of D, or 384.0. The voiceband data
detaction unit 50 also checks the value of the second order
predictor coefficient a,(k).

The voiceband data detection unit checks the value of
the second order predictor coefficient a,{X) tao determine
whether constant tones are present which will also have
constant energy but not represent modem or voiceband data, one
suehh constant tone is a dial tone. If the second order
predictor coefficient a (k) is greater than the threshold, TA,
in the preferred embodiment of tha invention, TA = 1.25, then
a constant tone is considered to bhe presaent in the ADPCM
samples I(k) and modem information signal $2 will indicate that
no modem or voiceband data is present in the ADPCM samples.

In the system 15, if the internal wvalue of the
encoder’s and decoder’s y(k) and the decoder’s second order
predictor coefficient a, (k) are not available, then a different
system is used to determine whether the ADPCM samples I(k)
contain moden or voiceband data. In the exemplary embodiment
of the invention, these values may not be available because a
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unit in the previous enbodi ment except that y[err] (k) I's"not-det
Dis over the threshold is determn ned o1|§/

In each of the above enbodi ments of the poj cgamm
detection units 50, the unit 50 generates the nodem Hat.a_inf.

t hus whet her
Y[err] (k).
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52 whi ch indi cates-whet her or not the ADP%sanpl es pre considered to

represent nodem or voi ceband dat a.

stock or standard CCITT standard G.721 decoder and encoder is
used. _ o : -
If the internal variables are not available, then
voiceband data detection unit 50 determines a y,(k) using the
received ADPCM samples and a Y,(k) (if available} using the
ADPCM samples generated by the ADPCM encoder 80. The factors
vy(k} and y, (k) are determined by using the same function used
by the CCITT standard G.721 decoder and enceder to determine
the short term quantizer scale factor y,{k). Thus, ys(k) = (i-
2%y, (k) + 27W(I(k)] and y,(k) = (1-27)y (k) + 2”°W[I(K))where
W[] is equal to 70.13 for *7, 22.19% for %6, 12.38 for *5, 7.00
for f4, 4.00 for *3, 2.5§ for #2, 1.13 for 21, and -0.75 for O.
Then yu{k) and y,(k) are used to determine D as above by
replacing the y(k) for the enceder with y,(k) and y(k) for the
decoder with yu(k) . In aadition, since the second order
predictor coefficient a,(k) is not available, this part of the
system is not used. 1In detail, D = D*(i-a) + INCR if y,(K) or
¥.(K) is greater than TY, else D = D*(1-a) ~ DECR. If D is less
than 0, however, D is set to 0. Then, if the data detection
variable D is less the threshold TD, then the ADPCM samples
I(k) are deemed not to contain modem or voiceband data.
Otherwise, the ADPCM samples I(k] are deemed to contain modem
or voiceband data and regardless this information 52 is
supplied to the decision logic unit 50. A final embodiment of
the voiceband data detecticn unit is shown in Pigurs 1. In
this unit, data generated by an enceder is not -available and
the internal variables y(k) and a,(k) are not available because
the decoder 70 is a standard or stock CCITT standard G.721
decoder. The voiceband data detection unit 50 functions the
same as the unit in the previous embodiment except that y,.(k)
is pnot determined and thus whether D is over the threshold is
determined only as a function of y,(k). 1In each of the above
embodiments of the voiceband data detection units 50, the unit
50 generates the modem data information signal 52 which
indicates whether or not the ADPCM samples are considered to
represent podem or voiceband data. C

nal
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I ntormation fromthe receive system 20 and the nodem fata--i n

signal 52 fromthe voiceband data detection unit 50 ahd abc.gm@n
the received information, controls the operation of the r &9@
sel ection unit 60. In particular, as noted gbaye,..in the prdfg
enbodi ment of the rnvention, the decisianyjogic unit |40 instructs t '
receive signal selection unit 60 to direct the ADPCM
decoder 70 if the rmderhejalea:.iiﬂibur Megienuh2ti 52 eecepvidand h&mty
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and as a functicn of the received information, controls the
operation of the receive signal selection unit 60.

In particular, as noted above, in the preferred
embodinent of the invention, the decision logiec unit 40
instructs the receive signal selection unit 60 to dirsct the
ADPCM samples to the ADPCM decoder 70 if the wmodem data
information 52 indicates that the ADPCM samples represent moden
data. This is necessary because the modem data would be
adversely affected if the ADPCM samples I(k) reprasenting the
modem data were substituted with the magnitude~limited ADPCM
sSamples 32.

If the reliability information from the receive system
20 indicates that no errors were received for the corresponding
voice segment and that the voice segment was not missed, the
decision logic unit 40 may instruct the receive signal
selection unit 60 to direct the ADECM samples to the ADPCM
decoder 70. If magnitude~limited ADPCM samples 32 replace the
ADPCM samples I(k) even when no errors are detected, the
quality of the decoded signal may not be significantly degraded
since the perjodicity of the voice signal would still be
maintained. In the preferred embodiment of the invention, the
receive signal selection unit 60 is only instructed to
substitute ADPCM samples I{k) with magnitude-limited samples 32
when errors are detected in the corresponding veice segment.

If the reliability information from the raceive system
20 indicates that the corresponding voice segment was missed,

the decision logic unit 40 will instruct the receive signal -

selection unit 60 to direct the ADPCM encoded silence to the
ADPCM decoder 70. In this case, the ADPCM samples do not
contain any valuakle information since the voice segment was
missed. The receive signal selection unit 60, in this case,
then would replace the ADPCM samples I(k). with encoded silence.
In the CCITT standard G.721 system, encoded silence for a
sample is OFh.
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and- instruction 42 is only generated once for every veoice
segqment and thus for the corresponding ADPCM samples I(k).
Depending on the reliability information from the receive
system 20 or the change in data type from modem data to speach,
this determination may be performed more than once per voice
segment.

Finally, the ADPCM decoder, decodes the data it
receives from the receive signal selection unit 60 to generate
a decoded voice signal. In this exemplary embodiment of the
invention, the ADPCM decoder is a standard or stock CCITT
standard G,721 decnder so that no special modifications are
necessary to implement the present invention with standapd
encoders and decoders. In the preferred embodiment of the
invention, the ADPCM coders have the capability of providing
system parametere to eternal devices such as the veiceband data
detection unit $§0.

While the invention has been described and illustrated
with reference to specific embodiments, those skilled in the
art will recognize that modifications and variations may be
made without departing from the principles of the invention as
described hereinabove and set forth in the following claims.
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CLAIMS
What is Claimed is:

1. A method of improving the perceived voice quality
of an ADPCM encoded signal having segments received from an
imperfect communications channel, said method comprising the
steps of:

a) converting a received segment of the ADPCM
anccdad gignal to ADPCHM samples;

b) datermining the magnitude of the ADPCM samples;

c) replacing the value of a one ADPCM sample with
a first predetermined value if the magnitude of the one ADPCM
sample is greater than a second predestermined value; and

d) dacoding the ADPCM samples using a ADPCH dacoder.

. 2. A method according to claim 1, wherein step c)
comprises: |
i) ‘determining, as a function of the received
segment of the ADPCM encoded signal, the reliability of the
received segment; and
ii) replacing the value of a one ADPCM sample with
a first predetermined value if the magnitude of the one ADPCM
sanple is greater than a second predetermined value as a
function of determined reliability of the corresponding
recaived segment of the ADPCM encoded signal.

3. A method according to claim 1, wherein step c¢)
comprises: _

i) determining, as a function of the received
_segment of the ADPCM encoded signal, whether the recaived
segment is voiceband modem data; and '

ii) replacing the value of a one ADPCM sample with
a first predetermined value if the magnitude of the one ADPCM
sample is greater than a second predetermined value and the
received segnent was not determined to be voiceband modem data.

This Sheet Has Been Replaced

i f



e

Based on the ruction signal 42 fromthe decision t
receive si gnﬂ,iﬂ@l” II””H 60 di rects ei ther the , Eq)
magni t ude- 1 i or ADPCM encoded] si | ence f -o

t he ADPCM decoder 70. 5* he pref erred enbodi ment of{ t he f”@&’b? this
determ nation and instructron 42 is only generated gnce P 9 vcr de
segnent and thus f~or the correspondi ng ADPCM sanpl es I{( dg fon
the reliability information fromthe receiug - system 20 or the change ifn
data type from nodem data to speech, 10 this determ natTonm—ray—be “"rfnrr

nmore than once per voicé. &e@w according to Fﬂ-ﬁ&\“l?y ?herﬂ]PGmeP 1)
decoder, decodegm {agsggm,t ait receives fromthe receive signal selection

e 3"k | SSEEISICRES B 48 S o s

enbodi nent of

caTT st anddegoden Mhetheaethe redrivasdh segmens istaiceband Baden Qata.

5. A method according to claim 3, wherein step i)
comprises: | | |

determining, as a function of system parameters of the
decoder and an encoder, whether the received segment is
voiceband modem data.

6. A method according to claim 3, wherein step i)
comprises:

datermining, as a function of transmjitted segments of
an ADPCM eancoded signal of an encoder, wvhether the received
segment is voiceband modem data.

7. A method according to claim 3, wherein step ii)
comprises: :

iii) determining, as a function of the received
segment of the ADPCM encoded signal, the reliability of the
received segment; and

iv) replacing the value of a one ADPCM sample with
a first predetermined value if the magnitude of the one ADPCM
sample is greater than a second predetermined value and the
received segwent was not determined to be voiceband modem data
as 38 function of determined reliability of the corresponding
received segment of the ADPCM enceded signal.
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the fol |l owi ngranpxiises:
replacing the value of a one ADPCM sample with a first
predeternined value if the magnitude of the one ADPCM sample is
greater than a second predetermined value and the determination
of the reliability of the corresponding segment of the ADPCM
encoded signal indicates that a received signal error was
detected for the received segment.

5. A method according to claim 7, wherein step iv)
comprises:

replacing the value of a one ADPCM sample with a fipst
predetermined value if the magnitude of the one ADPCM sample is
greater than a second predetermined value, the received segment
was not determined to be voiceband modem data, and the
determination of the reliability of the corresponding segment
of the ADPCM encoded signal indicates that a received signal
error was detected for the received segment.

10, A method according to claim 8, said method
further comprising the steps of:

determining whether the receivéd segment of the ADPCM
encoded signal was missed; and

replacing the corresponding ADPCM samples with ADPCHM
encoded silence if the received segment of the ADPCM encoded
signal was missed. ' :

11. A wmethed according to claim 9, said method
further conmprising the steps of:
determining whether the received segment of the ADPCM
encoded signal was missed; and |
- replacing the corresponding ADPCM samples with ADPCM
encoded silence if the received segment of the ADPCM encoded
signal was missed.
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1. A nethod erceived voice quality p
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recei ved ‘'segment of the ADPCM encoded L
to ADPCM sanpl es; ~ . =19 = Db) determnlngthema
of the ADPCM sanpl es; ' c)—+epkacing the vafue of

a one ADPCM sanpl e w fi2.a Anhr gpparatus for improving the percepwedlevd:m ned
value if the fROQItYUGE Qn AP ®encoded signal having segments PEELMGAND! e
's greater thta rlma ggcofmpeprrteec%t ef:@mﬂ&r?;catmns channel, said apparatus '
comprising: _ '
means for converting a received segment of the ADPCM
enceded signal to ADPCM samples;
means for determining the magnitude ©f the ADPCM
samples; :
replacement means for replacing the value of & cne
ADPCM sample with a first predetermined value if the magnitude
of the one ADPCM sample is greater than a sacond predetermined
value; and - :
an ADPCM decoder.

13. An apparatus according to claim 12, whlerein said
replacement means includes:
means for determining, as a function of the received
segment of the ADPCM encoded signal, the vreliability of the
received segment; and '
reliability replacement means for replacing the value
of a one ADPCM sample with a first predetermined values if the
wagnitude of the one ADPCM sample is greater than a second
predetermined value as a function of determined reliability of
| the corresponding received segment of the ADPCM encoded signal.

14. Aan apparatus according to claim 12, wherein saiad
replacement means includes:

vaiceband determination means for det termining, as a
function of the received sagment of the ADPCM encoded signal,
whether the received segment is voiceband modem data; and

voiceband replacement means for replacing the value
of a one ADPCM sample with a first predetermined value if the
magnitude of the one ADPCM sample is greater than a second

predetermined value and the received segment was not determined
! to be voiceband modem data.
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“val ue, the mag st predet er ni ned val u I{EPLAW;:MFM”‘
bei ng greater !I( ﬂ ‘)after (g%E ,

=decodi ng thex z’ C
decoder. 2 A et hod accord| ng to cBa19§?P
wher ein step C) conpri ses:

I) determning, as a function of the rep%lved segnent of

t he ADPCM encoded signal, reliability of the received

segnent; and 15. An apparatus attord Y aei emamaw,abuereiuehaae

ADPCM sanpl e 9y & ?“? determ;nanon means includes: first predeterm ned val ue
I f the magnitude o one Cl\/IsarrpIels

ADP
greater than a secondmﬁ?ﬁﬂetfé?rm Aeyermining, as a function of sygtem o5 o
function of gmirametees o€l ithe |ddandelr,t Mhether the received segment is

encoded i gn oieRRRHABARM R | 0% V0T L edeter :
m ned val ue being greater than zero.’ - 3. A net hod
according to claim2, seber ghagdadiatus) according to claim 14, wherein saiad
voiceband determination means includes:
means for determining, as a function of system
paraneters of the decoder and an encoder, whether the received
segment is voiceband modem data. '

17. An apparatus according to claim 14, wherein said
voiceband determination means includes: '

means for determining, as a function aof transm.tted
segments of an ADPCM encoded signal of an encoder, whether the
received segment is voiceband modem data.

18, An apparatus according to clainm 17, wherein said -
voiceband replacement means includes:

means for determining, as a function of the received
segment of the ADPCM encoded signal, the reliability of the
received segment; and

reliability veiceband replacement means for replacing
the value of a ona ADPCM sanple with a first predetermined
value if the magnitude of the ‘one ADPCM sample is greater than
a second predetermined value and the received segment was not
determined to be voiceband modem data as a function of
deternined reliability of the corresponaing received segment of
the ADPCM encoded signal. '
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than a second pr edet er m ned value and th
deternination of the reliability of the

correspondi ng segment- of the ADPCM encodedzsi-gnal
i ndi cates that a received signal error was detected for
the received segnent. 19. An apparatus according to\cladmold adtsir@ingsain

claim3, said pei{wsifityl Replacement means includes: conprising the steps

of : neans #4¥ FeBlEEA ALY %C%nveeqk Shpfd
e Eee s

t he ADPCM
repl aci ng the géthegp%mmg:rm&ﬁﬁﬂegawqh the naqmtude of the one

ADPCM encoded ﬁbi’m(‘&n\ﬁld e qee&tuedtlsﬂgmarstecohdt ptedetermined value and

ADPCM encoded was ., ni
according to Cﬁgg %ftemép ﬁ\o%t gf She reliability of the cd@ﬂ&%vlgggéng
. segment of the ADPCM encodad signal indicates that a received

signal error was detected for the received segment.

20. An apparatus according to claim 18, wherein said
reliability voiceband replacement means includes:

means for replacing the value of a one ADPCM sample
with a first predetermined value if the magnitude of the one
ADPCM sample is greater than a second predetermined value, the
received segment was not determined to be voiceband modem data,
and the determination of the reliability of the corresponding
segment of the ADPCM encoded signal indicates that a received
signal error was detected for the received segment.

21. An apparatus according to claim 19, said
apparatus further comprising:

means for determining whether the received segment of
the ADPCM encoded signal was missed; and

means for replacing the corresponding ADPCM samples
with ADPCM encoded silence if the received segment of the ADPCM
encoded sigr.\al was missed.

22. An apparatus according to claim 20, said
apparatus further comprising:

means for determining whether the received segment of
the ADPCM encoded signal was missed; and

means for replacing the corresponding ADPCM samples
with ADPCM encoded silence if the received segment of the ADPCM
encoded signal was missed,

-
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i) deternmining, as a function of the received segme REBEA
t he ADPCM encoded signal, whether the received

- segnent i s nodem or voiceband data; and 03 MAR 1997
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ADAPTIVE ERROR CONTROL FOR ADPCM SPEECH CODERS

Abstract

Methods and apparatus for improving the perceived .
quality of ADPCM encoded signals by magnitude limiting
samples (30, 32) of the ADPCM encoded signals prior to
the decoding of samples, using an ADPCM decoder (70),
of the ADPCM signals. A sample of ADPCM encoded signal
is magnitude limited the magnitude limiter (30) when
a receive error is detected for the corresponding

segment of the ADCPM encoded signals.
Figure 1
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1) replacing the value of a one ADPCM sanple wt
predetermn ned value if the magnitude of the one
greater than a second predeterm ned val ue an

not determned to be nodem or voi ceband data
first predet erm ned val ue being greater than
according to claim™D, wherein step i) con} prises!.

function of system paranetersfof the ~decoder
segnent is nodem or voi c d data. 7. A
5, wherein step i) com priseg deternining,

as a function of sy"stem

p;arameters of the decodey =and an encoder, whether the received segnent

i's nmodem or voi ceband dat a.
step i) com
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10. A method according to claim9, wherein step iVv) compri REPLACEMENE SHERT

the value of a one ADPCM sanple with a first pr edet er i fed varue-rf-the

ﬁagni tude of the one ADPCM sanpl e is ‘greater than a sdcqg ndO(?MAR 1997

pr edet er m ned val ue, the received segnent was not detdrrined to be
i ﬂhll lj‘ ..ol
7J

nmodem or voi ceband data, and the determ nation of the I e~
t he correspondi ng Segnent of the ADPCM 3 encoded signal §i ndicates that a
received signal error . fwas detected for the received segnent, tfe o
magni t ude of the fids} predeterm ned val ue being greater than zero.

11. A met hod accordi ng\&p claim 10, said nethod further conprising the
steps of:
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conpri si ng: - means for converting a received segnment of thgw%DP
encoded signal to ADPCM sanpl es; means for determning the
magni t ude of the ADPCM sanpl es; repl acenent neans for
repl acisgg~t he val ue of a one ADPCM sanpl e mnth afirst
predeterm ned val ue i.f the -mMgRi t ude ofipt:he A 5N1S@nple k'S
greater than a second predeterm ned valitg,. agniitudél of the
first predet er mi ned val ue bei ng greater han zero; and g

an ADPCM decoder, the decoder decodi ng ADPCM C3: sﬁhﬁ?%& after
processi ng. by the repl acenent neans. 13. Anjapparatus acceéréding to
claim12, wherein said repl acenent neans i ndl udes: ne?ns for
determ ning, as a function of the received segnent...of .the ADPCM
encoded signal, reliability of t he recei ved segnment; and

ADAPTIVE ERROR CONTROL FOR ADPCM SPEECH CODERS

Cross-Rafarence to Related Applications

' This application is related to ¢co-pending application
Serial No. 08/013,625, filed February 2, 1993 (Attorney’s
“ocket No. PACI-0105), which is assigned to the same assighee
and is incorporated herein by reference.

Field of the Inventien

The present invention relates generally to Adaptive
Differential Pulse Code Modulation ("ADPCH") speech coders and
.More particularly to adaptive error control for ADPCH speech
coders.

Background of the Invention .

Voice data or signals are commonly compressed -and
decompressed (encoded and decoded) when they are sent or
received by communications applications. A common technique
for voice compression or coding is ADPCM. ‘The Consultative

. Committee in International Telegraphy and Telephony ("CCITTY)
N has adopted a particular ADPCM algorithm Xnown as CCITT
standard G.721 for 32Kbps (bits per second) coding of voice
gignals which is described in CCITT Recommendation G.721 "32
Kbits/s Adaptive Differential Pulse Code. Modulation", CCITT
Blue Book, 1988 and which is hereby incorporated by reference
for its teachings on the G.721 system. The CCITT standard
G.721 was developaed for terrestrial wireline applications and
provides "“toll quality" voice compression and .decompression
with a minimal processing delay and fairly low complexitfy
provided the communications channel error rates are very low.

hef
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a) converting a received segment of the ADPCM enccded

signal to ADPCM sampl&s

b) determining the magnitude of the ADPCM samples;

¢) replacing the value of a one ADPCM sample with 2 first
predetermined value if the magnitude of the ome
ADPCM sample is greater than a second predetermined
value, the magnitude of the first predetermined value
being greater than zero; and

d) after step ¢), decoding the ADPCM samples using a
ADPCM decoder.

2. A method according to clmm 1, wherein step c)
comprises:

i) determining, as a function of the received segment of
the ADPCM encoded signal, reliability of the received
segment; and

i1) replacing the value of a one ADPCM sample with a
first predetermined value if the magnitude of the one
ADPCM sample is greater than a second predetermined
value as a function of determined reliability of the
corresponding received segment of the ADPCM
encoded signal, the magnitude of the first predeter-
mined value being greater than zero.

3. A method according to claim 2, wherein step ii)

comprises:

replacing the value of a one ADPCM sample with a first
predetermined value if the magnitude of the one
ADPCM sample is greater than a second predetermined
value and the determination of the reliability of the
corresponding segment of the ADPCM encoded signal
indicates that a received signal error was detected for
the received segment.

4. A method according to ¢laim 3, said method further
comprising the steps of:

determining whether the received segment of the ADPCM
encoded signal was missed; and

replacing the corresponding ADPCM samples with
ADPCM cncoded silence if the reccived segment of the
ADPCM encoded signal was missed.

5. A mcthod according to claim 1, whcrcin step c)

comprises:

i) determining, as a function of the received segment of

the ADPCM encoded signal, whether the received




further conprising: means for determ ni ng—whether—the-+eeqi ved
segnent  of t he ADPCM encoded si gnal MMMB(SHEET

S 19 - —freans—forreplacing the correspondi ng ADPCMSEMPTES

g ] e

segmeat is modem or voiceband data; and

ii) replacing the value of a one ADPCM sample with a
first predetermined value if the magnitude of the one
ADPCM sample is greater than a second predetermined
valuc and the received segment was not determined to
be modem or voiceband data, the magnitude of the first
predetermined value being greater than zera.

6. A method according to claim 3, wherein step i) com-

prises:

determining, as a function of system parameters.of the
decoder, whether the received segment is modem or
voiceband data.

7. A methed according to claim 5, wherein step i) com-

prises:

determining, as a function of system parameters of the
decoder and an encoder, whether the received segment
is modem or voiceband data.

8. A method according to claim 5, wherein step i) com-

prises:

determining, as a function of transmitted segments of an
ADPCM encoded signal of an encoder, whether the
received segment is medem or voiceband data

9. A method according to claim 5, wherein step ii)

comprises:

iii) determining, as a function of the received segment of
the ADPCM encoded signal, reliability of the received
segment; and

iv) replacing the value of a one ADPCM sample with a
first predetermined value if the magnitude of the one
ADPCM sample is greater than a second predetermined
value and the received segment was not determined to
be modem or voiceband data as a function of deter-
mined reliability of the corresponding received seg-
ment of the ADPCM encoded signal, the magnitude of
the first predetermined value being greater than zero.

10. A mecthod according to claim 9, wherein step iv)

comprises:

replacing the value of a one ADPCM sample with a first
predetermined value if the magnitude of the one

- ADPCM sample is greater than a second predetermined
value, the received segment was not determined to be
modem or voiceband data, and the determination of the
reliability of the corresponding segment of the ADPCM
encoded signal indicates that a received signal error
was detected for the received segment, the magnitude
of the first predetermined value being greater than zero.

11. A method according to claim 10, said method further

comprising the steps of:



wi t h v\ADPCM encoded silence if the received segnent RE LK{’

encodéd signal was m ssed. 16. An apparatus accor 4] DEMW

wherei n sai d replacenent neans | ncl udes: voi ceban et er i tat ns
for determni ctlon of the received|.sgeg CM
encoded si gnemﬂ"mmu“""mmut I ved segnent is ?Q}Sgﬁ\ﬁ d
data; and ~ vdicébahd Peplacenent meansyg or repl aci ,

one ADPCM sanple with a first predeterm ned val ue i t he magni t uge of
t he one ADPCM sanple is greater than a second predet ermnmrmet—w and

t he received segnent was not determ ned to be nodem or voi ceband
data, the rragnitude_of the tlrst determ,ned v ing greater than
zero. 17. An appar af ¢ 'ﬁ& "'E‘F%‘feﬁ\}%mﬁ/ﬂgﬁﬁf\r?@?d voi ceband
det ermi nati on neans i ncF “b a3 musse
replacing the corresponding ADPCM samples with
ADPCM cncoded silcace if the received segment of the
ADPCM encoded signal was missed.
12. An apparatus for improving a perceived voice quality
of an ADPCM cacoded signal having segments received
from an imgerfect communications channel, said apparatus
comprising:
means for converting a received segment of the ADPCM
cncoded signal to ADPCM samples;

means for detcrmining the magnitude of the ADPCM
samples;

replacement means for replacing the value of 2 one
ADPCM sample with a first predetermiced value if the
magnitude of the one ADPCM sample is greater than a.
second predetermined value, the magnitude of the first
predetermined value beiag greater than zero; and

an ADPCM deccder, the decoder decoding ADPCM
samples after orocessing by the replacement means.
13. An apparatus according to claim 12, wherein said
replacement means includes:

means for determining, as a function of the recsived
segment of the ADPCM encoded signal, reliability of
the received segment; and

reliability replacement.means for replacing the value of a
one ADPCM sample with a first predetermined value if.
thc magnitude of the one ADPCM sample is greater
than a second predetermined value as a function of
determmined reliability of -the corresponding received
segment of the ADPCM encoded signal, the magnitude
of the first predetermined value being greater than zero.

14. An apparatus according to claim 13, wherein said

reliability replacement means includes:

means for replacing the value of a one ADPCM sample
with a first predetermined value if the magnitude of the
one ADPCM sample is greater than a second predeter-
mined value and the determination of the reliability of
the corresponding segment of the ADPCM encoded
_signal indicates that a received signal error was
detected for the received segment.
15. An apparatus according to claim 14, said apparatus
further comprising:
meaas for determining whether the received segment of
the ADPCM encoded signal was missed; and
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encoder, whet her the recelv d. segnent

20. An apparatus accor
means

means i ncl udes:

[ encoded s1gnal was missed.
16. An apparatus according to_claim 12, wherein said
replacement means includes:

voiceband determination means for determining, as a

function of the received segment of the ADPCM

encoded signal, whether the received segment is
modem or voiceband data; and

voiccband replacement means for replacing the value of a
one ADPCM sample with a first predetermined value if
the magnitude of the one ADPCM sample is greatet

than a second predetermined value and the received
segment was riot determined to be modem or voiceband

data, the magnitude of the first predetermined value
oeing greater than zero.
17. An apparatus according to claim 16, whercin said
voiceband determination means includes:
means for determining, as a {unction of system param-
eters of the decoder, whether the received segment is
modem or voiceband data.
18. An apparatus according to claim 16, wherein said
voiceband destermination means includes:
means for determining, as a function of system param-
eters of the decoder and an encoder, whether the
reccived segment is modem or voiceband data.
19. An apparatus according o claim 16, wherein said
voiceband determination means includes:

means for determining, as a function of transmitted seg-
mcats of an ADPCM encoded signal of an encoder,
whether the received segment is modem or voiceband
data.
20. An apparatus according to claim 19, whercin said
voiceband replacement means includes:

means for determininig, as a function of the received
segment of the ADPCM encoded signal, reliability of
the received segment; and

reliability voiceband replacement means for replacing the
value of a one ADPCM sample with a first predeter-
mined value if the magnitude of the one ADPCM
sample is greater than a second predetermined value
and the received segment was not determined to be
modem or voiceband data as a function of determined
reliability of the corresponding received segment of the
ADPCM encoded signal, the magnitude of the first
predetermined value being greater than zero.
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segnent of the ADPCM encoded signal, reliability red
segrent; and reliability voi ceband repl acenent g the
ival ue of a one_ADPCM sanpl e V\nthaflrst pr edet e ejif the

magni t ude of the_one ADPCM le is greater
pr edet er m ned vﬂm wl'u l’mﬂur elcel ved segment deteriijndd to be
nodem or voi ceb ctji on 86 det ermin r Ity of the
correspondi ng recei ved segnent "of the ADPCMLe-M“Hﬂd signal, the
magni tude of the first predetcrm ned val ue being greater THham zero.

21. An apparatus according to claim 20, wherein said
reliability voiceband replacement means includes:

means for replacing the value of a one ADPCM sample
with a first predetermined value if the magnitude of the
one ADPCM sample is greater than a second predeter-
mined value, the received segment was not determined
to be modem or voiceband data, and the determination
of the reliability of the corresponding segment of the
ADPCM encoded signal indicates that a received signal
error was detected for the received segment, the mag-
nitude of the first predetermined value being greater
than zero. :

22. An apparatus according to claim 21, said apparatus

further comprising:

means for determining whether the received segment of .

the ADPCM cncoded signal was missed; and

means for replacing the corresponding ADPCM samples
with ADPCM encoded silence if the received segment
of the ADPCM encoded signal was missed.



- 20.- 21. An apparatus according to claim 20,

‘one ADPCM sanpl e with a first predeterm ned valjug—r he -ragnt

t he one ADPCM sanple is greater than a second gr4gd neg
val ue, the received segnment was not deter.m ned t g 2?%§§€§P8f1\0
data, and the determ nation of .the reliability {ofl.the correspoddi
segnent of the ADPCM encoded signal indicates tfhat a recelved Si ¢

error was detected for the received segnent, the
first predeterrm ned val ue being greater
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REPLACEMENT SHEET

ADAPTIVE ERROR CONTROL FOR ADPCM SPEECH CODERS

Abstract

Methods and 'apparatus for improving the perceived
quality of ADPCM encoded signals by magnitude 1imiting
samples (30, 32) of the ADPCM encoded signals prior to
the decoding of samples, using an ADPCM decoder (70),
of the ADPCM signals. A sample of ADPCM encoded signal
is magnitude limited the magnitude limiter (30) when
a receive error is detected for the corresponding .
segment of the ADCPM encoded signals.

Figure 1 |




