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ADUtttVB ·J!lUtOR ·COll'l'ROL l'OR AD»CX St>SBCJI CODEJlS 

crcss~Raf erence to Related Ap~licationa 
This application is reiated to co-pending application 

serial No.· 08/013, 625, filed February 2 6 l~H13 (Att.orney"s 

5 Docket No. PACI-0105), which is assigned to the sa•e aasi9nee 
and is incorporated herein by reference. 

7ie14 ot the %nvention 
The present invention relates qenerally to Adaptive 

Differential Pulse Code Modulation ( 11ADPCM") speech coders and 

10 more particularly to adaptive error control for ADPCM speech 

coders. 

Background of tbe Invention 
Voice data er siqnals are commonly . compressed and 

decompressed (encoded and decoded) when they are ~ent or 
15 received by collimunications applications. A common technique 

for voice ecmpression or codinq is ADPCM. ·The Consultative 
ColDllittee in International Telegraphy and Telephony (11CCITT0

) 
--

has adopted a particular ADPCM algorithm known as CCI'l'T 

standard G.721 for 32Kl3ps (bits ~er second) codinq of voice 
20 . signals which is described in CCITT Recommendation G. 721 ••32 

JO)its/s Adaptive Differential Pulse Code Modulation", CCITT 
Blue ~ook, i988 and Which is hereby incorporated by reference 

for its teachings on the G;, 721 system. The CCITT standard 

a.121 was developed fo~ terrestrial wireline applications and 

25 provides 11toll quality" voice compression and d.ecolllpressicn 

with a minimal processing delay and fairly low complexity 

provided the communications channel error rates are very low • 
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Generally, tert'estrial. wire line. applications have very low 
error ratas due to an imperfect communications channel, and. as 
such the G.721 system warks well with such applications •. The 
CCI'l"? standard G.721, however, has al.so been adop\:ed for voice 

s compression or coding in wii-1le~s communications applieat.ien1 
where the et:ror rate may not be as low. For. example, the CCITT 
standard G. 721 has been adopted for voice compression or coding 
far such.Personal communication services ( 11PCS 11 ) applications 
as th• Japanese Personal ~andi•Phone (PHP) and .Eu;J'opean DECT 

10 systems. 
The G. 721 voice codinq system, however, has been found 

to quickly degrade inconm.unication applications with. higher 
error rates (than wireline applications) sui:m as PCS 
applications ( ~. q. r thEI Japanese PHP or the European DECT 

1S systems) and in other hiqher e:t"rar rate comni.unication · 
applications. It has been fo~ncl that the perceived voice 
quality may be reduce~ even if the error rate is not much 
hi9her 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 "clicks" and "pops" caused in . . . 

a voice signal when the G. 721 voice. coding system is used • 
. Modifications to ADPCM codinq systems to make the systems more 

robust to channel errarsf such as described by Cointot and G. 
de Passoz in 11A 6.0-Channel PCM•ADPCM converter Robust . to 

25 Channel Errors .. 1 Pr~ceedinqs of tha International conference of 
Acoa.istics, Speech, and Siqnal Processing 1982 ancl by D. Xim and. 
C.IC. Un in ADPCM SyE1tem with Improved Error Control:", 
Proceedings of the International conference of Acoustics, 
·speech, and Siqnal Processin9 1983,.are not possible sin~ PCS 

·30 standards specify that the exact CCITT G. 721 standard must be 
usei:l. 

Known techniques to improve the perceived voice 
·quality ot systeins using the exact G.721 voice coding system 
include waveform substitution techniques such as those 

35 described by David J. Goodman et al. in ••wa,,eform Substitution 
Techniques for Reco'7erin9 Missing Speech S~qm.ents in Packet 
Voice Communications"~ IEEE Transactions on Acoustics, Speech 

liiiiii1irnf 

i 
. I 
I 
! 

j 

I 
i 

l 



t 

[ RECEIVED 02/23 05:26 1996 AT 535qs6q PAGE 7 (PRINTED PAGE 
02/2'2/96 16:30 WOODCOCK WASHBURN ~ 5354864 

7) ] ND.097 P0EU __ 

• 

• 
• 

.• 

.. 

wo'511me :.~J PCf/US94112'49 

and Signal P~ocessinq~ Vol. ASSP~34, No. 6, Decelll.ber 1ga6 and 
by Kiyoshi Yokota, et al. in "A New Missinq ATM Cell 
Reconstruction Scheme for ADPCM-Coded Speech••, Proceedinqs of 
the International conference of .Acoustics, Speech, and Siqnal 

5 Processinq 1989 which are hcre~y incorporated by rafQrane1 •. 
One conimon waveform _substitution.technique is known as zero 
subs~itution. In this waveform substitution technique, a 
received voice segment containing errors is replaced with zeros 
ar ule ADPCM encoded equivalent ot zeros. This technique is 

10 also used when an entire voice segment or packet is not. 
received. This \Javeform substitution technique fails to use 
the valua~le 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 

technique, a received voice segment containinq errors is 
replaced with the la.st received voice seqment. Tbis teehnique. 
therefore requires a meiaory device to store prior receiveg 
voice seqments. This technique has baen found to cause 

20 mist.racking in the ADPCM decoder which produces audible 
"clicks" in the.resultant decoded voice si911al. 

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

25 1:heir pitch. When a voice sec:rment with errors is .received, its 
pitch is determined, and then a previously received voice 
segment which has a similar pitch as the received voice signal 
with errors is substituted. This syst:em reduces ·the 
mistrackinq and consequently the audible clicks produced :t>y the 

30 last packet substitution technique. This technique, however, 
induces an extremely large increase in tne alqori thm complexity 
of the Ct 721 system. Finally, all Of these COl\lllon waveform 
substitution techniques tail to use the valuable information in 
t.he received voice seqment with errors since they completely 

35 substitute thi$ seqment witn either zeros or so•e previously 
receivea voice segment. 
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It is an object of the present invention to imp~ove 
the per~eived quality of ADPCM encoded signals by using the. 
valuable information in received voice segments with errors by . 
compensating fo: the act:ual compression. and deco•pression 

!5 process used in ADPCM encoders ancl dec:odera wh1~h prOdlJceS tha 
audible "clicks" and "popst1 in the decoded voice signal when . 
errors are present in received voice seC)n\ents. 

. . .. 

The· previously described problems are overcome and. the 
10 objects Of the invention are achieved in apparatus and methods 

for adaptive error control for AOPCM speech coders \lhicll 
improve the perceiv~d voice quality or received ADPCM encoded 
voice signals. The method includes the steps of converting the 
received ADPCM encoded signal to ADPCM samples and then 

15 determininq the ~a9nitude of tha AD~CM samples. A step of the 
method then replaces the value of a one ADPCM sample with a 
first predet~rmined value if the magnitude ot the one ADPCM 
sample is greater than a second predetermined value. Finally, 

a step of the method decodes the AOPCM samples using a ADPCK 
20 decoder. 

Specifically, steps af the method may determine, as 
a function of the received ADPCM encoded si9nal, the 
reliability of the ~eceived siqnal and then replace the value 
of a one ADPCM sample· with a first predetermined value if the 

. 25 maqnitude of the one · AOPCM sample is greater than a second 
predetermined value as a function of determined reliability of 
the cor~espandinq receive signal. 

In addition~ steps of the method lMY replace the value 
of a one ADPCM sample with a first predetermined value if the 

Jo maqni tuda of the one ADPCM sample is 9reat.er than a second 
predetermined vaiue and .if the determination of the reliablli,.ty . 
of the correspondinq signal indicates that a receiver. error was 
detected.. 

This method may also include the steps of determining 
35 whether a. segment of the received signal was mis11ed and then 
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replacinq the correspondinq ADPCM sa~ples with ADPCM encoded 
silence if the seqment of the received signal was missed. 

B~i•~ Descriptiou of tha Drawings 
Tho pre1ent invention will be bettar undar1t.eod, al\~ 

s its nwa.erous objects 5nd advantaqes will become apparent by. 

reference to the followinq detailed description of the 
invention when taken in conjunction with the following 
drawings, in which: 

Fig. 1 is a block diagram. of exemplary AE>PCH voic:e 
10 si9ft&l receiver and decoder system constructed in accordanQe 

with the pra•eri.t invention; 
Fiq. 2 is block diaqram of e portion of a cctTr G.721 

st•ndard ~ncoder; 
Piq, 3 is block diaqram of a portion of a CCITT G.721 

15 standard decoder depicted in Fie;-. 1; 
Pi9. 4 is a ~lock diagram ot exemplary ADPCM duplex 

system canstruoted in accordance with the present invention. 

Detailed Daaeription 
An exemplary ADPCM receiver and decoder systea 

20 pravicling adaptive error control constructed in accordance with 
the present invention is shewn in F19. l and. 9enerally 
designated 10. The. system 10 is shown to include an antenna. 
22, a receive system 20, a aaqnitude limiter 30, a decision 
logic unit 40, a voiceband data detection unit so, a receive 

25 signal selecticn unit 60 and an ADPCM decoder 70. A brief 
overview of the system 10 is presented and then a detailed 
description ot the operation ot each of the components of the · 
system 10 is presented. 

A vaice signal is received by the antenn~ 22 and 
Jo processed by the t'ecei ve system 20 in voice segments or packets 

where each voice segment ar packet contains ADPCM samples. The 
receive system 20. generates ADPCM sasaples frcm the received 
voice signal and also reliability infonnation.which may include. 
wh•ther a voice se9ment or packet was missed in ·the received 

35 voice signal or whether errors were detected fer tha voica 

;·· . 

I 
i 
.. 
~ 

I 

I 
I 



C" C RECEIVED lilZ/23 lil5: 28 1996 AT 5351f86'l . PAGE lit! (PRINTED PAGE llill l 
02/22/96 16:32 WOODCXICK lJASHBJRN ~ 5354864 ND.097 P010 

W095112llO 
.) 

,.. 6 

segment or paeket corresponding to the AOPCM samples produced 
by.the receive system 20. 

The maqnitude limiter 30 receives the ADPCM samples 
and produces magnitude-limited ADPCM samples 32 whose magnitude 

s has been limited tg some moxiinum value. The voiceband data 
detection unit 50 also receives the ADPCM samples and 
4etermines whether the data represented by the AOPCM sa111ples is . 
considered to be Sllodem or voiceband data and provides this 
information 52 to the decision lo9ic· unit 40. Tbe decision 

10 logic unit 40 receives the reliability information from the 

receive system 20 and the .modem data information 52 from the 
voiceband data detection unit so and as a function of the 
received information, controls the operation· of the :ieceive 
signal selection unit 60. 

15 In particular., in the pref erred embodiment of the 
invention, the deeision loqic 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 infonation S2 indicates 

that the ADPC'M samples represent modem orvoicaband data. 'In 
20 addition, if the reliabtlity information from the receive 

system 20 indicates that no errors were received for the. 
correspondin~ voice se9'l1lent and that the voice segment was not 
:missed, _the d•cisiol'l loqic unit 40 will also instruct the 
receive signal selection unit 60 to direct the ADPCM sampies to 

25 the ADl'CM decoder 70. 

Otherwise, if the reliability· information from the 
receive syst&ln 20 indicates that errors were received for the 
corresponding voice segment and that the voice seqment was not 
missed, the decision loqic unit 40 will instruct the receive 

30 siqnal selection unit 60 to direct the ma9nitude-limited ADPCM 
samples 32 to the ADPCM decoder 70 or if the reliability 
informat.ion from the receive system 20 indicates that the 

corresponding voice seqment was missed, .the decision logic unit 
40 will. instruct the receive siqnal selection uni~ 60 to.direct 

35 the AOPCM encoded silanc:e to the ADPCM decoder 70. 

'l'he receive siqnal s•leotion unit 60 directs -=ither 
the ADPCM samples, maqnitude-limited ADPCM sa\\\ples 32, ar ADPCM 
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encoded silen.ce to the ADPCM decoder. 70 based on the 
instructions 42 trom the de~!sion logic unit 40. Finally, the 
ADPCM decoder 70, decodes the samples it l"eceives from the 
receive siqnal selection unit 60 to generate a decoded voice 

5 si9nal •. 

In the present invention, magnitude-limited ADPCM 

samples 32 are selected to replace the ADPCM samples when an 
error for the correspandinq voice segment. It has been found 
by the inventor that due to the use cf short ter11 predictian in 

10 the encoding and decodihg systems Qf the CCI':'l:' standard G.721 
. . . 

system, replacement of samples with magnitude•limited sam.ples 
tends to eliminate the audible nclicks 11 and "pops". The 
substitution of inagnitude•limited samples J2 causes the 
quantizer scale factor of .the decoder to track the long tera 

15 average energy of tha signal While reducing the peaks Cf the 
signal. overall, however, it has been found, that.· perceived 

. . 

voice quality is not greatly affected by reduction in peaks of 
a voice siqnal, while preventing the quantizer scale factor of. 
the decoder from becominq too large due to errors improves the 

20 perceived voice quality of the voice &ignal. 
An overview of an eni:ocler and a decoder system is 

presented to s.how how the ·substitution of the maqnitude-U.mited 
ADPCM samples improves the perceived voice quality cf the voice 
signal by p~eventinq the quantizer scale factor from becoming 

25 too large when errors are detected for a voice segment. A more 

detailed description of the encoder and decoder system ot the 
CC:IT'l' standard G. 721 is available and described in CCI'l"T 
Recommendation G.721 "32 Kbits/s Adaptive Differential Pulse 

30 

3!5 

Code Modulation", CCITT Blue Book, 1988 which bas .been 
incorporated by reference for its teachings. on the a.121 
system. The o.,erview of an encoder and decoder system for the 
CCITT G .. 721 system is presented with reference to Fi;ures 2 and 
3. 

In Fiqure 2, a bloc)t diaqram of a CCIT'l' standard G. 721 

encoder is sbown. In this encoder, the l\DPCM saaples, I (k) are 
generated from the qua.ntized difference Cl(k), of the input 

. . 

voice -siqnal s (kl and the. predicted voice .siqnal s.(k). In 
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particular, the ADPCM samples I (k) at"e equal to . the 
quantization of the loq2 cf the difference signal d(k) lass a 
quantization sc_ale factcr-y(k) where "t;he quantizer scale factcr 
is ac:laptively calculated l>ased upon the vali.aes of previous 

s ADPCM :uample1 l{k). A blocJc diagram of an CCIT'l' &tandard C.?21 
decoder is shown in Figure J. As shown in Fiqure l, _the 

decoder, also predicts.s.(k) and uses this value to decode the 
t'eceived ADPC::M samples. If' the ADPCM sa1r1ples contains errors, 
however, the decoder may not be able to accurately predict 

10 _ s. (JC). 

Since the ADPCM sa~ples I (k) are_ qenerateci from the 

loq2 of the dif_ference siqnal d(k) less the quantizer sea.le 
factor y(k), the quantizer scale factor ia effectively a 21<1e> 

scaling factor of -the difference siqnal d {k) and thus the ADPCM 
15 samples I (k) • lt will be shown that the quantizer scaia factor 

y(Jc) is heavtly weighted by AOPCM samples I(k.) with lat9e 

magnitudes and a.s a consequence vhen a recei~ed voice seCJ111.ent 
of ADPCM. samples has errors, the larger magnitude ADPCM samples 

tend to cause the decodet'., shown in Fiqure 3, to fail to match 

20 the quantizer scale factor of the encoder, .i.e., the decoder 

and encoder do not qenerate the same quantization scale factor 
y(k), the same prediction siqnal s.(k) and thus the same voice 

signal s(k). In particular, the value cf y(k) at the decoder 
tends to become larqe relative to the value of y(k) at the 

25 encoder, and the resultant scalinq of AOPCM samples I(k) at the 

decoder prod~ces a voice signal s(k) with a auch larger enerqy 
than the voice siqnal s(k) at the encoder. The result is an. 
audible Hclick" or 11popu. 

By substituting ll\aqnitucle-limited ADPCM samples when 
30 errors are received, the quantizer scale factor of the decoder 

will be forced to track the long term averaqe energy of the 
voice signal s Ck) and thus avoid producinq the audible "clicks" 
and "pops". The substi tuti_on does produce sm_aller peak valu~s 

in the decoded voice signal, however, as noted above, perceived 
35 voice quality is less affected oy changes in the peak values 

than changes in the quantizer scale factor. - Thus, l::Jy 
- -

substituting maqnitude-limited ADPCM samples even ~hen errors 
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are not received, the pe:i:-geived voice quality will not be 
qreatly affected and by substitutinq 1Uaqnitude-limited ADPC!M 
samples when errors. are received, the perceived voice quality 
a.f tbe decoded signal may be improved. 

s As noted above, the q1.1Qntizer scale factor y(k) is 
beavilyweiqhted :by ADPCM samples with liilrqe maqnitudes. This 
is because the CCITT standard G.721 sy5tem y(k) is determined 
from the a combination of a lanq tern and a short term weighted 

· averaqe of the ADPCM samples ! (k) , in particular y (k) • 

10 al (k)YuCk-1) + [ 1-a1 {k) ]y1 {k-1) where the short term weiqhted 
aveioage y 11 (k) '=" (1-2.5)y(k) + 2·5W[I(k)] and. the lonq term 

wei9hted avera;e Ydk) = ( 1•2°6) y(k) + 2·6yu(k). The function 
K[] is a weiqhinq function and is equal to 70.13 for ±1, 22.19 
f'or :t&, 12.38 fer ±s, 7.oo fer t4, 4.ao for ±3, 2.56 for ±2, 

15 1.13 for ±i, and -0.75 for a. As a cans~quence, it can be seen 
t.hat y (k) ia heavily weighted . by ADPCM samples X (k) having 
magnitudes greater than 4 by the weighing function W[J• The 
quantizer s~ale factor y(k) is.also effected by the value of 
the adaption speed control par••eter al (k) • Th• adaption speed 

20 eontrol parameter a,(k) dete~ines whether the quantizer scale 
factor y (Jc) should more cl.osely follow the short term oi- lonq 
term average of the quantizer scale factor y(k). 

sy limitinq the magnitude of the AD.PCM aamples I(k) 
· at the input of the decoder, the quanti:ii;er scale tacto:r y(k) !s 

25 •ore likely ta .track the lonq term average of energy of the 
voice siqnal s(k) at the encoder and thus reduce or eliainatA 
the presence of audible "click.$11 OJ; "PQPS" in the voice siqnal 
s (k) producecl at the decoder. With t.his understancUng ot the 

operation of the encoder and decoder of the CCI'l'T standard 

30 G.721 system, a detailed description of the components of the 
system 10 o:f the invention is presented with reference again to 
Figure 1 • 

In the exemplary embodiment of the invention, the 
encoded ADP'CM samples I Ck) are modulated and $ent over a 

35 111ireless ccuunication channel. The modulated ADPCM samples 
I(kJ are received in segments or packets by the antenna 22. 
The receive system 20 receives the mod\llated ADPCH samples I CkJ 

li1i1ii1liUr 
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in packet form and generates digital ADPCK samples l (k). 

Ideally, if the communications channel wiere error free, the 
digital ADPCM samples I (k) would be equivalent to the ADPCM 

samples I (k) generated by the encoder prier to modulation, 
s transmission anci reception by the antanna 22. Since 

coaunicati.ons channels ate not qeneraily error free, in the 
preferred embodiment of the invention, the receive system 20 
also provides reliability information which includes whether a 
voice sac;zent or packet was misaed in the received voice aignal 

10 or whether errors were detected for the voice sapent or packet 
corresponding to the ADPCM samples produced by tha receive 

system 20. An exemplary receive system is described in detail 
in the cross-referenced co-pendil\9 application Serial No. 
OB/013.62~, filed February 2, 1993 (Attorney's Docket No. PACI• 

15 0105). 

In the exemplary· embodiment of the invention, the 
maqnitude limiter :JO receives the ADPCM samples generated by 

the receive system 20 and produces lnaqnitude-limited ADPCM 

samples 32 whose magnitude has been limited to some maximum 

2D value, i.e., it the maqnitude of I (k) is CJt-eater than some 
first predetermined v•lue A, then th• •aqnitude of I(k) is set 
equal to a second predetermined valua B, while the sign of I(k) 
remains constant. In the preterred embodiment cf the 
invention, the value of A· is set ta 4 and B is set to 4, so 

2S that if I(k) is qreatar 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
limi.ted ADPCM samples 32 are passed to t:he rec::eive signal 
se~ection unit 60. 

The voiceband data detection unit 5.0 also receives the 
30 ADPCK samples qenerated by the receive system 20 and determines 

whether the data represented by the ADPCM saaplea is modem or 
voiceband data. The voiceband data detection unit 50 then 
proVides this in.formation 52 to the decision logic unit 40. 

One embodiment of t.he voiceband data detection unit. so is 
35 described with reference to Figure 4. In this embodiment of 

the·. invention, the systelll is a full duplex sy$teJ,D where one 

siqnal is received on the communications chann•l by a 

•• 
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communications application while another signal is beinq 

transmitted by the same communications application. Since the 

purpose of the voiceband data detection unit so is to determine 

whether the received ADPCM samples represent modem or voiceband 

s data, in a full duplex channel, the voiceband data dete~tion 
unit 50 may W.e transmission information of the encoder so to 

determine vhether the receive siqnal rep~esents modem or 

voiceband data since if a comniunications application is 
transmittinq modem or va).ceband data, it is g-en~rally ~lso 

10 receiving modem or voi~eband data. 
The system 15 in Figure 4 further includes an antenna 

92 for transm.ittinq modulated ADPCM samples generated by ADPCM 

encoder ao and modulated by the transmit system 90. Reference 

is again •ade to the crcss-ref erenced co-pemiin9' application 

1S Serial No. : gS/013. 625, filed February i, 1993 (Attorney's 

Docket No •. PACI-01.05) for its taachin9s on transmit systems. 

In the system 15 shqwn in 'FiCJUre 4, the voiceband data 

deteetion unit may rec~ive system para.meters, in particular, 

the quantization scale factor y(k) of the encoder so or the 

20 decoder 70 anc! the second order predictor coefficient a1 (k) of 

.the decoder 70, or AOPCM samples from the receive system 20 or 

from the ADPCM encoder ao. 
rn one exemplary embodiment of th• invention, the 

voiceband data detection unit 5o determines whether the ADPCM 

25 sa11ples I (k) contains modem i:;rr voiceband data as a function ot 

tha quantization scale factor y(k) of either the encoder so or 

decoder 90 for the last previously transznitted or received 

voice set;ment 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 

the ADPCM samples I (k) are not deemed to contain modem or 

voiceband data. Otherwise, the ADPCM samples I(k) are deemed 

to contain 1'\odam OJ:' voiceband data. The determination of 

35 whether the ADPCM samples represent modent or voice:band data i.s 

then supplied to the decision 109ie unit 40. 
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In the exemplar)' embodiment of the invention, D -
D*(l-a) + INCR if y{k} of the encoder 80 or decoder 70 1s 
qreater than TY (which is set to J. o in the preferred 
em~odi•ent of the invention), else D • D•(1-a) - DECR. If Dis 

s 1 ass than o, however, D is set to o. In . the preterred 
.embodiment of the invention, a=- l/512, INCR = l, and DECR =.;., 
5. · In the pref erred embodiment of the invention, a voice 
segment is received every 5 milliseconds. As a consequence, D 
is updated at every 5 milliseconds and thus the time constant 

io for this indicator is· about 2 seconds, i.e., about 512*5 
milliseconds. 

If enerc;y is constantly p:resent in the signal, as with 
acdem or voiceband data signals, D, which in the pref erred 
embodiment of the invention is a fixed point variable with S 

15 bit fractional part and a lD bit magnitude, will quietly reach 
its maximum of 512.0 (Dased on the time constant in about 2 
seconds). In the preferred embodiment or the invention, TD is 
set to 7St of the ~aximum of o, or 384.0. The voiceband data 
detection unit 5D also checks the value of the second order 

20 predictor coefficient a 1 (k). 
The voice.band data detection unit cheCJcs the value of . . 

the second order predictor coefficient a 1 {k) to determine 
whether constant tones are present which will also have 
constant energy but not represent mOdem or voiceband data, one 

25 sueh constant tone is a dial tone. If the second or~er 

predictor coefficient a1{k) is greater than the threshold, TA, 
in the preferred embodiment of tha invention, 'l"A = 1.2s, then 
a constant tone is considered to be prasant. in t.he ADPCM 
suples I (k) and modem informatit:>n siqnal 52 will indicate that 

30 no modem or voiceband data is presel'.lt 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 
predictor coefficient a 1 (k) are not available, then a different 
system is used to determine whether the ADPCM samples I (k) . . 

35 ·contain modem er voiceband.data •. In the exemplary embodiment 
of the invention, these values may not be available because a 

.• 

i 
• 
I 
I 
I 
I 

I 
' . 
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a~ock or utandard CCIT'l' standard G.721 decoder and encoc!er is 
used. 

If the interrual variables are not available, then 

voiceband data detection unit 50 determines a yd(k) using the 
s receive4 ADPCM sainple& Qmi ca· Y.(k) (if available) us:in~ the 

ADPCM samples generated by the ADPCM encoder 80. The factors 
yd(k) and y.(k) are determined by.using the same function used 
by the.C:CI'l'T standard G.721 decoder and encoder to determine 
the short tera quantizer scale factor y~{k). Thus, yd(k) - (1~ 

10 2·5) yd(lc) + 2"5W[I (k)) and Y.Ck) = c1-2"5
) YeCJcl + 2·5w[I (k) )where 

W[] is equal to 70.13 for ±7, 22.19 for t6, 12.38 tor ±s. 1.00 

for ±4, 4.oo for :!:3, 2.56 for ±2, 1.13 for :t:l, and.-0.75 for o. 
Then yd(k) and Y.(k) are used ~o detenuine D as above '.by 

replacing the y(k.) for the encoder with Ye(k) and y(k) ·for the 
15 decoder with yd(k) In addition, since ~he second order 

predictor coefficient a1 (k) is not available, this part of the 
system is not used.· In detail, D = D*Cl-a) · + INCR it yd(lc) or 
Ye(k) is qreater than TY, else D = 0*(1-a) - DECR. If D is less 
than o, however, Dis set too. Then, if the data det.ection. 

20 ·variable D is less the threshold TD, then the ADPCM sa•ples 
I: (Jt) are deemed not to contain modem or voice.band data. 
Otha:rvi&e, the ADPCM sanples I(k) ara daemed to contain modem 

. . 

or voiceJ:>and data and regardless this information _52 is 
supplied to the decision loqic unit so. A fin•l embodiment ot 

25 the voit:!eband data detection unit is. sl}own in Figure l. In 
. this unit, data generated hy an encode~ is not·available and 
the internal variables y(k) and a 1 {k) are .not available because 
th.a ~ec:oder 70 is a standard or stock CCITT standard G. "121 
decoder. The voicebanQ data detection unit so functions th• 

30 same as the u_nit in the previous embodiment except that YeCk) 

is not determined and thus whether D is over the threshold is 
determined only as a function of yd{k). In each of the above 
eDlbodiments of the voiceband data detection units 50, the unit 
50 qenerates the modem data information · signal 52 which 

35 indicates whether o~ not the APPCM samples are considered to 
represent 11.od.em or voiceband data. 

i 

I 
I 

i 

I 
' • I 
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The decision loqic unit 52 receives the reliability 
infarmaticn from the receive system 20 and the modem dat_a. 
information signal 52 from the voieeb~nd data detec::tion unit so 
and as a funeticn of ~he recei veel inf ormat!on r controls the 

s operation of the receive si9nsal seltQ:'tion unit 60 • 
In particular, as noted above, in the preferred 

embodiment of the invention, the decision logic unit 40 
instructs the receive siqnal selection unit 60 to direct Ltie 
ADPCM samples to the ADPCM decoder 7 o . if the modem . data 

10 information 52 indicates that the ADPCM samples represent ~Odem 
data. This is necessary because the modein data would. be 
adversely affected if the ADPCM samples I(k) represent.inq the 
modem data were substituted.with the maqnitude-limited ADPCM 
_samples 32. 

l.5 If the reliability information from the :receive syste• 
20 indicates that no errors were recaived for the correspondinq 
voice segment and tha~ the voice SeCJlllent was not miased, the 
decisio~ lo9ic unit 40 may instruct the receive siqnal 
selection unit 60 ta direct the ADPCM samples to the ADPCM 

20 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 siqnal may not be siqnificantly deqraded 
since the periodicity of the voice signal vo.uld still be 
maintained. In the preferred embodiment of the invention, the 

25 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 correspondinq voi~e seqment. 

If the reliability information from the receive system 
20 indicates that the carrespondinq voica segment was aissed, I;.· 

JO the decision loqic unit 40 will instruct the receive signal 
selection unit 60 to direct the ADPCM encoded silence to tha 
ADPCM decoder 7 o. In thi$ case, the ADPCM ·samples do not 
contain any valuable information since the voice segment was 
missed. The receive siqnal selection unit 60, in this case, 

35 then would replace the ADPCM samples :r (k) with encoded silence. 
In the CCITT standard G. 721 sy.stem, encoded silence far a 
sample is OFh. 

.. 
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Based on the instruction si9nal 42 trom·tbe decision 

loqic unit 40, the receive si;nal selection unit so directs 

either the ADPCM samplee; I (k), maqnitude .... limited ADPCM samples 

32, or ADPCM encoded eilence (OFh) ta the ADPCM decoder 70. In 

5 . the proferreQ embodiment of the inv1ntion, this datarminatien 
and instruction 42 is only qenerated. ance for every vaice 

seep.ent and thus fer the corresponding ADPCM samples t (k) • 

Depending on the reliability information from the receive 

system ·20 or the chan9a in data type from. modem data to speech, 

.1D this determination may be performed more than once per voice 

sagiiaent.. 

Finally, the ADPCM. decoder, decodes the data it 

receives from the receive signal selection unit 60 to generate 

a decoded voice siqnal. In this exemplary embodiment of the 

.15 invention, the ADPCM decoder is a standard· or stock C:CI'rT 

standard G.?21 decoder so that no special modifications ar• 

necessary to implement the present invention vi th standard 

encoders and decoders. I'n the preferred embodiment of t..'ie 

invention, .the ADPCM coders have the capability of providinq 

20 system parameters to eternal devices such as the voiceband da~a 

detection unit 50. 
While the invention has been described and illustrated 

with reference to specific embodime:l)ts, thosa skilled in the 

art will recognize that mcdif ications and variations may be 

25 made without departinq from the principles of the invention as 

descr.ibed hereinabove and set forth in the following claims. 

\ 
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2. A method aceordinq to el~im 1, whereitt step c) 
comprises: 

i). determininq, as a. function of the received 
segment of .the ADPCM encoded signal, the reliability of the 

5 received seqinent; and 

ii) replacing the value of a one ADPCM sample with 
a tirst predetermined value if the maqnitude of the one ADPCM 
sample is greater than a second predetemined value a·s a 
function of deterll\ined reliability of the ·corresponding 

10 recaived seqment of the AOPCM encoded siCJJtal. 

J. A method accordinq to claim 1, wher:ein step c) 
comprises: 

i) deterrn.ininq, a$ a function ot the received 
segment of the AOPCM encoded signal, whether the received 

5 segment is voiceband modem data; and 
ii) replacing the valu~ of a one ADPCM sample with 

a first predetermined value if the maqnitude ot the one ADPCM 
sample is greater than a second predetermined value and the 
received seqment was not determined to be voic•band mod~m data. 

.1iii~r 
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4. A method according to claim 3, wherein step 1) 
comprises: . 

determininq, as a function. of· syste?n parameters of the 
decoder, whether the received seqment is voiceband modem data. 

5. A method accordinq to claim 3, wherein step 1) 
comp~ises: 

deteraining, as a function of system parameters of the 
decoder and an encoder, whether the received segment is 

s voiceband modem data. 

6. · A ~ethod according to claim 3, Wherein step i) 
comprises: 

datermining, as a function of transid. t.ted segments of 
an ADPCM encoded signal of an encoder, whet.her the :received 

! segment is voiceband modem data. 

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

iii) determininq, as -~ function of the received 
seqment of' the ADPCM. encoded signal, tt!e reliability of the 

5 received se9Dlent; and 
iv) replacing the value of a one ADPCM sample with 

a first predetermined value if the magnitude ot the one ADPCM 
sa:nple is greater than a second predetermined value and the 
received sei;ment was not determined to be voice.band modem data 

10 as a function of determined reliability of the correspondinq 
received &89Jllent of tha ·. :A.DPCM enc;oded. signal. 
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a. A method accordinq to claim 2 1 wherein step ii) 
comprises: ·. . . . . 

replacing_ the value of a one ADPCM sample with a first 
pred~termined value if the magnitude of the one APPCM sample is 

5 greater than a second pt'edete·rmined value an~ the detenin~t1on 
of the reliability or the corresponding seqm.ent of the ADPCM 
encoded. signal indicates that a· received siqnal error was 
detected for the received. segment •. 

9. A method accordinq to claim 7, wherein step iv) 
comprises: 

replacing the value of a one ADPCM salllple with a first 
predetennined value if the maqnitude af the one ADPCM_sample.is 

5 greater than a second predetermined value, the received seqment 
was not determined to be voiceband · modem data, and the 
deteBination of the relial:lility of the corresponding sepent 
ot the ADPCM encoded signal indicates that • rGceived siqnal 
error was detected tor the received segment. 

10. A method according to claim 8, said method 
further comprisin9 the steps of: 

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

5 replacing the corraspondin9 ADPCM samples with ADPCH 
encoded silence it the received se9J11ent ·of the ADPCM_encoded 
signal was ~issed. 

11. A method act:::ordinq to claim 9, said method 
further comprisinq the steps of: 

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

5 replacing the correspondinq ADPCM samples with ADPCM . ; 
encoded silence if the received segm~nt of the ADPCM encoded 
siqnal was missed. 
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12. An apparatus for improving the perceived voice 
quality of an AOPCM encoded siqnal having segments received 
from an iinpe~fect communications channel, said apparatus 
.::omprising: 

S means.for ccnvertinq a ·received SeCJDlent of the.ADPCM 
encoded signal to AI>PC.M.sa.mples; 

.• 

means for detemininq the maqnitu.de of the ADPCM 
samples; 

repiacement means for replacinq the value of a one 
10 ADPCK sample with a first predetermined value if the IY9nitude. 

at the one ADPCM sample is greater than a second pre~etermined 
value; and 

an ADPCM decoder. 

13. An apparatus accordinq to clabt 12, whereln said 
replacement lneans includes: 

means for determining, as a tunctian of the received 
saqment of the ADPCM encoded signal, the reliability ot the 

5 received se9J11ent: and 

reliability replacement •eans for replacing the value 
of a one ADPCM sample with a first predetermined value if the 
aaqnitude of the one ADPCM sample is 9reatei- than a second 
predetermined value as a function of determined reliability of 

10 the corresponding rece~ ved seqment of the ADPCM encoded si911al. 

14. An apparatus according to clain 12, wher:ein said 
replaeement means includes: 

voiceband determination m·eans for determining, a& a 
function of the received seqment af the ADPcM encoded signal, 

5 whether t.he received se91t1ent is voiceband mOdem data; arid. 
voiceband replacement means for replacing the value 

of a one ADPCM _sample with a first predetermined value it the 
magnitude of the one ADPCM salllple is greater than a second 
predetermined value and the received seqment was not determined 

10 to be voiceband modem data. 
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15. An apparatus acecrdinq to· claim 14, wherein said 

voice~and dete~•ination means includes: 
means f oz: determining, as a function of system 

parameters of the decoder, whether the received segment is 
5 vvioebina modem data • 

16. An apparatus accarding to claim 14, wherein said 
voiceband determination means includes: 

means far determining, as a function of system 
parameters of the decoder and an encoder, whether the received 

5 segment is voiceband modem data. 

l?. An apparatus accordinq· to claim 14, wherein said 
vaic:eband determination means inaludes1 

Means far determininq, as a function of trans•itted 
segments o! an ADPCMencodedsi9nal of an encoder, whether the 

5 received segment is voiceband modem data. 

18. An apparatus according to claim 17, wherein said 
voiceband replacement means includes: 

means for determining, as a·function of_ the re:ceived 
se911ent of the ADPCM encoded siqnal, the reliability of the 

S received segment; and 
reliability voiceband replacement means tor replacing 

the Value Of a ona ADPCM sample wlth a t i.rst predetermined 
value it the maqnitude of the one ADPCM sample is greater than 
a second predetermined valu~ and the received segment was not 

10 determined to be voiceband modem data as a function of 
determined reliability of the corresponding recei\red se;ae~t of 
the ADPCM encoded siqnal. 
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19. An apparatus accordinq to claim 13. wherein said 
reliability replacement means includes: 

means for- replacing the value of a one ADPCM sample 
with a first pradetarmined value if the maqnituce of the one 

5 ADPCM sample is 9reater than a second p~e~eter•Lnt~ val~o 1n~ 
the determination of the reliability of the corresponding 
seqment of the ADPCM encoded signal indicates that a received 
signal error was detected for the received segment. 

20. An apparatus according to claim 18 r wherein said 
reliability voiceband replacement means incllldesJ 

means rar replacing the value of a one ADPCM sample 
with a first predetermined value if the ~agnitude of the one 

S ADPCM sample is greater than a second predetermined value. the 
received segment was no:t deteriiiined ta be voiceband modem data, 
and the determination of the reliability of the co:trespondinq 
seqJDent of t~e ADPCH encoded $i9nal indicates that a received 
signal error was detected for the reeeived seqment. 

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

means for determininq whether the received Se91lent o! 
the ADPCM encoded siqnal was mi$sed; ·and 

5 means for replacinq the corresponding ADPCM samples 
vi th At:IPCM e~coded silence if the received seqment of the ADP CM 
encoded siqnal was missed. 

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

means for determinin9 whether the received seCJDlent of 
the ADPCM encoded signal was-~issed; and 

5 means for replacinq the correspondinq ADPCM samples 
with At>PCM encoded silence if the received seqment of the ADPCM 
encaded si9nal was missed. ' 
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