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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
5 Docket No. PACI-0105), which is assignéd to the same assignee
~ and is incorporated herein by refersnce. |

Field of the Invention
The present invention relates qenerally to Adaptive
szferant:.al Pulse Code Modulation ("ADPCM") speech coders and
10 more particularly to adaptive error ccntrol for ADPCM speach
::oders.

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 gignals which is described in CeITT R_e#ommendation €.721 32
Kbitz/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.

R —

eet Has Been Repia:

\\ll\l\\ T \l! ‘.!!\



) 5354864 AGE __ 6 (PRINTED PAGE  6) ]
¥ 0 RECEWE&%%E?S ig 1996 ATw:UDCDCK bJQSHBURN 5 5354864 _ NUBS'? Plalas —
' o d S J
WO 98/12880 - - B - PCT/USI4N2649

- 2 -
Generally, terrestrial wireline_applications have very low
error rates due to an imperfect communications channel, and as
such the G.721 system'tmrké well with sui.‘.h applications. The
CCITT standard G.721, however, has alsc been adopted for voice
5 compression or coding in wireless communications applicatisns
where the error rate may not be as low. For example, the ccrir.
standard G.721 has baen adopted for voi;e'cumpression or coding
for such Personal Communication Services ("PCS¥) applications
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.conmunicatiqn applications with higher
error rates (than wireline applicatidns) 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 perceived voicae
guality may be'reduce¢ 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;catacns to ADPCM cod;ng systems to make the systens nere
robust to channel errors, such as described by Cointot and G.
des Passoz in ¥A 60-Channel PCM-ADPCM Converter Robust to

23 channel Errors", Proceedings of the International Conference of
, _  Acoustics, Speech, and signal Processing 1982 and by D. Kim and
_ | C.K. Un in ADPCM sSystem with Improved Error Centrol”,

! ) | Proceedxngs of the International 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, '

_ Knovm techniques 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 described by David J. Goodman et al. in "Waveform Substitution
- Techniques for Recovering Missing Speech Segments in Packet
Voice COmmunicatlons" 1EEE Transactions on Acoustics, Speech f
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and s.ignal Processing, vol. ASSP-34 No. 6, December 1986 and
by Kiyoshi Yokota, et al. in "A New Hissing ATM Cell
' Reconstruction Scheme for ADPCM-Coded Speech", Proceedings of
- _ 'tho Intérnational Conférence of AcoﬁStios, Speeoh, and Signal
5 Processing 1989 which are hereby incorporated by reference. -
. . One common waveform substitution technique is known as zero
substitution. I'n this waveform substitution technique, a
received voice segment containing errors is repla.oed with zeros
or the ADPCM encoded equ,ivalent of zeros. This technique i.s
- 10 'a-l_s'o used when an entire voice segment or packet is not
received. This waveform substitution techniqu_e fails to use
the valuable information in the received voics segment with
errors since it onmpletely substitutes this segment with zeros.
' A second waveform substitution technigue is known as
15 last packet suhstitution. ' 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
_knowu as pitch synchronous waveform substitution. In.this
~ technique, received voice segments are categorized based on
25 their pitch. When a voice segment with errers is received, its
- piteh is determined, and then a pr-e'viouslly received voice
segment which has a similar pitch as the received voice signal
 with errors is substituted. This system reduces the
_mistrackihg a_nd consegquently the audible clicks produced by the
30 last packet substitution teohnigu_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 oompletely-

35 substitute this segment with e:.ther zeros or some previously -
 received voice segment. : '
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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
cempensatmg for the actual compression and decompression

5 process used in ADPCM encoders and decoders which pruduces the
audible "clicks® and "pops" in the decoded veice signal when_ oo
'errors are present in received voice segments.

Bummary of the Invention | _

| The previously describad problens a‘re'gvercome 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 quali'ty of recaived ADPCM encoded
voice signals_. The method includes the steps of cohverting 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 w:.th 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 ADPCH samples using a ADPCM
20 decoder. : : _
Specifically, steps of the nethod may _detemine. 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 predetemined 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 raceiver error was

detected. ' .

_ This method may also mclude the steps of detetmining
39 whether a segment of the raceived s;gnal was m:.ssed and then
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replacinq the corresponding ADPCM samples with ADPCH encoded
silence if the segment of the received s;gnal_was missed.,

Brief Descriptien of the nrawings

The present invention will be better understoad and
its numerous cbjects and advantages will become apparent by

reference to the following detajled description of the

invention when taken in canjunctzon with the following

-drawings, in whienh:

Fig. 1 is a block d1agram of exemplary ADPCM vaice
signal receiver and decoder system constructed in accordance

with the prasent invention;

Fig. 2 is block dxagram of a portiun of a CCITT G. 721
stAndard encoder; :

Fig, 3 is block diagram of a portion of a CCITT G. 721
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 nascrzption

An exemplary ADPCM recexver and decuder systeu
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 magnitude limiter 30, a decision
logic unit 40, a voiceband data detection unit 50, a receive
signal selection unit €0 and an ADPCM decoder 70. A brief
overview of the system 10 is presénted 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
processed by the receive system 20 in voice segments or packets
where each voice segment or packet contains ADPCM samples. The
receive system 20 generates ADPCHM samples from the received
voice signal and also reliability infcrmation'whzch may include
whether a voice segment or packet was missed in the received
voice sxgnal or whether errors were detected tcr tha voica
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sagment or packet corresponding to the ADECM samples produced
by the receive system 20. |
The magnitude limiter 230 receives the ADPCM samples_
~ and produces magnitude~-limited ADPCM samples 32 whose magnitude
§ 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
ccnside:éd to be modem or voiceband data and provides this
information 52 to the decision logic unit 40. The decision
18 logic unit 46 receives the reliability informatian 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 embodiment of the
_ in?en_tioﬁ, 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 segment. was nissed, the decision logic 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

_ .
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encoded silence to the ADPCM decoder 70 based on the
instructions 42 from the decision logic unit 40. 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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particu.ler, the ADPCM samples I(k) are equal to  the
'qu'atitiz'ation of the log, of the difference signal d(k) laess a
quant:.zation 5ca1e factor y(k) where the quantizer scale factor
is adaptively calculated based upon the values of previous
ADPCM samples I(k). A block diaqram of an CCITT standard 6.721

-_decoder is shown in F:.gure_ 3, As shown 1_n_ Figura 3, the

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
g,.(Kk)-

Smc:e the ADPCM samples I(k) are generated from the
logz of the difference signal d(k) less the dquantizer scale

factor y(k), the quant1zer scale factor is et‘fect:.vely a "®

scaling factor of the difference signal d(k) and thus the ADPCM
samples I(k). It.w:.ll be shown that the quanti_zer scale factor

 y(k) is heavily weighted by ADPCM samples I(k) with large
megnitudes' and as a consequence vhen a received voice segment

of ADPCM samples has errors, the larger magnitude ADPCM samples
tend to cause the decoder, shown in Figure 3, to fail to match
the quantizer scale factor of the encoder, i.e., the deceoder
and encoder do not generate the sane quantization scale faetor

y(k). the sane 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 scalmg cf ADPCM samples I(k) at the_
decoder produces a voice signal s(k) with a much larger ehergy
than the veoice signal s(k) at the encoder. The reeul_t is an
audible "click" or "pop',

By substitutmg magnxtude-limited ADPCM samples when
errcrs are recewed, 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:.t_uti,on 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 quant:.zer scale factor.  Thus, by

suhstituting magnitude-lmited ADPCM samples even when errors
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are nut.,received, the perceiVed voice quality will not be |

greatly affectad and by substituting maqnitude-limited ADPCM
samples when errors are received, the percexved voice quality
of the decoded signal may be improved.

As noted above, the guantizer scale factor y(k) is

heavily weighted by ADPCM samples with large ma_gni_.tndes. This
' is because the CCITT standard G.721 system y(k) is determined

from the a combinatjon of a long term and a short term weighted

‘average of the ADPCM samples I(X), in particular y(k) = -

a,(k)y,(k~1) + [1l-a (k)}y, {k~1) where the short term w_ei_qhted
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, 22.1%

for %6, 12.38 for 15, 7.00 for 4, 4.00 for %3, 2.56 for %2,

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

control parameter a,(k) determines whether the quantizer scale

factor y(X) 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

more likely to track the long term average of energy of the
voice signal s(k) at the encoder and thus raduce or eliminatae
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 pr_e.Sented.with reference again to .
. Figure 1.

in the exemplary embudxment of the invention, the

‘enceded ADPCM samples I (K) are modulated and sent over a

wireless cammunlcat:.on _channel. The modulated ADPCM sa_mples
I(x) 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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- in baéket,_: 'faﬁ and generetee digitai Am'ﬁcu samples I(X).

Ydeally, if the cemmunicetions channel were ervror free, the
digital ADPCM samples I(k) would be equivalent to the ADPCM
samples I(k) generated by the enceder prmr to modulat:.on,

transmission and reception by the antenna 22,  Since

corminicatiaons channels are not generally error free, in the
preferred embodiment of the invention, the receive system 20
also provides reliabxlity information which includes whether a
voice ssgment . ar packet was missed in the reee.i.ved voice signal
or whether errors were detected for the voice seguent or packet
corresponding to the ADPCM samples praduced by tha receive
system 20. An exemﬁlaz:_y 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 embadiment of the invention, the

-nagnitude limiter 3o receives the ADPCM samples generated by

the receive system 20 and produces magnitude-limit:ed ADPCM
samples 32 whose magnitude has been limited t¢ some maximum
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 predetemined value B, while the gign of I(k}

remains constant. In the preferrsd 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 T(k) is set to 4, and if

I(k) is less than =4, then I(k) is set to -4. The magnitude-
limited ADPCM sampleas 32 are passed to the receive signal

' selection unit 60.

The voiceband data detection unit 50 also receives the
ADPCM samples generated by the receive system 20 and determinas
whether the data repreeented by the ADPCM samples is modem or
voiceband data. The voiceband data detection dr_dt 56 then
provides this _i_n'-formetion S2 to the decision logic unit 4o0.
One embodiment of the voiceband data detectigﬁ unit 50 is

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

P ]
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cemmunications application while dncthet signal is beinq"

transmitted by the same communications application. Since the
purpose'of the voiceband data detection unit 50 is to determine

whether the received ADPcM:sampies represent moden or voiceband _

data, in a full duplex channel, the voiceband data detection
unit 50 mny use transmissicn_infnrmation of the encoder 80 to
determine whether the receive signal represents modem or
voiceband data since if a communications application' is
transnitting nodemn or vuiceband data,'it-is'generally-also

receiving modem or voiceband data.
' The system 15 in Figure 4 further includes an antonna

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_
Serial No. 08/013,625, filed February 2, 1993 (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_qnantizatian scale factot'y(k) of the encoder 80'or_the'

deceder 70 and the second order predictor coefficient a,(k) of
the decoder 70, or ADPCM samples from the rece;ve 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

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 thls 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 deamed
to contain modem or voiceband data. The determination of

whether the ADPCM samples represent modem or veiceband data is

then supplied to the decision logic unit 40.

A
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In the exemplary embodiment of ‘the invention, D = -

. D*{1-a) + INCR if y(k} of the encoder B0 or decoder 70 is
tjreater than TY (which 1is 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
segment is received every § milliseconds. As a conseguence, D
is updated at every 5 milliseconds and thus the time constant

10 for this indicator is’ about 2 saconds, i.e., about 512*_5
milliseconds. o - S _ :

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§

15 bit fraetional part and a 10 bit magnitude, will quickly reach
its maximum of $12.0 (based on the time constant in about 2
seeende) . In the preferred enbodiment of the invention, TD is

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

. detection unit 50 alsc eheeks 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 eystem 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 vo;eeband data. . In the exemplary embodiment 1
¢f the invention, these values may not ba available because a

i
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stock or standard ccrr'r standard 6.721 decoder and encoder is
used. ' ' o
If the internal varidbles are not available, 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
N the short term guantizer scale factor yu(k). Thus, Yq(k) = (1~
10 2° )y,,(k) + 2 W[I(k}] and y,(k) (1-2 )y,(x’ + 2 W[I(knwhera
~ W[] is equal to 70.13 for 7, 22.19 for %6, 12.38 for 15, 7.00
for £4, 4.00 for *2, 2.56 for 2, 1.13_ for .":1, and -0.75 for 0.
Then Yalk) 'and Y.(k) are used to determine D as above by
raplac;nq the y(k) for the encader with y,(k} and y(k) for the
1S decoder with y,(k) . 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*(1-a) + INCR if y,(X) or
'y;{k) is greater than TY, else D = D*(i-a) - DECR. it 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)
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.
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The decisian logic un:.t 52 receives the reliahility

information from the rece:.ve system 20 and the modem data

information signal 52 from the vo:.ceband data datection unit 50
and as a function of the received information, controls the
operation of the receive signal selection unit 60.

In particular, as noted above, in the preferred

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 ,

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. _
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

dec:.s:.on logic unit 40 may  instruct the receive signal
selection unit 60 to direct the ADPCM samples to the ADPCM
decoder 70. 1f magnitude-lmited ADPCM samples 32 replace the

. ADPCM samples I(Kk) even when no errors are detected, ‘the

25

30

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
receive signal selection unit 60 is only instructed to
substitute ADPCM samples I(k) with magnztude-;.imted 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 segment was missed,
the decision logic unit 40 will instruct the receive sigial

- selection unit 60 to direct the ADPCM encoded s11ence to thae

35

ADPCM decoder 70.- In this case, the ADPCM ‘samples do not
contain any valuable J.nformation since the veoice 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 systen, encoded silence for a

: sample is OFh.

h
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Baséd on the instruct;:.on signal' 42 from the dec¢ision
"log.u: unit 40, the receive signal selection unit 60 direct.s
. either the ADPCH samples I(k) ' maqmtude—limited ADPCM samples
- - 32, or A_chu_encoded_ silence (orm to the ADPCM decoder 70. In
-~ 5 .the preferred embodiment of the invention, this determinatien
. " and instruction 42 is only generated 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. | _ : : '
Finally, the M')'PCM. decdder, decodes the' data it
receives from the receive signal selection unit 60 to generate
a decoded voice signal. 1In this exemplary embodiment of the
15 invention, “the ADPCM decoder is a standard or stock CCITT
gtandard 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
érc will recognize that modifications and variations may be

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

[P
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Whnt 13 Claimed is: :

1. A method of mprovinq the perce:.Ved voice qual:.ty
of an ADPCM encodad signal having segments received from an
imperfect communications channel, said method comprising the

- steps of: . : j '
5 ~a) converting a received segment of the ADPCM
ancodad gignal to ADPCM. sumples, =

'b) determining the maqnitude 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
10 sample is greater than a second predetermined value; and '
4) asccding the ADPCM samples using a ADPCH decoder.

_ 2. A maﬁhod according to claim 1, wherein step c)
comprisess | - _
: 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: | o ' '
- i} determining, as a function of the received

_segment of the ADPCHM encoded signal, whether the received o

5 segment is vo:.ceband modem data; and | ' :
ii) replacmg the value of a one ADPCM sample wa.th

a first predet_ermined value if the magnitude of the one ADPCM -

' sample is greater than a sacond predetermined value and the
received segment was not determined to be voiceband modem data.
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4. A meﬁhod according to claim 3, where:i.n step {)
comprises: | -
determining, as a function of system parameters of the
. decoder, whether the received segment is voiceband modem Qata.

.

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

_ 6. A method according to claim 3, wherein Step 1)
comprises: - _ ' :
determxm.ng, as a function of transmitted segments of
an ADPCM encoded signal of an encoder, whether the_rece;ved_
5 segment is voiceband modem data. -

- 7. A method according to claim 3, wherein step ii)
comprises: ) I . ' -
'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
sample iz greater than a second predetermined value and the
received segment was not determined to be voiceband moden data
10 as a function of determined reliability of the correspendan
received segment of the ADPCM encoded s;qnal.

/ . : .
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8. A methed-aecording ta claim 2, wherein step ii)
comprises: o ' . _
_ replaexng 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 predeternined value and the determination

of the reliability of the correspcndlng segment of the ADPCM

encoded szgnal indicates that a’ received slgnal error was

i' o - detected for the recexved segment. ' '

' _.' o B 5. A method aceo:ding to ciaim 7, wherein step 1v]
‘ ' cnmprises'

replacing the value or a one ADPCM sample with a first

' predetermined value if the magnitude of the one ADECM sample is

5 greater than a second predeterm;ned value, the received segment

 was not’ determined to be voiceband modem data, and the
'determination of the reliabxlity of the corresponding segment
of the ADPCM encoded signal lndicetes that a received szqnal
arxroy was detected for the received segment.

10._ A' methbd' accarding to c¢laim 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 accerd;ng to claim 9, said method
turther comprising the steps of: . |
determining whether the received segment of the Avpcu
encoded signai was missed; and _ -
5 replacing the cerrespondinq ADPCM samples w;th ADPCM
encoded silence if the received segment of the ADPCM encoded
-siqnel was missed._

— et sttt e
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S12. An apparatus for improving the perceived voice

'qnality of an ADPCM encoded Signal having segments received

from an imperfect communicaticns channel, eaid apparatus
eumprising.

enceded signal to ADPCM. samples;

means for determining the megnxtude of the ADFPCM

samplas; '
repieeenent'means for replecing the value of a one

ADPCNM 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
reeeived segment; and

‘reliability replacement means for replacing the value_"

of a one ADPCM sample with a first predetermined valua if the
magnitude of the one ADPCM sample is greater than a second
predetermined value as a function of determined reljapility of
the eerrespanding'reeeiVed segment of the ADPCM encoded signal.

. 14. An apparatue according to claim 12, wherein said
replaeement means includes:

- voiceband determination means for determining, as a
function of the received segment af the ADPCM encoded signal,
whether the received segment is voiceband_madem 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
to be voiceband modem data.

means for cunverting a received segment of the ADPCH
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15. An apparatus acccrd;nq to claim 14, wherein said

voxcchand determination means includes:

means for. determin;ng, as a function of systam

parameters of the deccdet, whether the recexved segment is

wiceband moden data.

16. An apparatus according to claim 14, wherein saia

'voiceband datermlnatlcn means includes:

. means for determining, as a functicn of systenm
parameters of the decoder and an encoder, vhether the received

segment is voiceband modem data.

17. An apparatus according to claim 14, wherein said
vciceband determinaticn means includes:
means for detarmining, as a function of transmatted

'segmants of an ADPCM encoded signal cf an encoder, whether the

received scqment is voiceband mcdcm data.

18. Aan apparatus acccrdxng 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
received segment; and
' rel;ahil;ty voiceband replacement means for replacing
the Va1u= ¢f a8 one ADPcu sample with a first predetermined
value if the magnitude of the one ADPCM sample is greater than
a second predatermined value and the received segment was not
determined to be voiceband modem data as a functxcn of

 determined reliability of the corresponding received segment of

the ADPCM encoded signal.
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, 19. 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 magnituda of the one
S 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 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 ' '
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 t . ;
5 " means for replacinq the corresponding ADPCM samples 'i
with ADPCM encoded silence if the received segment of the ADPCM '
- encoded szgnal was missed, o _,i
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