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ABSTRACT The method maximizes the synthesized speech quality using

Current digital voice communication systems allow only modesf © si_nusoidal transfqrm voice_ coder [3.] at multiple bit rates by

levels of protection of the coded speech and often do not follo dapting the system in an optimal fashion to the degrading com-
unication channel. The channel model used is based on com-

the dyntamlc iﬁaggﬁls tthat o_((:jcur in tt_he tlran_smlssmlr_lt char(;n_elt. I 18x additive white gaussian noise (AWGN) and Rayleigh fad-
prsls_tt?nf a metho at provides op |Lna vollce qg.?.' Y ar]rhln € ng. The ARM produces an improvement in BER versus relative
gibiiity for any given transmission channel condition.  1he apze ey e signal power, which translates into significantly lower
proach is performed via adaptive-rate voice (ARV) coding usin

) . . . dverage spectral distortion of the vocoder. When used in con-
an adaptive-rate modem, channel coding, and a multimode SH 9e sb

. . - thction with channel coding and a multimode vocoder, a large
soidal transform coder. In general, the receiver utilizes chan ftrease in speech quality at the receiver is produced

state information to not only optimally demodulate and decode The adaptive-rate system discussed herein is shown if Figure

the currently corrupted symbols from the channel, but also L - -
. . i ' ~ T. Both objective and subjective speech quality measures are
inform the transmitter, via a feedback channel, of the optlr\r)ﬁp ) ) P q y

. ) . sed for system evaluation. Spectral distortion of the multimode
strategy for voice/channel coding and modulation format. TC vocoder (MMSTC) is used for the objective measure, while
compare several source-channel coding schemes at muIti[? !

L UBformal listening tests are used to provide subjective feedback
transmission symbol rates and compare the performance to fIX8 the adaptive-rate synthesized speech quality. Performance

aggr?gate-rate channel-controlled variable rate voice coding S¥Sihancements provided by this technique are shown by compari-
tems. son to a fixed aggregate-rate channel-controlled variable rate
speech and channel coded system. The comparison system ag-

1. INTRODUCTION gregate rate is 9.6 kbps, similar to the system proposed in [1].

In most present-day digital voice communication systems, tHdowever, our system use multiple maximal-distance-property
available channel bandwidth is divided between a fixed-rateonvolutional codes for error protecting the vocoder parameters.
voice coder, a fixed-rate channel coder (forward error control, Experimental results indicate that the adaptive-rate technique
FEC), and system control functions (protocols). The bit allocaliscussed here produces a significant increase in speech quality
tions for the channel coding are designed based on somflethe AWGN channel, and roughly equivalent speech quality in
“nominal” channel conditions. Often, however, the transmissiothe Rayleigh fading channel as opposed to the fixed aggregate-
channel experiences degradations, such as fading, far worse thai¢ configuration. For the AWGN channel, a reduction of 3 dB
the nominal conditions, and the speech quality degrades d&-observed in the average received signal power, with no in-
verely. Past work [1, 2] has suggested channel-controlled vaftease in spectral distortion. For the Rayleigh channel, equiva-
able rate (CCVR) coding as one possible solution to extendifgnt system performance is demonstrated, while system com-
the speech quality for low received signal-to-noise ratios. IBlexity is reduced significantly. Informal listening tests support
such a system, a bit rate allocation tradeoff is performed betweti@se results.
the voice coding and the FEC, which is based on the state of theSection 2 describes further each block of the adaptive system
channel. The performance increase of CCVR, however' can g{;Figure 1, with the experimental results presented in Section 3.
limited by the fixed aggregate-rate of the system. Performané&enclusions are given in Section 4.
can be achieved by more closely matching the modulation strat-
egy to the available channel capacity. 2. SYSTEM DESCRIPTION

We show that further performance gains are achieved by util-
izing adaptive-rate modulation and demodulation (ARM). Gerk-h
erally, if the modem symbol rat&, is cut in half toRy/2, the
system requires 3 dB less received signal po®erto achieve
the same received signal-to-noise rat@N, (or Ev/No), at a
given bit error rate (BER). Our approach uses 3 symbol rate
ChangesRS to RS/4’ to provide an improvement in the requiredwe have applled this technique using two different adaptive-rate
received signal poweR;, to achieve the same receivegN,. ~modemsM-ary PSK andV-ary PPM. Results are presented for

The algorithm is applied to both bandwidth efficient (PSK) and6-ary PPM. The use of PPM is motivated by its effectiveness in
power efficient (PPM) modems. reducing multipath effects and for spread spectrum applications.

For the PPM modeni\ data bits are symbol encoded usig
distinct symbols, where each symbol is orthogonal to any other.
The PPM symbol is determined by a pulse that is delayed

A detailed description of each block in Figure 1 is given in
is section. Note that this adaptive-rate system can be designed
with any voice coder, FEC design, and at any rate desired.

Modulation Format
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C. Speech Coder

A multimode coder is utilized in this work, primarily because the
performance at each bit rate is not compromised when compared
to an embedded approach [1]. The vocoder architecture is based
on the STC algorithm at 4 different bit rates. There is a more
graceful degradation in speech quality using the MMSTC. The
four vocoder bit rates used are 9.6 kbps, 4.8 kbps, 2.4 kbps, and
1.2 kbps. The strategy used for switching between each vocoder
is critical so that there are no annoying artifacts when a rate
switch is requested.

Spectral distortion was chosen for the objective measure of
speech quality. Informal listening tests were performed to gauge
the subjective speech quality and weranfb to correlate well
with the spectral distortion results. The objective quality was
found by measuring the spectral distortion of each strategy ver-

. ) ) sus the average received signal power divided by the noise spec-
Figure 1. Block diagram of adaptive-rate system. tral density,P,/N,. Average spectral distortion, denoted here as
SD, can be expressed as
according to the sequenceMflata bits. Since each delay corre- .
sponds to a distinct sequenceNoflata bits, the encoding table Sb= 10|0910( 9\5" @ep~ ace;ﬂz ®)
containsM = 2 unique delays. [4] provides a description of the . . -
M-ary PPM signal set. The probability of a symbol erf, for whereacep is the cepstrum of the linear prediction vectors repre-

M-ary PPM (orthogonal signal set) can be found from [5] to be sentlng the spectrumacleg IS the estimated pepstrum at the re-
ceiver due to any remaining bit errors entering the vocoder.

1 w801y 2p M8 Do EEE (1) ,
v == éi-g\ﬁj_me X/ o %expézﬁl—‘/N—sg gﬂy- D. Channel Coding and Interleaver
. . . Multiple standard convolutional codes are used in this work as
Next we prowdg an an.alytlcal expression for thel performance gbssible candidate codes for the variable channel coding. The
PPM in a Rayleigh fading channel. Since PPM is an orthogonghannel coding is applied with equal weighting to the informa-
signaling scheme, we can use the theoretical bit error rate p@bn data bits. Rates of 1/2, 1/4, and 1/8, with K = 7 as defined
formance for orthogonal coherent FSK as an approximation g [5], are the multiple channel code rates utilized for the error
PPM. First we assume a “quasi-static” system. The Rayleigitotection. Viterbi decoding is used with a correlation receiver
fading performance [6] of orthogonal coherent FSK is to decode the received data. Perfect interleaving is assumed, so
P, 01/(2F) {for highT™ (= 10 dB)}. ) as to eff.ect.ively randomi;e the channel in addition to perfect
synchroniation at the receiver.
whererl is defined as
E. Channel Status and System State Estimators
r = E/NJEIR @3 | o -
oy of ) ) o Near-optimal demodulation at the receiver is performed by
E[RT] is the average value &, andR is a Rayleigh-distributed g53mpjing the output of the system state estimator. The function
random variable (representing the multiplicative fade, assuming he system state estimator is to decode the current vocoding,

phase is approximately constant). channel coding, and modulation strategy used by the transmitter.
The function of the channel status estimator is to estimate the
B. Channel Model received signal envelope in (4). It also monitors the bit-error and

We utilize a fully interleaved Rayleigh fading channel withSymbol-error statistics, and the synthesized speech distortion.
complex additive white Gaussian noise. Specifically, we assuni@iese statistics are used by the channel status estimator to
that thej™ received symboly(j), is related to th¢" transmitted ~Monitor the long-and short-term conditions of the channel.

symbol x(j), according to An estimate oR(j) can be performed by periodically inserting
) o . pilot symbols into the transmitted data stream [7]. Accurate
y() =ROX() + (). (4)  estimates can be made by comparing the received pilot symbols

Here,x(j) is one of 16 possible symbols in the 16-ary PPM signdp a known transmitter insertion sequence. CR@is found,

set andn(j) is a zero-mean complex Gaussian random variabl&e system transmission strategy is determined, the received
with varianceNy/2. R(j) is the multiplicative fading coefficient signal is demodulated, and the bit rate allocation strategy is fed
for the fully interleaved Rayleigh fading channel and is RayleigtP the Viterbi and speech decoders, and to the de-interleaver, if
distributed withE[R?] = 1. To ensure the Rayleigh channel isnecessary.

“fully interleaved,” we assume th&(j) andR(i) are independent ~ From [1], the fading envelope can be expresseR(gpand is

for i #j. The fade occurs such that the Rayleigh coefficient ishown to be the product of the long- and short-term fading coef-
approximately constant over the symbol duration. ficients, R(x) andR(x), respectively. An estimate of the long-



term fading coefficient [8] is shown to BR{x) times the average

Table 1. Fixed Aggregate-Rate Channel-Controlled System.

of Ry(x), wherex is the distance between the transmitter anct

receiver. RV is the averaging window size, andAifis used to Strategy g‘éggtS/SeC) %(bltS/SeC) Rggét();ts/sec)
denote the RF carrier wavelengttljs commonly in the range of 4800 4800 9600
20A - 40\. The averaging process assumes R@) is approxi- 2400 7200 9600
mately constant over the width of the window. The channel 4, 1200 8400 9600

status estimator uses these fading statistics to determine the TTew

strategy for the next transmission, and outputs this information 1, 2 Adaptive-rate Speech Communication System

in the feedback channel to the transmitter.

Strategy R, (bits/sec) R:(bits/sec) R (bits/sec)
E. Switching Algorithm 5 9600 0 9600
The transmitter utilizes the information accessed from the feed- 6 4800 4800 9600
. . 7 2400 2400 4800
back channel to determine the new vocoding, channel cod-
ing/interleaving, and modulation strategy. The receiver confirms 8 1200 1200 2400
' ' 9 1200 3600 4800

the new strategy received from the transmitter. The switchirg
strategy for the modem is straightforward, and is performed

the appropriate changes in sampling frequency and receiver ¢
relation time (bandwidth). The protocol used for switching i |
also straightforward, and is based on the channel statistics ang™4 'S assumed.

perceptually acceptable transition location between the vocoder ote that strategies 1 and 5 are equ!valent, as are strategies 2
speech frames. and 6. The results show that the adaptive-rate system (Table 2)

requires approximately 3 dB less received power to achieve
equivalent spectral distortion performance in the AWGN chan-
3. EXPERIMENTAL RESULTS nel, when compared to the system in Table 1. While the re-
BER performance analysis of any digital communication systeeeived signal performance is approximately equivalent in the
uses the energy per bit divided by the noise spectral densRpayleigh channel, it is important to note that only a single-rate
(Eu/No) as the standard performance meastEgN, can be used channel code (rate = 1/2) is required for the adaptive-rate sys-
to compare one digital modulation format to another, but dogdem. Note also that strategies 4 and 9 exhibit roughly equivalent
not reflect the performance increase achieved by an adaptiyeerformance to strategy 8 in Rayleigh fading, but are inferior in
symbol-rate modem. In the adaptive-rate system we illustra®VGN. Since it is straightforward to change the modem rate in
the performance increase by using the fact that the received &&ms of complexity, it may be more desirable to choose an
erage signal poweF;, is equal to the energy per bit times the bitadaptive-symbol rate approach as opposed to the computational
rate,Rs,, or equivalently complexity involved in channel code rate reductions (rate 1/2 to
1/8) as is done with the fixed aggregate rate system in Table 1.

I'Lgures 2, 3, 4, and 5 are plots of the average spectral distortion.
or all plots, coherent PPM modulation with exact phase recov-

Pr=BR. ®) The switching strategy can be determined by minimizing the
Dividing both sides bi, gives system’s average spectral distortion at a given received power.
P/No = (Eo/No)R ) This is accomplished by choosing the optimal trade-off between

distortion due to channel bit errors with the distortion due to a
whereP:/N, can be used as the adaptive-rate performance meéswer speech encoding rate. Table 3 shows the performance of
ure and shows the BER improvement gained by changing the Hie adaptive-rate system and the strategies that produce the best
rate R, (or symbol rateRs). Note that when channel coding is overall performance in AWGN and Rayleigh channels, resulting
used in lower overall system complexity. An improvement of 3 dB is
_ found for AWGN, while similar performance is demonstrated for

Pi/No = (Bet/No)Ren (8) Rayleigh slow fading. We expect the new adaptive-rate system
where Ey, is the energy per coded bit afd, is the coded bit to also be desirable for Rician fading where a proportionally
rate. Rep is the sum of the bit rates of the vocoder and channkigher level of the received signal is from the direct line-of-site
coder: path.

Reb =Ry + Re. 9

R, andR: are the voice and channel coder bit rates, respectively. Table 3. Adaptive-rate system performance versus strategy.

To illustrate the advantages over more conventional ap
proaches (i.e., the fixed-symbol-rate system), comparisons argtat€gy P/No (dB-Hz) [AWGN] Pi/No (dB-Hz) [Rayl]
made between two systems, listed in Tables 1 and 2, for both from to from to

AWGN and Rayleigh channels. The new approach, referencé -0 39.1 -0 50
Table 2, is shown to perform better. It is the most desirable? 39.1 41.9 50 51.8
when examining the appropriate trade-offs, such as systen® 41.9 45.3 51.8 75.8

complexity and performance. 5 45.3 +00 75.8 +00




SD vs Pr/No, AWGN, 2.4 ksps modem, 16—ary PPM SD vs Pr/No, Rayleigh, 2.4 ksps modem, 16—ary PPM
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Figure 2. Fixed aggregate-rate system performance in AWGN Figure 4. Fixed aggregate-rate performance in Rayleigh fading.
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Figure 3. Adaptive-rate system performance in AWGN.  Figure 5. Adaptive-rate system performance in Rayleigh fading.
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