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ABSTRACT

Results of experimental comparisons of for-
ward- and backward-adaptive predicticn in differ-
ential pulse code modulation (DPCM) of speech are
presented. Two different types of comparisons
were conducted. In one comparison, both predictors
were used with the same three/five-level pitch
compensating quantizer (PCQ). For this comparison,
forward prediction clearly outperforms backward
prediction, but with the penalty of a 10% increase
in data rate due to the need to transmit coeffi-
cients. In the second comparison, the forward-
prediction DPCM system and the backward-prediction
DPCM system are constrained to have the same data
rate of 16 kbits/sec. The backward-adaptive pre-
dictor outperforms forward prediction for this
latter comparison. The speech data base for the
simulations is one sentence spoken by a male speak-
er in four different languages, English, French,
German, and Arabic. The performance comparisons
are based on signal-to-quantization noise ratio,
signal-to-prediction error ratio, sound spectro-
grams, and formal subjective listening tests.

I. INTRODUCTION

Adaptive differential pulse code modulation
(ADPCM) with adaptive prediction is one of several
techniques under consideration for speech coding
at data rates of 8 to 16 kilobits/sec. (kbps) [1].
The adaptive predictor in ADPCM can be forward-
adaptive (FA) or backward-adaptive (BA). The term
forward-adaptive indicates that the predictor is
adapted according to information derived from the
system input which is then transmitted to the
receiver. The term backward adaptive means that
the predictor is adapted based on the quantized
error signal which is available at both the trans-
mitter and receiver.

Previous experimental investigations of
ADPCM with forward-adaptive prediction [1-3] and
backward-adaptive prediction [4-8] have not per-
formed comparative studies of forward- and back-
ward-adaptive predictors, although some analytical
results are available in [9]. It is the purpose
of this paper to present some results which par-
tially fil1l this void. The data base for the
system simulations is the sentence, "A glass of
milk is better than a piece of bread," spoken
by one male speaker in four different languages,
English, French, German, and Arabic. The sen-
tences were low pass filtered to 3200 Hz. (3dB)
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using a seven-pole elliptic filter, sampled 8000
times/sec., and digitized to 12 bits.

II. THE ADPCM SYSTEM AND PERFORMANCE INDICATORS

The ADPCM system transmitter and receiver are
shown in Figs. 1 and 2, respectively, where Q de-
notes the quantizer and P denotes the predictor.
From Fig. 1, the prediction error is given by

e(k) = s(k) - s(k]k = 1) (m

where s(k) is the input and s(k|k - 1) is the pre-
dicted value at time k that is of the form

N
S(klk - 1) = 1:1 Si(k)g(k - 1) EZ]

In Eq. (2), the {s(k - i), 1 =1, . . ., N} are

past output values given by
S(k) = S(klk - 1) +eg(k), (3)

and the {a.(k), i =1, . . ., N} are called feed-
back tap géins or predictor coefficients.

Since e, (k) is a quantized version of e(k), it
can be expregsed as

eq(k) = e(k) + nq(k} (4)

where nq{k) denotes quantization noise. Substitu-
ting Eq. (4) into Eq. (3) and using Eq. (1) yields
s(k) = s(k) + ng(k) (5)
The sequence {s(k)} is the receiver output as well
as the feedback signal in both the transmitter
and receiver, It is important to note that the
quantization noise in Eqs. (4) and (5) need not be
white nor independent or uncorrelated with s(k).
The principal quantitative performance indi-
cator used here is the SNR defined by

SNR = i (6)
q

where <:> denotes time averaging. For characteri-
zation of adaptive prediction, another useful indi-

cator is the signal-to-prediction error ratio
(SPER),

<s?(k)>
SPER = T i (7)

The SNR can be written in terms of the SPER as



SNR = SPER —y—— (8)
q

where the quantity in brackets is the reciprocal
of the normalized quantization noise power. Sound
spectrograms and subjective listening tests are
also used for performance comparisons.

III. FORWARD ADAPTIVE PREDICTION SYSTEM

The forward adaptive predictors used in this
work calculate the set of predictor coefficients
{aj(k), i =1, 2, . . . N} from a rectangularly-
windowed frame of input speech samples using the
autocorrelation method of linear prediction [10].
In particular, N = 8 predictor coefficients are
computed by solving the set of linear simultaneous
equations represented by

RA = C (9)
where A is the column vector of predictor coeffi-

cients R is an 8 by 8 Toeplitz autocorrelation ma-
trix that has the first row [rg r1 ... r7] and

CT = [ry rp ... rg]. The components of R and C are
given by _
M-i

ry = L s(k)s(k + i) (10)
k=0

where s(k) = 0 for k < 0 and k > M. The predictor
~coefficients are updated every 25 or 17.5 msec.
based on nonoverlapping blocks of input data. The
coefficients are not gquantized and coded for these
simulations, although this would be necessary in
practice. Further discussion of this point is pre-
sented in Sec. V.

Two different quantizers were used with the
forward adaptive prediction system. One quantizer
is the 3/5-level pitch compensating quantizer (PCQ)
[5, 6] shown schematically in Fig. 3 and described
in more detail in Sec. IV. When the PCQ is used,
the forward adaptive predictor is updated every 25
msec. The other quantizer is a three-level, for-
ward adaptive quantizer with step size, A, computed
according to [2]

a2 =alr, - c'Al (1)

where o was selected experimentally to be 0.75. This
quantizer is shown in Fig. 4. When the three-level
quantizer is used, both the predictor and the quan-
tizer are updated every 17.5 msec.

IV, BACKWARD ADAPTIVE PREDICTION SYSTEM

The backward adaptation of the predictor co-
efficients is accomplished using the same Kalman
identification algorithm described in [7, 8]. The
predictor coefficients are updated at each time in-
stant according to the difference equation

Alk + 1) = A(k) + K(k + 1) ek + 1) (12)

where AT(k) = [3;(k) ap(k) a3(k) ag(k)] is a vector
of predictor coefficients with zero initial condi-
tions. The Kalman gain vector in Eq. (12) is
calculated at each time instant from

K(k#1) = Vg (ke1[ K30 ST (k)V5 ke [K)S () v, 17T (13)

where ST(k) = [5(k) S(k-1) S(k-2) $(k-3)] and where
the 4 by 4 matrix V;(k+1/k) is given by

Vy(kt1]k) = [I—K(kJ§T{k-])]Va(k|k-1) +V, (4)

The scalar Vy in Eq. (13) is chosen by experiment
to be 100, and the 4 by 4 matrix Vy = diag(10-7).
With v3(0]0) = diag(0.01), Eq. (13? is processed
first, followed by Eq. (12), and then Eq. (14).

The procedure is then repeated for the next input
sample. It is important to note that the bracketed
quantity in Eq. (13) is a scalar, and hence no ma-
trix inversion is required.

It is evident from the given equations that
only a fourth order backward predictor is employed.
Higher order predictors have not been investigated.

The quantizer used with the backward adaptive
prediction system is the 3/5-level PCQ shown in Fig.
3. The quantity X(k) in Fig. 3 is given by

x(k) = 26(K)
where
G(k) = GP(k) + C(k) + 1 (16)

and the quantities GP(k) and C(k) evolve according
to the difference equations

GP(k + 1) = g%-GP(k) + fl(ik)

(15)

(17)
and
Clk + 1) = 3 C(k) + f,(2,) (18)

The additive functions f1(£;) and f(£y) depend on
the quantizer output level at time ?nstant k, denoted
L, (see [8]). The minimum value of X(k) was select-
ed to be 2. Additional constraints are also placed
on the X(k) adaptation as described in [8], which

are not repeated here due to space limitations.

V. PERFORMANCE COMPARISONS

Two separate experimental comparisons of for-
ward adaptive (FA) and backward adaptive (BA)
prediction were performed. For one experiment,
forward adaptive prediction combined with PCQ was
compared to backward adaptive prediction combined
with PCQ. Table I summarizes the quantitative re-
sults of this investigation. It is clear from this
table that forward prediction (N=8) provides a
uniformly higher SNR than backward prediction (N=4).
In Table I, ASNR = FA SNR(dB) - BA SNR(dB) and
ASPER = FA SPER(dB) - BA SPER(dB). Forward predic-
tion provides an improvement in average SNR over
backward prediction of 1,77 dB, with a minimum in-
crease of 1.33 dB for French and a maximum improve-
ment of 2.05 dB for German. Formal subjective
Tistening tests using several untrained 1isteners
indicate an almost unanimous preference for forward
adaptive prediction and hence substantiate the SNR
results.

Note from Eq. (8) that if <e2(k)>/<n2(kl> re-
mains constant, which is the usual assumption, then
any change in SNR is due to a change in SPER alcne.
The results in Table I tend to reinforce this inter-
pretation, since in general, ASNR = ASPER.

The "average entropies" in Table I, that is,
the averages at the bottom of the H(E) columns, are
actually the entropies of the quantizer output
average distributions, rather that the average of
the entropies for each language. More explicitly,



the "average" H(E) is obtained by accumulating the
relative frequencies of the five quantizer output

levels for all four sentences combined and then H(E)
5

is found from - I p(i]1og2p(i], where p(i) denotes
i=1

the probability of the ith quantizer level. It is
noteworthy that forward prediction also provides a
reduction in entropy over backward prediction.

Although for these experiments no coding of the
information to be transmitted to the receiver was
actually performed, for these results to have any
practical implications, reasonable coding schemes
must be devised. For backward prediction, only the
quantized error signal needs to be coded, while with
forward prediction, the eight predictor coefficients
must also be quantized and coded.

From the average entropies in Table I, back-
ward prediction with perfect entropy coding would
require a data rate of approximately 14.1 kbps at
an 8000 samples/sec. sampling rate. For this same .
sampling rate, forward prediction with perfect
entropy coding would require 14 kbps to send the
quantized error signal. To compare the required
data rates of the two methods, it is necessary to
estimate the number of bits needed for the predic-
tor coefficient transmission in forward prediction.
For transmission to the receiver, the predictor
coefficients would first be transformed into re-
flection coefficients because of their desirable
stability and sensitivity properties [10]. To send
these eight reflection coefficients to the receiv-
er will require about 40 bits/frame or a "side
information" data rate of 1.6 kbps. This estimate
is consistent with previous work [1]. An example
allocation of bits to the predictor coefficients
is shown in Table II. The minimum total data rate
required for the forward prediction method is thus
15.6 kbps as compared to 14.1 kbps for backward
adaptive prediction.

Of course, perfect entropy coding cannot be
easily achieved, hence it is necessary to devise
practically acceptable source codes for the quan-
tized error signal. A source code that achieves
an average data rate of 2.0056 bits/sample for the
backward adaptive prediction probabilities is
shown in Table III. Thus, for this code and an
8000 sample/sec. input, the required data rate for
backward prediction is 16.045 kbps. The source
code in Table III achieves an average rate of
1.9966 bits/sample for the forward prediction
quantized error signal, and therefore, the required
data rate for forward prediction is 15.973 + 1.6 =
17.573 kbps. Thus, although DPCM-FA outperforms
DPCM-BA, its data rate is substantially higher.

In order to compare the two types of predic-
tion in a more realistic communication system
structure, the total (coefficients + residual)
transmitted data rate of each of the two systems
was limited to 16 kbps. This limitation necessi-
tated a redesign of the DPCM-FA system. After con-
ducting experiments with several forward and back-
ward adaptive quantizers, the three-level, forward
adaptive quantizer described in Sec. III was se-
lected for use with the forward adaptive predictor.
To determine the transmitted data rate of this new
DPCM-FA system, 7 bits are allocated to A, 40 bits
to the coefficients, and these parameters are up-
dated every 17.5 msec., to yield a data rate of

2.686 kbps. The quantizer output coding is accom-
plished by coding three ternary symbols as five
binary symbols to yield a data rate of 13.336 kbps.
The total transmitted data rate of the new DPCM-FA
system is thus 16.022 kbps. The performance of
the new DPCM-FA system is summarized in Table IV.

The transmitted data rate of the DPCM-BA is
unchanged (16.045 kbps), and so is its' performance
(see Table 1). The DPCM-BA system thus outperforms
the DPCM-FA system in terms of average SNR by ap-
proximately 2.2 dB. The results of formal, side-
by-side subjective listening tests (with earphones)
are summarized in Table V. Although a clear. pre-
ference for DPCM-BA is evident, the two systems are
perceptually very close.

VI. CONCLUSIONS

An experimental comparison of forward and
backward adaptive prediction in APDCM speech coding
has revealed that if the additional data rate re-
quired for side information is ignored, forward
prediction is preferred over backward prediction.
However, if the data rate required for side informa-
tion is included, then backward prediction outper-
forms forward prediction for equal data rates. An
important implication of these results is that com-
parisons of speech coders should not ignore the
data rate required for side information since this
can completely reverse experimental conclusions.

As a final point, it is noted that before a choice

can be made between the two adaptation methods, bit
error rate results for the two systems are needed;

such studies are in progress. .
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TABLE 1. FORWARD AND BACKWARD ADAPTIVE PREDICTION WITH PCQ
Forward H(E) Backwar H(E)
_Language | SNR(dB) SPERidB) (bits) SNR(dB) SPER(dB (bits) | ASNR ASPER
Arabic 17.94 9.33 1.745 | 16.29 .7.?1 1.775 | 1.65 1.62
English 16.31 7.70 1.750 | 14.51 6.13 1.787 | 1.80 1.57
French 16.23 7.69 1.704 | 14.90 6.31 1.747 } 1.33 1.38
German 19.90 11.43 1.704 | 17.85 9.65 1.747 | 2.05 1.78
Averages | 17.87 9.32 1.750 | 16.10 7.69 1.762 | 1.77 1.63
TABLE II. ALLOCATION OF BITS TO REFLECTION COEF- TABL : M- 5
FICIENTS FOR FORWARD PREDICTION E IV. DPCM-FA WITH A 3-LEVEL QUANTIZER
; Sentence A E F G Average
Reflection k k, k, k. k. kq k, Total
Coefficients 1 2 374757678 SNR(dB) 14.28 12.66 11.16 15.93 13.87
No. of Bits 6 6 5 55 5 4 4 40
per frame .
TABLE V. RESULTS OF LISTENING TESTS FOR KALMAN PRE-
DICTOR WITH PCQ AND FORWARD PREDICTOR WITH 3-LEVEL
TABLE III. EXAMPLE SOURCE CODE FOR THE QUAN- QUANTIZER
TIZED ERROR SIGNAL
Message Code Word Message Code Word Number of Preferrad Preferred
Sentence listeners backward forward Undecided
m 0000 4 1011
112 0001 5 1100
13 0010 14 1101 A 7 5(71%) 2(29%) 0
12 0011 15 1110 E 16 11(69% 4(25% 1(6%
13 0100 24 1111 0000 (£98) (&%) (6%)
21 0101 25 1N 0010 F 8 8(100%) 0 0
22 0110 34 mm 0100 G 7 4(57% 2(29% 1(14%
23 01 35 11 1000 ( ) ( ) {14%)
32 1001 115 1M 1010
33 1010
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