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Predictive Coding of Speech at Low Bit Rates

BISHNU S. ATAL, FELLOW, IEEE

Abstract—Predictive coding is a promising approach for speech
coding. In this paper, we review the recent work on adaptive
predictive coding of speech signals, with particular emphasis on
achieving high speech quality at low bit rates (less than 10 kbits/s).
Efficient prediction of the redundant structure in speech signals is
obviously important for proper functioning of a predictive coder. It is
equally important te ensure that the distortion in the coded speech
signal be perceptually small., The subjective loudness of quan-
tization noise depends both on the short-time spectrum of the noise
and its relation to the short-time spectrum of the speech signal. The
noise in the formant regions is partially masked by the speech signal
itself. This masking of quantization noise by speech signal allows one
to use low bit rates while maintaining high speech quality. This paper
will present generalizations of predictive coding for minimizing
subjective distortion in the reconstructed speech signal at the re-
ceiver, The quantizer in predictive coders quantizes its input on a
sample-by-sample basis. Such sample-by-sample (instantaneous)
quantization creates difficulty in realizing an arbitrary noise spec-
trum, particularly at low bit rates., We will describe a new class of
speech coders in this paper which could be considered to be a
generalization of the predictive coder. These new coders not only
allow one to realize the precise optimum noise spectrum which is
crucial to achieving very low bit rates, but also represent the im-
portant first step in bridging the gap between waveform coders and
vocoders without suffering from their limitations.

I. INTRODUCTION

REDICTIVE coding is an efficient method of converting

signals into digital form [1], {2]. The basic idea behind
predictive coding is very simple and is illustrated in Fig. 1.
The coding efficiency is achieved by removing the redundant
structure from the signal before digitization. The predictor P
forms the estimate for the current sample of the input signal
based on the past reconstructed values of the signal at the re-
ceiver, The difference between the current value of the input
signal and its predicted value is quantized and sent to the
receiver, The receiver constructs the next sample of the signal
by adding the received signal to the predicted estimate of the
present sample.

The properties of speech signals vary from one sound to
another. It is therefore necessary for efficient coding that both
the predictor and the quantizer in Fig. 1 be adaptive [3]-[5].
The digital channel in an adaptive predictive coding system
carries information both about the quantized prediction resid-
ual and the time.varying parameters of the adaptive predictor
and the quantizer (often referred to as side information),
The transmission of the prediction residual usually requires a
significantly larger number of bits per second in comparison to
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Fig. 1. Block diagram of a predictive coder,

the side information. For example, the bit rate for the predic-
tion residual is 8 kbits/s for speech sampled at 8000 samples/s
and the prediction residual quantized at 1 bit/sample. The side
information typically requires 3-5 kbits/s,

It can be shown that the quantization noise appearing in
the output speech signal is identical to the quantizer error (the
difference between the output and the input of the quantizer)
[4]. The spectrum of the quantizer error for a multilevel
quantizer with finely spaced levels is approximately. flat. Thus,
the spectrum of the quantization noise appearing in the repro-
duced speech signal in the coder shown in Fig. 1 is also flat,
Recent work on coding of speech signals has demonstrated
that “white” quantization noise is not the optimal choice for
realizing minimum perceptual distortion in the reproduced
speech signal [6]-[9]. We discuss in this paper generalizations
of the coder shown in Fig, 1 for producing quantization noise
of any desired spectral shape.

The assumption that the spectrum of the quantizer error is
flat is only true for a multilevel quantizer with small step size,
A coarse quantizer with two or three levels is often used for
speech coding at low bit rates. The quantizer error for such
coarse quantization is not white. Delayed predictive coding
(tree coding) methods are then necessary for realizing proper
noise spectrum in the reproduced speech signal [10].

Efficient quantization of the prediction residual is essential
in achieving the lowest possible bit rate for a given speech
quality, At bit rates lower than about 10 kbits/s it is often
necessary to quantize the prediction error with only ‘1 bit/
sample (two levels), Such a coarse quantization is the major
source of audible distortion in the reconstructed speech signal.
Accurate quantization of high-amplitude portions of the pre-
diction residual is necessary for achieving low perceptual dis-
tortion in the reproduced speech signal. Improved quantiza-
tion procedures are therefore necessary for high-quality speech
coding at low bit rates. We discuss in this paper methods which
allow accurate quantization of the prediction residual when its
amplitude is large but also allow encoding of the prediction
residual at fractional bit rates (lower than 1 bit/sample).
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ATAL: PREDICTIVE CODING OF SPEECH AT LOW BIT RATES

I1. ADAPTIVE PREDICTIVE CODING SYSTEMS
WITHOUT NOISE SHAPING

Adaptive predictive coding (APC) systems for speech signals
have been discussed extensively in the literature [3]-[5], [9],
[10]. We will review their important features briefly,

Selection of Predictor

For speech signals, the predictor P includes two separate
predictors: a first predictor Py, based on the short-time spectral
envelope of the speech signal, and a second predictor Py, based
on the short-time spectral fine structure, The short-time
spectral envelope of speech is determined by the frequency
response of the vocal tract and for voiced speech also by the
spectrun of the glottal pulse. The spectral fine structure
arising from the quasi-periodic nature of voiced speech is de-
termined mainly by the pitch period and the degree of voiced
periodicity. The fine structure of unvoiced speech is random
and therefore cannot be used for prediction.

Prediction Based on Spectral Envelope

Prediction based on the spectral envelope involves relatively
short delays. The number of predictor coefficients is typically
16 for speech sampled at 8 kHz. A lower value may some-
times be adequate but the larger value is necessary to provide
robust results across a variety of speakers and speaking en-
vironments. In z-transform notations, the predictor is repre-
sented as

p .
P2)= D, agz " 1)
=1

where the coefficients a; are called predictor coefficients. In
our studies so far, we have used a modified form of the covari-
ance LPC method (together with the correction for missing
high frequencies in the signal) to determine the predictor
coefficients [5] . The first two steps in this modified procedure
are identical to the usual covariance method [11]. Let s, be
the nth speech sample in a block of speech data consisting of
N + p samples. In the covariance method, a matrix ® and a
vector ¢ are computed from the speech samples. The element
in the ith row and the jth column of the matrix ® and the ith
element of the vector ¢ are given by

N+p
¢1]'= 2 sn-—isn—i’ i=1,2»'"»p; j=132)"'yp
n=p+1
and
N+p
ci= 2 SwSa_py  i=1,2,,p @)
n=p+1

respectively. The covariance matrix @ is first expressed as the
product of a lower triangular matrix L and its transpose L by
Cholesky decomposition. Next, a set of linear equations Lq =
¢ is solved. It can then be shown that the partial correlation at
delay m is given by

'm _—_qm/em—lll2
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Fig. 2. Predictor coetficients from LPC analysis of speech before mgh-
frequency correction (broken lines) and after high-frequency correc-
tion (solid lines).

where g, is the mth component of ¢, and ¢, is the mean-
squared prediction error at the mth step of prediction. The
prediction error is given by

m-—1

€m =Co— 2, 4 )

i=1

where ¢ is the energy of the speech signal, The partial correla-
tions are transformed to predictor coefficients using the well-
known relation between the partial correlations and the
predictor coefficients for all-pole filters [12, p. 110}, The
modified procedure ensures that all the zeros of the poly-
nomial 1 — Py(z) are inside the unit circle.

The high-frequency correction is necessary due to the
gradual rolloff in the amplitude-versus-frequency response of
the low-pass filter used in analog-to-digital conversion of the
speech signal. The missing high-frequency components in the
sampled speech signal near half the sampling frequency produce
artificially low eigenvalues of the covariance matrix ® corre-
sponding to eigenvectors related to such components. These
small -eigenvalues produce in turn artificially high values of the
predictor coefficients after matrix inversion, An example of
the predictor coefficients obtained without any high-frequency
correction is shown in Fig. 2 (broken line). The covariance
matrix of the low-pass filtered speech is almost singular, there-
by resulting in a practically nonunique solution of the predic-
tor coefficients. Thus, a variety of different predictor coeffi-
cients can approximate the speech spectrum equally well in
the passband of the low-pass filter. These large predictor co-
efficients, if used directly for prediction in the coder of Fig. 1,
create difficulties. Note that the predictor P, although derived
from the original speech signal, is used to predict on the basis
of coded speech samples which contain an appreciable amount
of quantizing noise near half the sampling frequency. The
quantizing noise components in the difference signal g, then
can become so large so as to swamp the prediction residual of
the speech signal, These problems can be avoided by artificially
filling in the missing high frequencies in the digitized speech
signal. A procedure for providing this high-frequency correc-
tion is described in [5]. The predictor coefficients obtained
after high-frequency correction are shown by a solid line in
Fig. 2. The power gain (sum of the squares of the predictor
coefficients) for successive time frames in a speech utterance
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Fig. 3. Sum of the squares of the predictor coefficients (power gain)
for consecutive time frames in a speech utterance before high-
frequency correction (broken ling) and after high-frequency correc-
tion (solid line), The speech utterance, “An icy wind raked the beach,”
was spoken by a male speaker.

before (broken line) and after (solid line) high-frequency cor-
rection is shown in Fig. 3. Although the predictor coefficients
with and without high-frequency correction are very different,
the prediction errors for the two cases are almost identical.
Fig. 4 shows the prediction gain (expressed in decibels) before
and after high-frequency correction for the same utterance as
was used in Fig, 3. The prediction gain was determined from
the LPC spectrum over a frequency range from 0 to 3000 Hz.
Speech spectra computed from the two sets (see Fig, 2) of
predictor coefficients are shown in Fig. 5. The two spectra are
very similar and differ appreciably only in the region near 4
kHz (half the sampling frequency).

Prediction Based on Spectral Fine Structure

Adjacent pitch periods in voiced speech show considerable
similarity. The quasi-periodic nature of the signal is present—
although to a lesser extent—in the difference signal obtained
after prediction based on spectral envelope. The periodicity
of the difference signal can be removed by further prediction,
Let the nth sample of the difference signal after the spectral
prediction be given by

2
dn=sn_zaksn—k 5)
k=1

where s, is the nth sample of the speech signal, and ay is the
kth predictor coefficient as defined in (1). The predictor for
the difference signal can be represented in the z-transform
notations by

Py(@) =Pz~ M g,z M 4 g3~ 1, (6)

The delay M of the predictor Py(z) is defined as the delay for
which the nommalized correlation coefficient between d,, and
d,, _ pr is highest. The value of M is the equivalent in number of
samples of a relatively long delay in the range 2-20 ms. In
most cases, that is, when the signal is periodic, this delay
would correspond to a pitch period (or possibly, an integral
number of pitch periods). The delay M would be random for
nonperiodic signals. The coefficients 8y, §,, and 83 are deter-
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Fig. 4. Prediction gain for consecutive time frames in a speech utter-
ance before high-frequency correction (broken line) and after high-
frequency correction (solid line). The speech utterance was the same
one used in Fig. 3.
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Fig. 5. Spectral .envelopes of speech based on LPC analysis before
high-frequency correction (solid curve) and after high-frequency
correction (dotted curve),

mined by minimizing the mean-squared difference between d,,
and its predicted value based on the decoded samples. The
minimization procedure leads to a set of simultaneous linear
equations in the three unknowns fy, 85, and 3.

The high-frequency components of the difference signal
frequently show less periodicity as compared to the low-
frequency components. The three amplitude coefficients 8,
B2, and B3 provide a frequency-dependent gain factor in the
pitch prediction loop. Moreover, due to a fixed sampling fre-
quency unrelated to pitch period, individual samples of the
difference signal do not show a high period-to-period correla-
tion. The third-order pitch predictor provides an interpolated
value with much higher correlation than the individual samples.

Combining the Two Types of Adaptive Prediction

The two types of prediction can be combined serially in
either order to produce a combined predictor. The order in
which the two predictors are combined is important for
time-varying predictors. In the earlier work on adaptive pre-
dictive coders for speech signals [4], the first predictor was
based on the spectral fine structure (pitch). The prediction
residual after pitch prediction was used to determine the
coefficients of a short-delay predictor with six coefficients.
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ATAL: PREDICTIVE CODING OF SPEECH AT LOW BIT RATES

Recent studies on’ APC suggest that it is preferable to use the
short-delay predictor (based on spectrum envelope of the
speech signal) first [S]. The combined predictor is expressed
in the z-transform notation as (short-delay predictor first)

P(z) =Pyfz) + Pa(@)[1 —Py(2)] )
where Py(z) and P4(z) are the two predictors based on spectral
envelope and fine structure, respectively. The combined pre-
dictor for the case whén the pitch predictor is used first is
expressed as

P@)=Py(z) +Py(2)[1 —Pa(2)]. &

The rélative ordering of the two kinds of prediction (i.é.,
whether the short-delay predictor is used first or the long-
delay predictor is used first) produces coders with very dif-
ferent properties. There are two reasons for this difference.
First, the two predictors are very different depending on the
order in which the prediction is done. Second, the predictors
being time varying, the order of the two predictors cannot be
changed without influencing the prediction characteristics of
the combined predictor.

Examples of the difference signals after each stage of
prediction together with the original speech signal are illu-
strated in Fig. 6. The difference signal after the first predic-
tion based on the spectral envelope is amplified by 10 dB in
the display and that after the pitch prediction is amplified by
an additional 10 dB. The prediction residual after two stages
of prediction is quite noise-like in nature. Its spectrum—
including both envelope and fine structure—is approximately
white during steady speech segments, This, however, is not the
case during fast transitional segments, The fiist-order proba-
bility density function of the prediction residual samples
(after both spectral and pitch prediction) is nearly Gaussian.
Fig. 7 shows a typical example obtdined from a speech utter-
ance approximately 2 s in duration.

Signal-to-Noise Ratio Improvement

The adaptive predictive coder of Fig. 1 provides an im-
provement in the signal-to-noisé ratio (SNR) over a PCM coder
using thé same quantizer. The improvement is realized because
the power of the quantizer input signal g, is much smaller
than that of the input speech signal. The maximum possible
gain in the SNR is generally assumed to be equal to the predic-
tion gain defiried as the ratio of the power in the speech signal
to the power in the prediction residual signal obtained by
predicting an input speech sample from previous input speech
samples, This is strictly true only if the quantization noise
power at évery frequency is less than the signal power at that
frequency. The predictor P in Fig. | is used to predict the cur-
rent value of the input speech signal based on the previous
reconstructed speech samples. Each. reconstructed speech
sample is the sum of the input speech sample and the noise
added by the quantizer, The quantizing noise contributes
additional power at the input to the quantizer, thereby de-
creasing the gain in the SNR. The rate distortion theory allows
one to calculite the theoretical maximum possible improve-
ment in SNR for Gaussian signals [13]. Fig. 8 compares the
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Fig. 6. . (A) Speech waveform. (B) Difference signal after prediction
base.ci on spectral envelope (amplified 10 dB rélative to the speech
waveform). (C) Difference signal after prediction based on pitch
periodicity (amplified 20 dB relative to the speech waveform),
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Fig. 7. First-order cumulative amplitude distribution function for
the prediction residual samples (solid curve). The corresponding
Gaussian distribution function with the same mean and variarice
is shown by the dashed curve,
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highest possible improvement in SNR according to rate distor-
tion theory with the prediction gain, The spectra for different
time frames were obtained by LPC analysis of a sentence-
length speech utterance. The quantizer was assumed to have an
SNR of 10 dB. As can be seen, the maximum possible improve-
ment in SNR is considerably smaller than the prediction gain,

Encoding of Predictor Parameters

The digital channel in an adaptive predictive coding system
must carry information about the parameters of the time-
varying filter at the receiver. Efficient coding of the param-
eters is necessary to keep the total bit rate to a minimum.

The block diagram of the receiver of the APC system is
shown in Fig. 9. It consists of two linear filters each with a
predictor in its feedback loop. The first feedback loop includes
the lorig-delay (pitch) predictor Pg(z) which restores the pitch
periodicity of voiced speech: The second feedback loop which
includes the short-delay predictor Ps(z) restorés the dpectral
envelope.

Direct quantization of the predictor coefficients a; is not
recommended [14]-[16]. It is preferable to quantize and
encode the partial correlation coefficients; either a quantizer
with nonuniformly spaced levels must be used or the partial
correlations must be suitably transformed to make their
probability density functions more uniform. Two kinds of
transformations, inverse sine and inverse hyperbolic tangent,
have been used for this purpose. The precision with which
each partial correlation must be encoded varies from one
¢oefficient to another. In general, the higher order coefficients
need less precision than the lower order coefficients.

We have found the uniform quantization of the inverse sine
of the partial correlations to be a reasonable solution to the
quantization problem. The rénge of variation of the partial
correldtions was found by computing the probability density
function for each coefficient; the minimum and maximum
values were selected to include 99.6 percent of the entire range
of their variations. The number of quantization levels for the
different coefficients at any desired bit rate was determined by
using an iterative procedure in which the distribution of bits
was varied to minimize the spectral error (mean-squared error
in_the logarithmic spectrum). Starting from a uniform distribu-
tion of bits for the different coefficients, two partial correla:
tion coefficients were identified, one which was most effective
in reducing the spectral error by increasing the number of bits
and another which was least effective. The bit assignment was
increased for the most effective coefficient and was decreased
by the same amount for the least effective coefficient, thus
keeping the total number of bits to be constarit. Any coeffi-
cient, which had only one bit assigned to it, was not con-
sidered for further reduction in its allocation of bits. Table I
shows the distribution of bits for the first 20 coefficients,
using a total of 50 bits. The range of each pdrtial correlation
(after inverse sine conversion) is also shown in the table. These
results are based on a total of approximately 60 s of speech
spoken by both male and female speakers. The speech was
low-pass filtered to 3.6 kHz and sampled at 8 kHz. The high
frequencies in the sampled speech signal were preemphasized
using a filter with the transfer function 1 — 0.4z~ !. Qurexperi-
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Fig.9. Block diagram of the receiver of the APC system.

TABLE l
BIT ALLOCATION AND RANGE OF VARIATION OF XNVERSE
SINE OF PARTIAL CORRELATIONS

Cocfficient Minimum  Maximum  Bits

i —1.380 0.540 5
2 ~0.300 1.230 5
3 —1.110 0.390 4
4 —0.300 1110 4
5 —0.900 0.450 3
6 ~0.300° 0.900 3
7 —0.750 0.570 3
8 ~0.450 0.600 3
9 ~0.540 0.450 -3
10 —0.450 0.360 3
1 —0.390 0.390 2
12 ~0.330 0,330 2
13 —0.240 0.270 2
14 ~0.270 0.300 2
15 —0.210 0.300 1
16 —0.240 0330 i
1] —0.180 0.300 1
18 —0.210 0.300 1
19 ~0.180 0.270 1
20 0180 0270 i

ence with high-frequency preemphasis has been that it is pre-
ferable to use only a mild degree of emphasis. This is in con-
trast to the common practice of using a filter 1 — z~! for
emphasizing high frequencies. Such a strong emphasis of high
frequencies creates difficulties at the receiver. Although the
spectral balance of the speech signal can be restored by using
a propet inverse filter, the low -frequency components of the
quantizer noise are greatly magnified by the inverse filter. The
mild emphasis limits this increase of low frequencies at the
receivet to relativély small amplitudes.

Informal listening test show that the bit assignment shown
in Table’ I does not produce any significant additional distor-
tion in, the reproduced spéech signal as a result of quantization
of partial correlations. The distoition is still small although
audible when a total of 40 bits are used for éncoding 20 partial
correlations. Furthermore, it is generally sufficient to reset
the coefficients of the short-delay -predictor both at the
transmitter and the receiver once every 10 ms. The distortion
i§ not incréased significantly even when the coefficients are
reset once every’20 ms, The total bit rate for the coefficients
depends both on the number of coefficients and the time
intervals at which a new set of coefficients are detérmined. For
example, a bit rate of 4600 bits/s is realized by using 16
coefficients reset to their new values every 10 ms, The bit rate
is reduced to 2300 bits/s if the time interval for resetting the
coefficients is changed to 20 ms.

The delay parameter M of the long- delay (pitch) predictor
P, needs approximately 7 bits of quantization accuracy. It is
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ATAL: PREDICTIVE CODING OF SPEECH AT LOW BIT RATES

TABLE II
BIT ALLOCATION AND RANGES FOR THE PITCH PREDICTOR
PARAMETERS
Parameter Minimum _ Maximum___Bits
M 20 147 7
b, —~1.2 1.2 5
bs -10 1.0 4
by —10 1.0 4

desirable to transform the three amplitude coefficients §;, 3,

and §3 of the pitch predictor prior to quantization as shown .
i ~ Fig. 10. Block diagram of a generalized predictive coder using pre-

below,
by =log (B + 62 +B3)
by =8, —Bs
and
by =p) +63. 9)

The bit assignment and the ranges of the transformed param-
eters by, by, and b3 are shown on Table II. The pitch predictor
must be reset once every 10 ms to be effective resulting in a
bit rate of 2000 bits/s for the pitch predictor parameters.

The total bit rate for the parameters of the two predictors
is 4300 bits/s if the coefficients of the short-delay predictor
are reset every 20 ms and 6600 bits/s if they are reset every 10
ms. The rms value of the prediction residual needs about 6 bits
of quantization and must be reset once every 10 ms. The side
information thus needs somewhere between 4900 and 7200
bits/s.

INI. GENERALIZED PREDICTIVE CODER
WITH NOISE SHAPING

Traditionally, waveform coders have attempted to minimize
the rms difference between the original and coded speech
waveforms, However, it is now well recognized that the subjec-
tive perception of the signal distortion is not based on the
rms difference (error) alone, In designing a coder for speech
signals, it is necessary to consider both the short-time spec-
trum of the quantizing noise and its relation to the short-time
spectrum of the speech signal. Due to auditory masking, the
noise in the formant regions (frequency regions where speech
energy is concentrated) is masked to a large degree by the
speech signal itself. Thus, the frequency components in the
noise around the formant regions can be allowed to have higher
energy relative to the components in the interformant re-
gions. Similar tradeoffs can be realized between low and high
frequency regions.

A simple method of providing flexibility in controlling the
spectrum of the quantizing noise is to use a conventional APC
system with a prefilter and a postfilter [17]. Such a system
(called D¥PCM by Noll [17]) is shown in Fig. 10, The speech
signal s, is prefiltered by a time-varying filter 1 — R to gener-
ate a new signal y,,. The predictor P4 is optimized for predic-
ting the signal y,. It includes two predictors: a predictor P,
based on the spectral envelope of the signal y, and another
predictor P, based on the spectral fine structure. The com-
bined predictor is given by

Py(2)=Py(2) + Pa(2)[1 —Py(2)]. (10)
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and postfiltering to achieve desired spectrum of the quantizing noise.
The desired noise spectrum is realized by proper selection of the
filter 1 — R,

The noise-shaping properties of this configuration are de-
scribéd more conveniently in the frequency domain, Let S(w)
and' §(w) represent the Fourier transforms of the input and
the output speech signals, respectively. Similarly, let Q(w)
and Q(w) represent the Fourier transforms of the quantlzer
input and output signals, respectively . One can then write!

$(w) — S(w) = [1 —R(w)] 7} [0(w) — Qw)] an

where 1 — R(w) is the Fourier transform of the prefilter’s
impulse response. Under the assumption that the quantizer
noise is white (true only for quantizers which have a fairly
large number of levels covering the entire range of signal at
the quantizer input), the spectrum of quantizing noise in the
reconstructed speech signal is given by

Nw)=04* {1 —R(w)]I"? (12)

where aq is the variance of the quantizer noise appearing at
the output of the quantizer. With fine quantization, any de-
sired spectrum of the noise can be achieved by appropriate
selection of the filter R. ‘

A different but functionally equivalent configuration for
the noise-shaping coder has been suggested by Kimme and Kuo
[18]. Fig. 11 illustrates how the shaping of the quantization
noise spectrum is achieved. The quantization noise (difference
between the output and the input of the quantizer) is filtered
by a linear filter with frequency response Fg(w) and is sub-
tracted from a prediction residual signal. The resulting differ-
ence signal then forms the input to the quantizer. The Fourier
transform of the quantizer noise appearing in the reconstructed
speech signal can be expressed as

$(w)—S(w) = [1 = P(w)] ™ [1=F ()] O(w)— Q)]
(13)

where the upper case letters again represent various variables
in the Fourier transform domain. The spectrum of the quantiz-

1 Equation (10) is strictly true only when both the predictors and
the noise-shaping filters are time-invariant. For speech signals, one is
tempted to replace the infinite-time transforms by short-time trans-
forms. This procedure is approximately valid, provided the impulse
response of each filter lasts only over time intervals during which the
filter response does not change appreciably. This Is true usually for the
prediction or filtering based on the short-time spectral envelope, but
not for the pitch predictor. The impulse response of the pitch predictor
typically lasts over several pitch periods for voiced sounds.

ﬁ/ i
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Fig. 11. Block diagram of another generalization of a predictive coder
with adjustable noise spectrum. The desiréd spectrum is achieved
by adjusting the noise-feedback fiiter Fg,

ing noise in the reconstructed speech signal is given by

N ()= 02i[l —Fp(w)][1 —Pp(w)]™ 17 (14)

The two coders shown in Figs. 10 and 11 are equivalent if
F B' ((0) =pP A (O.J)
and

1 =Pg(w) =[1—Py(w)] [1 ~R(w)]. (15)
It must be recognized that the predictor Pp in Fig. 11 is the
predictor for the speech signal. The predictor P4 in Fig. 10, on
the other hand, is the predictor for the preﬁltered speech
signal.

Yet another different but functionally equivalent configura-
tion for a noise-shaping coder has been proposed by Makhoul
[9]. This particular configuration uses a somewhat different
form of noise feedback and is ﬂlustrated in Fig. 12. With'fine
quantization, the spectrum of the quantlzmg noise in the re-
.constructed speech signal is given by Y '

Nw)=0g?|[1 —Fe(w)] I, (16)
This generalization of the predictive coder is also equivalent to
the coder of Fig. 10 if

1 —Pc(w)=[1—Py(w)] [1 —~R(w)]
and

1—Fe(w)=[1—RW)]*. an

The different noise-shaping generalizations of predictive
coders shown -in Figs. 10-12 are functionally equivalent and
differ merely in the manner in which the predictors and the
noise-shaping filters are configured. In practice, they provxde
nearly identical performance. The selection of a particular
conﬁguratlon depends primarily on the desired shape of the
noise spectrum. For example, the noise-shaping conﬁguratlon
of 'Fig. 10 is clearly preferable if the noise spectrum includes
only poles or zeros, Similarly, the configuration shown in Flg
11 is preferable if the noise spectrum is a pole-zero spectrum
w1th the same set of poles as the speech spectrum has
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Fig. 12. Block diagram of yet another generalization of a predxctwe
coder for control]ing the spectrum of quantizing noise in output
speech.,

Perceptual Criteria for Selecting the Noise-Shaping Filtér

Since the various generalizations of APC to provide noise
shaping are equivalent, we will limit the discussion to the
coder shown in Pig. 10. The filter 1 — R in Fig, 10 provides
flexible control of the noise spectrum and can be chosen to
minimize an error measure in which the noise is weighted ac-
cording to some subjectively meanmgful criterion. For ex-
ample, an effective error measure can be defined by weighting
the noise power at each radian frequency w by a function
W(w). For a fixed quantizer, the spectrym of the output noise
is proportional to G(w) = | [1 —R(w)] |=%. Orie could choose
R to minimize

g
= / G(w)W(w) dw (18)
0
under the constraint [5]
m
/ log G(w) dw = 0. a9
0
The minimuim is achieved if
1 T
log G(w) = —log W(w) + — / log W(w) dw. (20)
™ Jo

The function [1 —R] ™} is the minimum-phase transfer func-
tion with spectrum G(w) and can be obtained by direct Fourier
transformation or spectral factorization. A particularly simple
solution to this problem is obtained by transforming G(w) to
an autocorrelation function by Fourer transformation. By
using a procedure similar to LPC analysis, the autocorrela-

tion function can be used to determine a set of predictor
coefficients, The predictor coefficients determined in this
manner are indeed the desired filter coefficients for the filter
R. The solution is considerably simplified if the noise-weight-
ing function W(w) is expressed in terms of a filter transfer
function whose poles and zeros lie inside the unit circle.

A better procedure for achieving optimal subjective per-
formance is to choose the filter R such that the subjective
loudness (or audibility) of quantizing noise in the presence of
the speech’ signal is minimized. The loudness of quantization
noise depends on the excitation patterns of both the speech
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ATAL: PREDICTIVE CODING OF SPEECH AT LOW BIT RATES

signal and the quantization noise along the basilar membrane
in the inner ear, Due to the nonstationary nature of the
speech signal, its short-time spectrum and, therefore, its excita
tion pattern along the basilar membrane vary continuously
with time, The detailed procedure for computing the time-
varying loudness of speech signals and noise is described in [7]
and [8]. An efficient procedure for designing the optimal
noise-shaping filter to minimize the subjective loudness of the
quantizing noise is described in [19].

Several arbitrary but illustrative choices for the filter
1 —R can be considered, The first obvious choice is to set R =
0. The spectrum of output noise is white with fine quantiza-
tion, producing a very high SNR in the formant regions, but
a poor one in between the formants where the magnitude of
the signal spectrum is low. A very high SNR at any frequency,
higher than what is necessary to produce zero loudness, is a
waste, Since the noise shaping can only redistribute ‘noise
power from one frequency to another as provided in (19); it
is better to increase the noise in the formant regions to a level
where it is barely perceptible and to use this increase to reduce
the noise in between formant regions. Thus, R = O isnota
good choice. At the other extreme, one can set the quantizing
noise spectrum to be proportional to the speech spectrum,
ie., R = P This would be a good choice if our ears were
equally sensitive to quantizing distortion at all frequencies.
However, this is not so, An intermediate choice is given by

p
—R(z) = —_— -k
1 @) [1 ’;akz :l/

p
|:1 -3 aka"z‘k]
k=1

where « is an additional parameter controlling the increase in
the noise power in the formant regions. The filter R changes
fromR = 0, for @ = 1,to R=P;,fora=0, At a sampling fre-
quency of 8 kHz, a is typically 0.73, An example of the enve-
lope of the output quantizing noise spectrum together with
the corresponding speech spectrum is shown in Fig. 13.

2y

IV. QUANTIZATION OF PREDICTION RESIDUAL
AT LOW BIT RATES

The digital channel in an APC system carries two separate
kinds of information: one about the quantized prediction
residual and the other about the time-varying predictors and
the step size of the quantizer. The transmission of the predic-
tion residual usually requires a significantly larger number of
bits per second in comparison to the side information,?
Efficient quantization of the prediction residual is thus es-
sential in achieving the lowest possible bit rate for a given
speech quality.

2 As discussed in Section II, the transmission of side information
requires approximately 4 kbits/s. The bit rate for the prediction residual
depends both on the sampling frequency and the number of levels used
for quantizing the prediction residual. As an example, this bit rate would
be 12.8 kbits/s for a three-level quantizer at a sampling frequency of 8
kHz.
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Fig. 13. Spectral envelopes of output quantizing noise (dotted curve)
shaped to reduce the perceived distortion and the corresponding
speech spectrum (solid curve).

The number of quantization levels must be an integer
number. The bit rate for the quantized prediction residual can
thus take only a certain discrete set of values, For example, -
at a sampling frequency of 8 kHz, the bit rate for the predic-
tion residual is 12.8 kbits/s for a three-leve! quantizer. The
next lower bit rate is 8 kbits/s. Since the minimum possible
number of levels is two, the bit rate cannot be lower than 8
kbits/s at a sampling frequency of 8 kHz. Moreover, such a
coarse quantization, with only two levels per sample, is usually
the major source of audible distortion in the reconstructed
speech signal. With only two levels, it is difficult to avoid both
peak clipping of the prediction residual and the granular
distortion due to a finite number of levels in the quantizer.
Peak clipping of the prediction residual produces a distortion
which is, in many respects, similar to the slope-overload dis-
tortion in delta modulators [20]. In addition, peak clipping
can produce occasional “pops” and “clicks” in the speech
signal. A large step size chosen to avoid peak clipping intro-
duces a significant amount of granular (random) noise similar
to the one encountered in PCM systems with coarse quantiza-
tion. An example of peak clipping in a two-level quantizer is
illustrated in Fig. 14. The figure shows (a) the prediction
residual, (b) the quantizer input, (c) the quantizer output,
(d) the reconstructed difference signal dy,, (¢) the original
difference signal d,, (f) the reconstructed preemphasized
speech signal §,, and (g) the original preemphasized speech
signal 5,,. The difference signals d,, and d,, are amplified by
6 dB relative to the preemphasized speech signal s, in the
illustratior. The prediction residual, the quantizer input, and
the quantizer output are further amplified by 6 dB. The peak
clipping of the prediction residual is evident near the beginning
of the pitch periods in both the reconstructed difference and
speech signals, We find, in general, that amplitude variations in
the quantizer input are often large and cannot be handled
propetly by a two-level quantizer.

Improved Quantization at Low Bit Rates

Recent studies [21] indicate that accurate quantization of
high-amplitude portions of the prediction residual is necessary
for achieving low perceptual distortion in the decoded speech
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Fig. 14, Waveforms of different signals in a predictive coder with two-
level quantizer: (a) the prediction residual, (b) the quantizer inpyt,
(c) the quantizer output, (d) the reconstructed difference signal d,
(e) the original dxffcrcnce signal d,,, (f) the reconstructed preem-
phasized speech signal §,,, and (g) the original preemphasized speech
signal s, The difference signals d,, and d,, are amplified by 6 dB
relative to the preemphasized speech signal, The prediction residual,
the quantizer input, and the quantizer output are amplified by 12
dB relative to the speech signal.

signal, Moreover, very little or no distortion is audible in
the presence of severe center clipping of the prediction resid-
ual. This implies that quantization of each sample of the pre-
diction residual with the same step size is not a good procedure.
It is better to use most of the available bits for encoding the
high-amplitude portions of the prediction residual, To keep the
bit rates within a specified value, the prediction residual can
be severely center clipped prior to quantization by a multilevel
quantizer. The center clipping produces a large mumber of
zeros at the output of the quantizer. The entropy of the
quantized signal is thus quite low, although the high-amplitude
portions of the prediction residual are quantized into many
levels. A block diagram illustrating this improved quantization
procedure is shown in Fig. 15,

Maximum Number of Quanﬁzef Levels

We will consider only forward-adaptive quantizers in which
the step size is reset to a new value at the beginning of each
frame and is held constant for the entire frame. This step size
is transmitted to the receiver as part of the side information. It
is of considerable importance to know the minimum number
of quantizer levels necessary to produce speech at the receiver
with no perceptual distortion. For this test, the speech signal
was sampled at 8 kHz, the predictor Py had 16 taps, the pre-
dictor Py had three taps, and the noise-shaping filter 1 — R
was chosen according to (21) with « = 0.73. Our results indi-
cate that 15 levels, distributed uniformly to cover the entire
range of prediction residual amplitudes (after both types of

CENTER- MULTI-LEVEL .
w GLIPPER 'HT QUANTIZER ' o iz
9y

z ..jg_ _;_ 7,|L ?swx.

STEP SIZE mc;ow STEP SIZE
¢
Fig. 15. Improved procedure for quantizing prediction residual using
a center-clipping quantizer,

prediction) in a frame, are sufficient. The quantizer step size is
chosen to be 2 X Vpeak/(nq 1) where Ve, is the peak
value (maximum absolute value) of the prediction residual
samples in a frame and n, is the number of quantizer levels.
A step size chosen on the assumption of the Gaussian distribu-
tion for the amplitude of the prediction residual produced
significant peak clipping in the quantization process. The peak
value of the quantizer input is usually greater than Vieuy,
and therefore it is difficult to avoid peak clipping completely.

Selection of Center-Clipping Threshold

We investigated several methods for adjusting the threshold
of center ‘clipping. These included methods in which the
threshold was set once for each frame as well as methods in
which the threshold was adjusted at each sampling instant, As
an example, we set the threshold in each frame to be propor-
tional to the rms value of the prediction residual v, in that
frame. The first-order entropy of quantized prediction residual,
averaged over sentence-length utterances, decreased with the
increase in the threshold of center clipping as shown in Fig.
16. The center-clipping threshold can thus be used fo obtain
any desired value of the entropy. The speech quality is still
fairly good for threshold values up to twice the rms value!
In this case, the number of nonzero samples in the quantized
prediction residual is only 10 percent of the total. However,
there is considerable variation in the number of nonzero sam-
ples, and therefore in the entropy, from one frame to another.

Another choice for adjusting the center-clipping threshold
would be to select a value which will produce a fixed number
of nonzero samples at the quantizer output in each frame.
However, it is not possible to select such a threshold value in
advance at the beginning of the frame. Our experience has
been that it is necessary to vary the center-clipping threshold
on a sample-by-sample basis in order to avoid large variation in
the number of nonzero samples. A somewhat arbitrary but still
reasonable procedure for adjusting the threshold is given below.

Let v be the desired fraction of the quantized samples
which are nonzero. A typical value of v is 0.10. Let 8, be an
initial estimate of the center-clipping threshold, The threshold
at the nth sampling instant is given by

8 = 00 [ (n/NTn |/ 15,111/ (22)

where | g, is the running average on a sample-by-sample basis

of the absolute value of the quantizer input signal q,, |V, | is

the corresponding running average for the signal v,, and u,, is
the running average for the actual fraction of the quantized
samples which are nonzero at the output of the quantizer.
The averages are computed by using an integrator with a time
constant of 5 ms.
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Fig. 16. First-order entropy of the quantizer output as a function of
the ratio of the threshold of center clipping to the rms value of the
prediction residual.
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Fig. 17. Distribution of quantizer output levels in the center-clipping
quantizer shown in Fig. 15 with the center-clipping threshold ad-
justed such that only 9 percent of the quantized samples have non-
zero values.

The center-clipped prediction residual is quantized by a 13-
level uniform quantizer with step size = Vpenx/7. The dis-
tribution of quantizer output levels shows that the eight
innermost levels, £1, *2, +3, and %4, remain zero with a very
high probability, No additional audible distortion in the
speech signal is produced by constraining the quantizer output
to have only seven levels, 0, £5, £6, and +7. The number of
nonzero samples varies somewhat from one frame to the next
but this variation is not excessive. A typical distribution of
quantizer output levels is shown in Fig. 17. The probabilities
are shown on a logarithmic scale in the figure. The first-order
entropy of this distribution is 0.64 bit/sample.

The waveform plots for this improved quantization proce-
dure are shown in Fig, 18, The speech segment is identical to
the one shown in Fig. 14, and therefore it is easy to compare
the two sets of plots, As before, the figure shows (a) the pre-
diction residual, (b) the quantizer input, (c) the quantizer out-
put, (d) the reconstructed difference signal, (e) the original
difference signal, (f) the reconstructed preemphasized speech
signal, and (g) the original preemphasized speech signal. The
broken curve in the waveform (a) is the threshold 8 selected
initially at the beginning of each frame. The broken curve in
the waveform (b) is the threshold 8, adjusted adaptively at
each sampling instant. It is obvious that the peak clipping of
the prediction residual is reduced significantly in comparison
to the two-level case shown in Fig, 14. The reduction in peak
clipping is achieved without any increase in the step size of the
quantizer (indeed, the step size is considerably reduced). Thus,
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Fig. 18, Waveforms of different signals in a predictive coder with a
multilevel quantizer with center clipping shown in Fig. 15, The labels
for the differsnt waveforms are identical to the ones shown in Fig,
14. The broken curve in the waveform (a) is the threshold &8¢
selected initially at the beginning of each frame. The broken curve
in the waveform (b) is the threshold ¢, adjusted adaptively at each
sampling instant.

as well as less granular distortion in comparison to the two-
level case., As a consequence, there is considerable improve-
ment in the subjective quality of the reconstructed speech. In-
formal listening tests with several sentences spoken by both
male and female speakers indicate that the reconstructed
speech signal has very little or no perceptible distortion, Only
in close headphone listening can one detect minute distortion
at the beginning of some voiced speech segments. The bit rate
for the prediction residual using the center-clipping quantiza-
tion is only 5.6 kbits/s (0.70 bit/sample X 8000 samples/s).
The total bit rate including the side information is approxi-
mately 10 kbits/s. ‘

The center-clipping procedure is very effective in repro-
ducing accurately both the waveform and the spectrum of the
speech signal at the receiver, Typical examples of the spectra
of the original (solid curve) and the reconstructed (dashed
curve) speech signals are shown in Fig. 19. The spectra were

-computed from speech segments 40 ms in duration after ap-

plying the Hamming window and the successive speech seg-
ments were spaced 20 ms apart. The average SNR was found
to be approximately 12 dB. The segmental signal-to-nois¢ ratio
for a sentence-length utterance, “Anicy wind raked the beach,”
spoken by a male speaker is shown in Fig. 20 (solid curve).
The speech power expressed in dB is also shown in the figure
by a dashed curve. The SNR is higher for voiced speech as
compared to unvoiced speech, and during voiced portions the
SNR is higher for steady segments as compared to transitional

the new quantization procedure produces less peak clipping segments,
/ ) i
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Fig. 19. Examples of spectra of the original speech (solid curve) and
the reconstructed speech (dashed curve) waveforms, The spectra
were obtained from 40 ms long speech segments using a Hamming
window. Successive spectral frames correspond to speech segments
20.ms apart.
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Fig. 20. Segmental‘signal-to-noise ratio ' (SNR) for successive time
frames for the utterance, “An icy wind raked the beach,” spoken
by a male speaker. The solid curve is the speech power expressed
in dB,

Further experiments with even higher levels of center clip-
ping show that speech quality degrades slowly with increasing
number of zeros in the quantizer output. The distortion is
small even when the probability of zeros in the quantizer out-
put is increased to 0.95, corresponding to a first-order entropy
of 0.45 bit/sample. However, the distortion is quite noticeable
when the probability of zeros is increased to 0.98 (first-order
entropy = 0.20 bit/sample). The average signal-to-noise ratio
in this case is approximately 8 dB. Thus, a reduction in the bit
rate of 0.4 bit/sample produces a decrease of 4 dB in the SNR.

Encoding of the Quantized Prediction Residual

The quantized prediction residual needs suitable encoding
for efficient transmission over a digital channel, Due to the
large number of zeros in the prediction residual (produced by
center clipping with a large threshold) it would be highly
inefficient to assign the same number of bits to every sample

Exhibit \

of the prediction residual. Since the entropy of the prediction
residual is less than 1 bit/sample, it is necessary to group a
number of samples together in a block of appropriate length

and use the resulting block of samples as an input symbol for

the coder rather than the individual samples. A variable-length
code, which assigns shorter codewords for inputs with a higher
probability of occurrence and longer codewords for inputs
with lower probability of occurrence, can then be used to
achieve high coding efficiency. There are two special problems
with variabledength codes. First, the digital channels often
transmit data at uniform bit rates. One must then provide a
buffer between the variable-length codes and the uniform bit
rate channel. The center-clipping quantizer makes it partic-
ularly easier to manage buffer overflow problems; the thresh-
old of center clipping can be increased or decreased dynami-
cally to control the number of bits going into the buffer and,
thus, to prevent overflows. Second, the digital channels often
introduce errors in transmitted bits. A variablelength code
must be designed to provide a loss of codeword synchroniza-
tion in the presence of channel errors. One possibility is to use
variable-Jength-to-block codes [22]. These codes use code-
words of fixed lengths to represent a variable number of input
samples and, thus, have no synchronization problems in the
presence of channel errors. The performance of such codes can
be made arbitrarily close to the rate-distortion optimum by
using a large enough set of codewords.

The variablelength-to-block codes are a generalization of
runlength codes and are easy to construct. For example, one
could use a code of fixed length to represent a sequence of
samples all of zero amplitude terminated by a sample with
nonzero amplitude. If the prediction residual is quantized into
seven levels 0, +5, +6, and %7, and if the maximum number of
zeros in any sequence is limited to 21, then there are at most
127 (6 X 21 + 1) possible sequences, all of which can be
represented by a fixed-length 7 bit code, With the probability of
zeros in the quantized residual of 0.10, the above code would
produce a bit rate of 5.6 kbits/s at a sampling frequency of
8 kHz. For comparison, the first-order entropy of the distribu-
tion shown in Fig. 17 is 0.64 bit/sample.

In variable-length-to-block coding, the source sequences of
variable length are assigned codewords of constant length.
Thus, codeword boundaries can be uniquely decoded even in
the presence of channel errors. However, it is still possible for
a channel error to cause a codeword to be decoded into a
sequence with a different number of samples than what it
actually contained. This problem can be resolved by block-to-
block coding in which a fixed number of prediction residual
samples is coded into sequences containing a fixed number of
bits. In one implementation it was found ‘that 240 prediction
residual samples (corresponding to a time interval of 30 ms
at the sampling frequency of 8 kHz) can be coded into 192
bits (0.80 bit/sample) without introducing any additional
distortion in the reproduced speech signal [23].

V.CONTROL OF ERROR SPECTRUM
AT LOW BIT RATES

With fine quantization (large number of closely spaced
quantization levels), the generalized predictive coder of Fig. 10
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ATAL: PREDICTIVE CODING OF SPEECH AT LOW BIT RATES

(or any one of its functional equivalents shown in Figs. 11 and
12) is capable of producing any desired shape of the quantiz-
ing noise spectrum by proper selection of the filter R. For
coarse quantization or with severe center clipping (as described
in Section IV) the spectrum of the quantizer error signal is not
necessarily white and becomes an important factor in-deter-
mining the spectrum of the quantization noise at the output of
the coder, Fig. 21 shows a typical example (dashed curve) of
the spectrum of the quantizing noise appearing in the recon-
structed speech signal in- the coder described in Section IV,
The coder uses a center<lipping quantizer to reduce the bit
rate of the prediction residual to an average value of 0.70
bit/sample, For comparison, the spectrum of the input speech
signal is also shown (solid curve) in the figure. The noise
shaping is done using the prefilter given by (21). As expected,
the peaks in the spectral envelope of the quantizing noise
occur in the formant regions. However, the fine structure of
the quantizing noise spectrum shows considerable pitch
periodicity® which is not specified in (21). Thus, with coarse
quantization a predictive coding system does not provide the
required flexibility in adjusting the spectrum of the quantiza-
tion noise to the desired shape, This is a major shortcoming of
a predictive coder with instantancous quantization. We con-
sider noise shaping to be of crucial importance for realizing
very low bit rates. We will discuss in this section a class of
coders which represent a further generalization of predictive
coders, These coders not only allow one to realize the precise
optimum noise spectrum, but also represent the important
first step in bridging the gap between waveform coders and
vocoders without suffering from their limitations.

Ideally in speech coding, one is interested in finding a
sequence of binary digits which after decoding produce a
synthetic speech signal which is close to a given speech signal
according to a particular fidelity criterion, Speech signals are
produced as a result of acoustical excitation of the vocal tract.
The filtering action of the vocal tract can then be reproduced
at the receiver by a linear filter, Furthermore, the periodic
nature of the vocal excitation can also be produced by a linear
filter. Thus, a suitable decoder for speech is a time-varying
linear filter whose parameters are determined by appropriate
analysis of the speech signal in a manner similar to one de-
scribed earlier in selecting a predictor for speech signals. The
speech coding problem is then reduced to finding an input se-
quence at a given bit rate which after decoding produces
minimum error according to the particular fidelity criterion.
The above ideas are illustrated in the block diagram of Fig.
22. The input sequence v, is filtered by a known time-varying
filter H to produce a synthetic speech sequence §,. The
synthetic sequence §, is compared with the original speech
sequence s, and the resulting difference signal is modified
by the weighting network W to produce a perceptually weighted

3 1t could be argued that the presence of pitch periodicity in the
quantization noise may be desirable for reducing the subjectwe distor-
tion. We do not know, but that is not the problem, It is clear that the
actual spectrum of noise is considerably different from the desired spec-
trum. Such uncontrolled differences between the actual and the desired
noise spectra in a coder make it difficult to optimize the subjective
performance of the coder.
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Fig. 21. Example of the spectrum of the quantizing noise (dashed
curve), The spectrum for the corresponding speech signal is illus-
trated by the solid curve, The spectra were obtained from 40 ms
long speech segments using a Hamming window.
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Fig. 22. Block diagram of a speech coder suitable for obtaining a pre-
cise noise spectrum even at low bit rates,

error signal. The object of the encoder is to generate the
optimum input sequence at a given bit rate to minimize the
energy in the weighted error signal (averaged over time inter-
vals approximately 10-20 ms in duration). The weighting net-
work W represents our knowledge of how human perception
treats the dlfferences between the original and the synthetic
speech signals.* The weighting network can be designed so
that the loudness of noise in the synthetic speech signal is
minimized. It is easy to see that W plays the same role as the
prefilter 1 — R did in the predictive coder [10].Indeed, W =
1 — R. The procedure for determining the optimum W is then
identical to the method described earlier in Section III for
determining the filter 1 —R.

There are several ways in which one could impose the con-
straint that the input sequence v, has a specified bit rate. One
possibility is to use tree codes [24]. These codes have been
shown to perform arbitrarily close to the rate-distortion bound
for memoryless sources, Although there has been considerable
interest recently in tree coding of speech sighals, much of this
work has not focused on the noise shaping problem [25]-
[27]. Recent work of Wilson and Husain has addressed this
problem, but restricted to a fixed frequency-welghted error
criterion [28]. It is essential for achieving optimum perform-
ance at low bit rates that both the source filter H and the
error-weighting filter W be adaptive. The vocal tract cannot be
represented by a fixed linear filter in any useful manner. Sim-
ilarly, the perception of error in the synthetic speech signal
cannot be represented by a fixed error spectrum.

4 The differences need not be represented as the differences only in
the two waveforms. One could instead compare the amplitude and phase
spectra of the two speech signals and combine them in a single measure
of error. Our knowledge of the exact roles of amplitude and phase
spectra in speech perception is still incomplete. A quantitative model
for computing the error measure in terms of differences in amplitude
and phase spectra is thus not available,

—
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Tree Encoding with a Specified Error Spectrum

Fig. 23 shows a block diagram of a tree coder for speech
signals using adaptive source and error-weighting filters. The
source filter is identical to the receiver of an adaptive predic-
tive coder. It includes two feedback loops: the first loop with
the pitch predictor Py(z) and a second loop with the spectral
envelope predictor Py(z). The two predictors are determined
using the procedure described in Section II. The excitation
(innovation sequence) v, for the source filter is assumed to be
a sequence of independent Gaussian random numbers (zero
mean and unit variance). The samples of the excitation signal
are scaled by a factor o and filtered by the source filter. The
output of the source filter is compared with the original
speech signal to form a difference signal which is then filtered
by the error-weighting filter 1 —R. The optimum sequence v,
is selected so as to minimize the mean-squared weighted error.
The averaging interval used in computing the mean-squared
weighted error is primarily determined -from perceptual
considerations. This interval is typically in the range of 5-15
ms,

Since v, is a unit variance sequence, the scale factor g is
necessary to produce an optimum match between the original
and the synthetic speech signals. The magnitude of o is deter-
mined both by the power of the speech signal and the ex-
pected distortion level in the synthetic speech signal. According
to the rate-distortion theory, the power of the coded signal is
always smaller than the power of the signal to be coded by an
amount equal to the minimum value of the mean-squared
error. The optimum scale factor for white Gaussian signals
is given by

o = max [0, (Bs — En)"/?] (23)

where E, and E, are the powers in the signal and noise,
respectively, The intuitive meaning of (23) is that for £, =
E,, no information need be sent to the receiver, because a
maximum error of Ej is incurred by replacing the source with
zeros. Equation (23) follows directly from two important ob-
servations: 1) that £, < Ej, and 2) that the noise must be un-
correlated with the coded signal. For nonstationary signals like
speech, rate-distortion theory consideration suggests that the
scale factor be both frequency dependent and time varying
[10]. However, a time-varying frequency-dependent scale fac-
tor can introduce undesirable characteristics in the speech
signal unless the missing frequency components are filled in
artificially based on the a priori information already available
at the receiver. To avoid this problem, we have used a time-
varying but frequency-independent scale factor in the initial
studies. In computing the scale factor o from (23), a knowl-
edge of the expected distortion level in the coded signal is
required, This distortion level was computed by determining
the minimum possible mean-squared error (based on rate
distortion theory) for a Gaussian source with a spectrum equal
to the short-time spectrum of the speech signal in a given
frame [30].

Tree Search Strategies

We restrict our discussion in this section to binary trees,
i.e., trees with two branches from each node. A list of 1000
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Fig. 24, Code tree populated with Gaussian random numbers,

independent random Gaussian numbers were generated once
and stored both at the transmitter and the receiver. The
branches of the binary ‘tree were “populated” with these num-
bers as needed in a sequential fashion. Thus, the first branch
was populated with the first random number, the second
branch with the second random number, and so on. After all
the 1000 random numbers were exhausted, the next branch
was populated with the first random number and so on. -

In the above construction of the tree, each branch is popu-
lated with a single random number resulting in a rate of 1
b]t/sample Other bit rates are possible by combining different
numbers of branches and random nuimbers per branch. An
example of a binary code tree, populated with Gaussian ran-
dom numbers, is shown in Fig. 24, There are only two branches
at the first sample, but they increase to four at the second
sample, to eight at the third sample, and so on. At each
samplc one could either move to the upper branch or to the
lower branch. The tree path is specified by a path map consis-
ting of a +1 to indicate movement to the upper branch and
a —1 to indicate movement to the lower branch. In the code
tree shown in Fig, 24, there are a total of eight possible paths
at the third sample, The resulting innovation séquences are
(81, 83, 87), (81, &3, 83), (81, &4, 89), (€1, 4,810 (82, &5,

g11), (&2, &, &12) (€2, &6, &13), and (82, &6, 814). Each
innovation sequence is uniquely associated with one of the

eight bipary path maps, The impulse responses of both the
source filter H and the error-weighting filter ‘W last over a
fairly long time. Consequently, the full contribution of a parti-
cular sample in the innovation sequence does not appear in
/ﬂ'gntal error until many samples later. In a tree search proce-

Page -

Authorized licensed use limited to: Univ of Calif Los Angeles. Downloaded on November 20, 2008 at 16:13 from IEEE Xplore. Restrictions apply.



ATAL: PREDICTIVE CODING OF SPEECH AT LOW BIT RATES

dure, the decision to select a particular branch at the sampling
instant n is made L samples later, that is, at the samplmg
instant n + L. The parameter L is thus the encoding delay. An
exhaustive search to determine the optimal path map in a tree
is usually impractical except for very short encoding delays,
because the number of paths which must be searched increases
exponentially with the encoding delay. From pereeptual
considerations, the desirable value of L is typically in the range
40-120 at a sampling frequency of 8 kHz, The efficiency of a
variety of tree-searching algorithms has been investigated by
Anderson [29]. One particularly simple yet effective proce-
dure is the so-called M-algorithm. It progresses through the
tree one level at a time and a maximum of enly M lowes
distortion paths are retained at each level. At the next level,
the 2M extensions of these M paths are compared and the
worst M paths are eliminated, This process is continued until
the level L is reached. At that point, the accumulated error
over the past L samples is examined and the best path which
minimizes the error is determined. The branch L levels earlier
in the best path is released and the corresponding binary
symbol (indicating whether this branch is reached by an up or
down motion from the previous branch in the tree) is sent to
the receiver. All paths originating from the other branch (there
are two branches at every level in a binary tree) are pruned.
The process is repeated at the next level by accumulating the
mean-squared error over the previous L samples. The error
accumulation is, of course, done recursively by adding the
contribution of the squared error at the new level and by
subtracting the contribution from the released branch. The
amount of computation grows only linearly with M in the
M-algorithm. Thus, it is a computationally efficient procedure.
We find that M should be at least 64 to provide reliable identi-
fication of the optimum path. The tree search procedure still
requires a fairly large storage; the memory of both the source
and the error-weighting filters must be saved for all the paths
which are examined for minimum distortion.

" An example of the waveforms of original and coded speech
using a binary tree with M = 64 and L = 60 is shown in Fig.
25. The corréspondence between the two waveforms is very
close. The segmental SNR and speech power for a sentence-
length speech utterance spoken by a male speaker is shown in
Fig. 26. Informal listening tests with several sentences spoken

"by both male and female speakers indicate that the recon-
structed speech signal has no audible noise. Only in close
headphone listening can one detect that the reconstructed
speech signal is slightly different (although not distorted) from
the original speech signal. In another test, the innovation
sequence U, was generated by a uniform random number gen-
erator. Both the objective SNR and the perceived speech quality
were almost identical for the Gaussian and umform distribu-
tions,

We have also investigated the effect of varying the encoding
delay L on the subjective performance of the coder. The
speech quality is only slightly inferior with L = 30, but shows
noticeable distortions at much lower values of L.

There are many different ways of populating the branches
of a tree. We do not yet know the optimum procedure. In the
tree code discussed earlier, only the path map was binary, but
not the innovation sequence. Each path map was associated
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Fig. 26. Segmental SNR obtained with the tree coder shown in Fig. 23
for an utterance spoken by a male speaker.

with a unique innovation sequence. Furthermore, the branches
were populated with Gaussian random numbers, We will call
such a tree a stochastic tree. As an alternative, one could popu-
late each upper branch with a +1 and each lower branch with
a —1, Such a tree produces binary innovation sequences. We
find the subjective performance of such a binary tree inferior
to the tree populated with either Gaussian or uniform random‘
numbers even with large encoding delays,

Our results on tree encoding are very preliminary so far.
More studies are needed to determine the optimum strategles
for populating the tree branches and the interactions between
the subjective performance and the different parameters, such
as the encoding delay and the maximum number of paths kept
open in the search procedure, These early results do indicate
that the tree encoding with adaptive source and error-weighting
filters is potentially a very promising approach towards achle-
vmg high speech quality at low bit rates.

VI CONCLUDING REMARKS

We have discussed in this paper further generalizations of
predictive coders for speech coding at low bit rates, Waveform
coders are traditionally thought to be suitable only for speech
coding at medium to high bit rates. Speech coding at low bit
rates’ has been largely left for a long time to vocoders and
their derivatives. Recent work on predictive codmg has demon-
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strated that waveform coders have the potential of providing
superior performance even at low bit rates. This paper has
emphasized the importance of minimizing the perceptual
distortion in speech coders. The objective SNR, which has
been a commonly used measure for evaluating waveform
coders, becomes largely irrelevant in determining speech
quality at low bit rates. Indeed, future progress in improving
the speech quality in low-bit-rate coders will come primarily
from recognizing what we hear and what we do not.

Delayed (tree) coding when combined with adaptive source
and error-weighting filters offers an attractive framework for
optimizing the performance of speech coders at any given bit
rate. It is in fact an analysis-by-synthesis approach to speech
coding which is very flexible and allows easy incorporation in
the coder of any new understanding gamed either in speech
perceptlon or generatlon

REFERENCES

[1] P. Elias, “‘Predictive coding,”” IRE Trans. Inform. Theory, vol.
IT-1, pp. 16-33, Mar, 1955.

[2] J. B. O’Neal, Jr., ‘‘Predictive quantizing systems (differential
pulse code modulation) for the transmission of television signals,"’
Bell Syst. Tech. J., vol. 45, pp. 689-721, May-June 1966,

[3] B. S. Atal and M. R. Schroeder, “Predrcuve coding of speech
signals,”” in Proc. Conf. Commun., Processing, Nov. 1967, pp.
360-361, .

[4] ——, ‘‘Adaptive predictive coding of speech signals,”” Bell Syst.
Tech J., vol, 49, pp. 1973-1986, Oct. 1970,

51 —; “Predrctrve coding of speech signals and subjective error
critena,i' IEEE Trans. Acoust,, Speech, Signal Processing, vol.
ASSP-27, pp. 247-254, Jane 1979,

[6] R. E. Crochiere and J. M. Tribolet, *‘Frequency domain coding of

’ speech,” IEEE Trans. ‘Acoust., Speech, Signal Processing, vol
ASSP-27, pp. 512-530, Oct. 1979,

[71 M. R. Schroeder, B. S. Atal, and J. L. Hall, *‘Optimizing diglta]
speech coders by exploiting masking properties of the human ear,’’
J. Acoust, Soc. Amer., vol. 66, pp. 1647-1652, Dec, 1979.

[8) ——, *‘Objective measure of certain speech signal degradations
based on properties of human audrtory perception,”’ in Frontiers of
Speech Communication Research, B. Lindblom and S. Ohman;
Eds. London, England: Academic, 1979 pp. 217-229.

[9] J. Makhoul and M. Berouti, ‘‘Adaptive noise spectral shaping and
entropy coding in predictive coding of speech,”’ IEEE Trans.
Acoust., Speech, Srgnal Processing, vol. ASSP-27, pp. 63-73,
Feb. 1979.

[10] M. R. Schroeder and B. S. Atal, ‘‘Rate distortion theory and
predrcuve codmg, ' in Proc. Int. Conf. Acoust., Speech, Signal
pracessmg. Atlanta, GA, Mar. 1981, pp. 201-204,

[11) B. S. Atal and S. L. Hanauer, ‘‘Speech analysis and synthesis by
lmear predlcuon,," J. Acoust. Soc. Amer. vol. 50, P, 637655,
Aug. 1971,

[12) J. D. Markel and A. H. Gray, Jr., Lmear Pred:cnon of
Speech. New York: Springer-Verlag, 1976,

[13] T. Berger, Rate Distortion Theory. Englewood Cliffs, NI
Prentice-Hall, 1971,

[14] R. Viswanathan and J. Makhoul, *‘‘'Quantization properties of

- transmission parameters in linear predictive systems,’’ IEEE Trans.
Acoust., Speech, Signal Processing, vol. ASSP-23, pp. 309—321,
Jyne 1975,

[15] A. H. Gray, Jr. and J. D. Markel, ‘‘Quantization and bit allocation

" in speech processing,’’ IEEE Trans. Acoust., Speech, Srgnal

Processing, vol. ASSP-24, pp. 459-473, Dec. 1976,

[16] F. Itakura, “Opnmal nonlinear transformation of LPCs to improve
quantization properties,’’ J. Acoust. Soc. Amer vol. 56 (suppl.),
paper H14, p. 516, 1974,

[17) P, Noll, *‘On predictive quantizing schemes,"’ Bell Syst. Tech. J.,
vol. 57, pp. 1499-1532, May-June 1978.’

[18} E. G. Kimme and F. F. Kuo, ‘‘Synthesis of optimum filters for a

feedback quantization system,’' IEEE Trans. Circuit Theory, vol.
CT-10, pp. 405-413, Sept. 1963,

[19] B. S. Atal and M. R. Schroeder, ‘‘Optimizing predictive coders for
minimum audible noise;”’ in Proc. Int. Conf. Acoust., Speech,
Signal Processing, Washington, DC, Apr. 1979, pp. 453-455.

[20] N. 8, Jayant, **Digital coding of speech waveforms: PCM, DPCM
and DM quantizers,”’ Proc. IEEE, vol, 62, pp. 611-632, May
1974,

{21] B. S. Atal and M. R. Schroeder, '‘Improved quantizer for adaptive
predrctlve coding of speech signals at low bit rates,”” in Proc. Int.
Conf. Acoust., Speeck, Signal Processing, Dcnver CO, Apr. 1980,

pp. 535-538.

[22] F. Jelinek and K. S. Schneider, ‘‘On variable-length-to-block

' coding,”” IEEE Trans. Inform. Theory, vol. IT-18, pp. 765-774,
Nov. 1972. ’

[23]1 D. Pan, '‘Quantization and channel encodmg of the APC speech
prediction residual,’’ thesis, Dept. ‘Elec. Eng., Massachusetts Inst,
Technol., Cambridge, May 1981,

{24] F. Jelmek ‘"Tree encoding of memoryless time-discrete sources

- with a fidelity criterion,”” IEEE Trans. Inform. Theory, vol. IT-15,
Pp. 584-590, Sept. 1969,

{25] N. 8. Jayant and G. A. Christensen, ‘‘Tree encoding of speech
using the (M,L)-algorithm and adaptive quantization,” IEEE
Trans. Commun., vol. COM-26, pp. 1376-1379, Sept. 1978.

[26] J. B. Anderson andJ B. Bodie, ‘‘Tree encoding of speech,”” IEEE
Trans. Inform. Theory, vol. IT-21, no. 4, pp. 379-387, 1975.

{27] H. G. Fehn and P. Noll, ‘“Tree and trellis coding of speech and
stationary speech-like signals,”” in Proc. Int. Conf. Acoust.,
Speech, Signal Processing, Denver, CO, Apr. 1980, pp. 547-551.

{28} S. G. Wilson and S. Husain, ‘*Adaptive tree encoding of speech at
8000 bits/s with a frequency-weighted error criterion,' IEEE
Trans. Commun., vol. COM-27, pp: 165-170, Jan. 1979.

[29] F. Jelinek and J. B. Anderson, “‘Instrumentable tree encoding of
information sources,”” IEEE Trans. Inform Theory, vol. IT-17, pp.

- 118-119, Jan. 1971. .

{301 R. A. McDonald and P. M. Schultheiss, ‘‘Information rates of
Gaussian signals under criteria constraining the error spectrum,’’
Proc. IEEE, vol. 52, pp. 415416, Apr. 1964,

*

Bishnu S. Atal (M 76-SM’78-F'82) was born in
Kanpur, India, on May 10, 1933. He received the
B.Sc. (honors) degrée in physics from the Uni-
versity of Lucknow, Lucknow, India, in 1952,
the Drploma in electrical communication engj-
neerrng from the Indran Institute of Science,
Bangalore India, in 1955, and the Ph.D. degree
in electrical ‘engineering from the Polytechmc
Institute of Brooklyn, Brooklyn, NY, in 1968,

~ From 1957 to 1960 he was a Lecturer in
Acoustics at the Department-of Electrical Com-
munication Engineering, Indian Institute of Science, Bangalore. In 1961
he came to the United States to join the Research Staff of Bell
Laboratories, Murray Hill, NJ. At Bell Laboratories his work has covered
a wide range of topics in acoustics such as computer simulation of sound
transmission in rooms, new measurement techniques for concert halls,
fading in mobile radio, automatic speaker recognition, and speech coding.
More recently his research interests have centered on new methods for
analysis and synthesrs of speech signals. He is the author of a number of
technical papers in architectural acoustics and speech communication, and
holds several patents for inventions in these fields.

Dr. Atal is a Fellow of the Acoustical Society of America. He received
the 1975 IEEE Acoustics, Speech, and Signal Processing Society
Technical Achievement Award for fundamental contributions to linear
predictive coding of speech signals. In 1980 he received, jointly with M.
R. Schroeder, the IEEE ASSP Senior Award for their paper on predictive
coding ‘of speech signals and subjective error criteria,

Exhibit /! Page l/ ld

Authorized licensed use limited to: Univ of Calif Los Angeles. Downloaded on November 20, 2008 at 16:13 from IEEE Xplore. Restrictions apply.




