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[57; ABSTRACT

Digital samples of an underlying analog audio-fre-
quency signal are converted to transform coefficients
and a first bit assignment value indicating the number of
quantization levels or bits is adaptively assigned to each
coefficient according to the power distribution of the
transform coefficients. The transform coefficients are
weighted according to a prescribed pattern such as
human’s auditory sensitivity, and a second bit assign-
ment value is further adaptively assigned to each trans-
form coefficient according to the power distribution of
the weighted transform coefficients. One of the first and
second bit assignment values is selected according to
the power distribution of the transform coefficients and
used to quantize the transform coefficients. The quan-
tized transform coefficients are multiplexed with sup-
plemental information derived from the transform coef-
ficients for transmission to a receiving site. A process
inverse to that at the transmitting site is performed on
the multiplexed signal to recover the original digital
samples.

10 Claims, 2 Drawing Sheets
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ADAPTIVE BIT ASSIGNMENT TRANSFORM
CODING ACCORDING TO POWER
DISTRIBUTION OF TRANSFORM COEFFICIENTS

RELATED APPLICATIONS

The present invention is related to Co-pending U.S.
patent application Ser. No. 07/546,234, filed Jun. 29,
1990 and Co-pending U.S. patent application Ser. No.
07/613,122, filed Nov. 14, 1990, both being assigned to
the same assignee as this application.

BACKGROUND OF THE INVENTION

The present invention relates to a bandwidth com-
pression techniques for digital audio signals using an
adaptive transform coding and decoding method.

Adaptive  differential  pulse-code  modulation
(ADPCM) technique is known as a practical way of
bandwidth compression and has been extensively used
in ‘digital communications. Another bandwidth com-
pression technique that is attractive for audio frequency
signals is the adaptive transform coding scheme (ATC).
As described in “Adaptive Transform coding of Speech
Signals”, IEEE Transactions on ASSP, Vol. 25, No. 4,
1977, pages 299-309, and “Approaches to Adaptive
Transform Speech Coding at Low Bit Rates”, IEEE
Transactions on ASSP, Vol. 27, No. 1, 1979, pages
89-95, input discrete speech samples are buffered to
form a block of N speech samples each. All samples of
each block are linearly transformed into a group of
transform - coefficients based on a linear transform.
These transform coefficients are then adaptively quan-
tized independently and transmitted. The adaptation is
controlled by a short-term basis spectrum that is de-
rived from the transform coefficients prior to quantiza-
tion and transmitted as a supplementary signal to the
receiver. Specifically, the short-term basis spectrum is
obtained by a bit assignment process in which quantiza-
tion bits are assigned corresponding to the power of the
transform coefficients. At the receiver, the quantized
signals are adaptively dequantized according to a sup-
plementary signal that is derived in a manner inverse to
that of the transmitter, and an inverse transform is taken
to obtain the corresponding block of reconstructed
speech samples.

However, in some cases where the transform coeffici-
ents exhibit a uniform distribution of power, the number
of quantization levels to be assigned to each transform
coefficient is smaller than is necessary to ensure a satis-
factory level of signal transmission quality.

SUMMARY OF THE INVENTION

It is therefore an object of the present invention to
provide adaptive transform coding of digital samples
representing an underlying audiofrequency analog
waveform by assigning a varying number of quantiza-
tion levels to transform coefficients according to the
level of significance attached to transmitted informa-
tion.

According to the present invention, digital samples of
an underlying analog audio-frequency signal are trans-
lated into corresponding transform coefficients. A first
bit assignment value indicating the number of bits to be
used for quantization is adaptively assigned to each of
the transform coefficients according to power distribu-
tion of the transform coefficients. The transform coeffi-
cients are weighted according to a prescribed pattern
such as human’s auditory sensitivity. A second bit as-
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signment value is further adaptively assigned to each of
the transform coefficients according to the power distri-
bution of the weighted transform coefficients. One of
the first and second bit assignment values is selected
according to the power distribution of the transform
coefficients and used to quantize the transform coeffici-
ents. The quantized transform coefficients are multi-
plexed with supplemental information which is derived
from the transform coefficients.

The original digital samples are recovered by demul-
tiplexing the multiplexed supplemental information and
the quantized transform coefficients. A third bit assign-
ment value indicating the number of bits for dequantiza-
tion is adaptively assigned to each of the demultiplexed
quantized transform coefficients according to the
power distribution of the demultiplexed supplemental
information. The demultiplexed supplemental informa-
tion is weighted, and a fourth bit assignment value is
further adaptively assigned to the demultiplexed quan-
tized transform coefficients according to the power
distribution of the weighted supplemental information.
One of the third and fourth bit assignment values is
selected according to the power distribution of the
demultiplexed supplemental information, and the de-
multiplexed transform coefficients are dequantized ac-
cording to the selected bit assignment value. The deg-
uantized transform coefficients are then inversely lin-
early transformed into digital samples.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will be described in further
detail with reference to the accompanying drawings, in
which:

FIG. 1 shows in block form a digital communications
system incorporating an adaptive linear transform co-
ding/decoding scheme according to an embodiment of
the present invention; and

FIG. 2 shows in block form an alternative form of the
digital communications system of the present invention.

DETAILED DESCRIPTION

Referring now to FIG. 1, there is shown a data com-
munications system employing an adaptive linear trans-
form coding and decoding method according to a first
embodiment of the present invention. At the transmit
site 30, an analog audio-frequency signal, either speech
or music, is first converted by A/D converter 31 to
digital samples and a block of N digital samples are
applied through an input terminal 1 to a known linear
transform coder 2 so that each N-sample block is con-
verted to N transform coefficients. The Walsh-Hada-
mard transform, the discrete Fourier transform, the
discrete cosine transform and the Karhunen-Loéve
transform are suitable linear transform coding for this
purpose. Linear transform coder 2 is connected to an
adaptive quantizer 3 having quantizer elements for
quantizing a successive transform coefficient according
to a bit assignment signal indicating the number of quan-
tization levels into which that transform coefficient is to
be quantized. A selector 14 supplies this bit assignment
signal to quantizer 3.

For generating the bit assignment signal, a square-
and-average circuit 4 is connected to the output of lin-
ear transform coder 2. In square-and-average circuit 4
the N transform coefficients of each block are squared
and an average value of neighboring M squared values
(where M is a divisor of N) is taken as a representative
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3
value. Therefore, L (=N/M) coefficients are taken
from every N squared coefficients and quantized by a
quantizer 5 and fed to a multiplexer 15 to be transmitted
as supplemental information.

On the other hand, the output of quantizer § is deq-
uantized by a dequantizer 6 and fed to a weighing cir-
cuit 7 in which it is weighted according to humans’
auditory sensitivity, for example. The weighted trans-
form coefficient is applied to an interpolator 8 in which
the logarithm to the base 2 is taken and M —1 interpola-
tions are provided between successive coefficients of
weighted values. The output of interpolator 8 is fed to
an adaptive bit assignment circuit 9 in which the follow-
ing Equation is calculated:

. N (0)]
Ri=R +05logyo2 -~ 05N 21 logy o2
n=

where, R;is the number of bits assigned to an i-th trans-
form coefficient, K is the average number of bits as-
signed to each transform coefficient, and o2 is a
squared value of the i-th interpolated transform coeffici-
ent. The output of bit assignment circuit 9 is applied to
one input of the selector 14 as a first bit assignment
value indicating the number of bits as optimum quanti-
zation levels for that particular transform coefficient.

The output of dequantizer 6 is further applied to an
interpolator 10 in which it is processed in a manner
identical to that of interpolator 8, so that M—1 interpo-
lations are provided between successive coefficients of
non-weighted values. The output of interpolator 10 is
applied to an adaptive bit assignment circuit 11 of iden-
tical construction to bit assignment circuit 9 to perform
the calculation of Equation (1). The output of bit assign-
ment circuit 11 is fed to the other input of selector 14 as
a second bit assignment value indicating the number of
bits with which the transform coefficient is to be quan-
tized.

To the output of adaptive bit assignment circuit 11 is
connected a distribution calculation circuit 12 in which
the distribution of the bit assignment values is deter-
mined as follows:

N -
5= Azl(x,-—X)Z @
=

where, & represents the variance of bit assignment val-
ues, X; represents the i-th input signal and X represents
an average value of N input signals. Variance & becomes
smaller as input signals have a consistent value. The
output of distribution calculation circuit 12 is compared
by a decision circuit 13 with a prescribed threshold that
indicates uniform distribution in which bit assignment
can be uniformly applied to all transform coefficients. If
the variance is higher than the threshold, the decision
circuit 13 supplies a logic-O output to selector 14 to
couple the output of the bit assignment circuit 11 to
quantizer 3. If the variance becomes smaller than the
threshold, it supplies a logical-1 output to selector 14 to
couple the output of assignment circuit 9 to quantizer 3.
In this way, when the power distribution is not uniform,
the transform coefficients are quantized with the non-
weighted bit assignment value, and when the power
distribution of transform coefficients becomes uniform,
the transform coefficients are quantized with weighted
bit assignment value. In this way, transform coefficients
having greater significance in the sense of auditory
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perception are quantized with a greater number of
quantization levels.

Alternatively, the distribution of signals can be repre-
sented by the following Equation:

3)
. (X] X3 Xn
a = logz 5 - 2aEEs
where,
X;
=
X

represents the normalized value of each input signal.
Equation (3) reaches a near-zero value as the signals
have a uniform distribution. Otherwise, it reaches minus
infinity. The distribution can be further given by a dif-
ference A as follows:

A=max {X}—min {x} @
where max {X} and min {X} indicate respectively a
maximum value of N input signals and a minimum value
of N input signals.

The quantized transform coefficients are multiplexed
with the supplemental signal from quantizer § by multi-
plexer 15 and transmitted over a transmission channel
16 to a receiving site in which it demultiplexes the trans-
mitted signal by a demultiplexer 17 at the receiving site
into signals which are coupled to dequantizers 18 and
20, respectively.

The demultiplexed signals are processed in a manner
inverse to that at the transmitting site. Specifically, the
signal fed into dequantizer 18 corresponds to the output
signal of the transmitter’s quantizer 3, and is dequan-
tized in response to a bit assignment signal from a selec-
tor 28 and converted to a signal which is a replica of the
signal at the output of transmitter’s linear transform
coder 2. An inverse linear transform coder 19 is coupled
to the output of dequantizer 18 to recover the original
digital signal at an output terminal 29. On the other
hand, the signal fed into dequantizer 20 is the supple-
mental information corresponding to the signal at the
output of transmitter’s quantizer 5. The output of deg-
uantizer 20 is applied to a weighting circuit 21 in which
it is weighted in a manner identical to the transmitter’s
weighting circuit 7. The weighted signal is applied to an
interpolator 22 in which interpolations are provided
between successive input signals. An adaptive bit as-
signment circuit 23 identical to the transmitter’s adapt-
ive bit assignment circuit 9 is coupled to interpolator 22
to generate a weighted bit assignment signal for cou-
pling to one input off selector 28. An interpolator 24
and an adaptive bit assignment circuit 23 are connected
in series to the output of dequantizer 20 to generate a
non-weighted bit assignment signal for coupling to the
other input of selector 28. A distribution calculator 26
and a decision circuit 27 are connected to the output of
bit assignment circuit 25, corresponding to the transmit-
ter’s distribution calculator 12 and decision circuit 13,
respectively. When the signal distribution is uniform,
the weighted signal from bit assignment circuit 23 is
coupled by selector 28 to dequantizer 18. Otherwise,
the non-weighted signal from bit assignment circuit 25
is applied to dequantizer 18.






