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ABSTRACT

We present a technique to compress M-bit data to N-bit data with a bounded error
between the original and de-compressed data. The bounded error is established by
quantizing the error signal of DPCM and by entropy encoding the quantized error. The
fixed data rate is maintained by non-linear adaptation of the quantization interval on an
intermittent basis. Examples of image data compression are given.

INTRODUCTION

Our goal is:

(a) select a compression scheme that achieves a modest compression ratio (about 4 to 1),
(b) is easy to implement in real time, in particular, requires only one pass through the

image, and
(c) minimizes the loss of information between the original and reconstructed images.

To achieve the goal we have selected DPCM with a non-linear predictor, efficient, zero-
error encoding of the quantized error, and adaptive line-by-line control of the quantizing
interval. The technique will be suitable for use in a digital image processing system to
increase the storage capability and to speed up the transmission of images over the slower
data links in the system.

It is well known that image data can be compressed to one or two bits per pixel without
significant degredation of the viewed image [1]. However the question of information loss
is difficult to assess. In this paper we have adopted a conservative approach and have
required that the error between original and final images be bounded on a line-by-line



basis. This avoids the possibility of slope overload that is typical of some DPCM schemes
and guarantees that only a well known artifact, amplitude quantization, is introduced into
the final image.

THE ALGORITHM

A block diagram of the DPCM compression algorithm is shown in Figure 1. The M bits
per pixel (BPP) image data is scanned in conventional fashion; Y (K,J) is the pixel at row
K column J. The predictor forms an estimate ì of Y and the resulting error E is quantized
with a uniform quantizer of step size D. The quantized error, Ê, is encoded with the code
book shown in Table 1. The variable length code words are put into a buffer which
transmits bits at a constant rate of N BPP. The number, T, of bits in the buffer and the rate,
R, at which bits are entering the buffer are used to control the quantization interval, D.

Figure 1  Compression Algorithm

Table 1.  Code Book



PREDICTOR

The predictor uses six previous, reconstructed data points (A,B,C,D,E,F), for its estimate
of Y. See Figure 2. We test these points for the likelihood of a vertical edge (V) or a
horizontal edge (H) near Y. Then we set

(1)

The formula for the last option is

                 (2)
where

              (3)

is the reconstructed data (Equation (3) is also the recipe for the decompression algorithm).
For the first two options in (1) we use coefficients 0, 1 and 1,0, respectively, in (2).

Figure 2  Details for the predictor

The tests in (1) are accomplished by estimating the two edge levels for each hypothesis H
or V. For example, for a vertical edge (V) we estimate right and left edge levels

RE = 1/2 (B+D) (4)
and

LE = 1/4 (A+C+E+F). (5)



Then we calculate the mean square error between these estimates and the actual values:
(B-RE)2 , etc. This gives a V metric,VM, which we compare to an H metric, HM, of
similar construction.

Thus (1) becomes

(6)

The factor G=2 in (6) was chosen by examining the compression achieved for several
pictures as we varied G. Figure 3 shows the effect on the average quantization interval D
and indicates that the algorithm is not too sensitive to this factor.

Figure 3  Average quantization interval, D, vs. edge test factor, G

ADAPTATION

The encoder puts bits into the buffer at a variable rate but we want to extract bits at a
constant rate of, say, 2 bits per pixel. Moreover, we want the buffer to be of reasonable
size, perhaps 16 times the row length. Thus, for an image of row length 256 the buffer will
have a 4096 bits capacity.

To control the number of bits in the buffer we monitor the input bit rate, averaged over
each line. This rate, R, for the Kth line and the total number, T, of bits for the Kth line are



used to adjust the quantization interval, D, for the next line. Clearly, if the input rate is high
or the buffer is too full we want to generate fewer bits on the next line. This can be
accomplished by increasing D, a distortion measure.

The way R changes with D is a subject of rate distortion theory. In principle, this is
calcuable if one makes certain assumptions (Gaussian statistics for Y, in particular) and
can be estimated based on such simple parameters as the local mean, variance and X and
Y decorrelation intervals. In practice, however, we adjust D only by integer values to
simplify the implementation and we find that D needs to be changed only in steps of ±1 or
2 for an eight bit picture (integers 0 to 255). Thus we use the extremely simple logic
shown in Table 2 to change D.

Table 2  Logic for the new D

IF (T.GT.(3/4)TMAX) D = D+l
IF (T.LT.(1/4)TMAX) D = D!1
IF (R.GT. DR (1.03)) D = D+l
IF (R.LT. DR (.97)) D = D!1

From Table 2 we see, for example, that D can be changed by +2 if the buffer is more than
3/4 full and R exceeds the desired rate, DR, by 3%; that D can be changed by !1 if R is
3% less than DR and the buffer is between 1/4 and 3/4 full.

This logic appears to be very robust and does not suffer from an instability that we observe
when T (or R), alone, is used to select D.

EXAMPLES

In Figures 4,5, and 6 we show three scenes that have been used to illustrate the
compression-reconstruction. (a) is the set of originals, (b) is the result, and (c) is a
comparison picture which uses no line-by-line adaptation but achieves the same average
distortion, D, as (b).

All images were 256 X 256 and were expanded by linear interpolation to 1024 X 1024 for
display on a COMTOL screen. The bias and gain controls were set for best viewing of the
original (a) and were untouched for (b) and (c).

In all sets there is not much to distinguish scenes (a), (b) and (c). Note, however, that
scene (c) in the airport, Figure 4, contains noticeable degredations. In particular,
quantization effects can be seen in the buildings on the lower left corner and the entire
image seems to be softer. Both (b) and (c) have lost textural detail in the grassy regions of



Figure 5 and (c) appears to have lost details of a foot path in the upper center. The same
loss of texture appears in Figure 6.

Some data from the compression algorithms,(b) and (c) are shown in Figures 7 and 8,
respectively. Note how in Figure 7 the quantization interval D changes, in particular, gets
larger as the scan moves into a busier (high R) area. Also note that, without adaptation, the
buffer empties at row 230 in Figure 8.

DISCUSSION

The techniques presented here were selected to achieve a modest 4 to 1 compression with
very simple hardware. The application is slanted towards an image processing system that
has an 8 bit display so that images originating at the display will be compressed to 2 bits.

Our non-linear predictor is similar to that presented by Zschunke [2] and the encoder is the
FS code of Rice and Plaunt. [3] The encoder uses a minimum code word length of unity so
compression at or below one bit per pixel is impossible. However, if the entrophy H (Ê) of
the difference signal Ê is, itself, less than unity then a multi-mode encoding scheme such as
that presented by Rice and Plaunt can reduce the bit rate to less than H (Ê) + 0.3.[1]

The measure of fit between the original and decompressed pictures is the quantization
interval D. That is, they differ by no more than ± D/2 on a line-by-line basis.

The line-by-line adaptive feature is used mainly to achieve real-time control over the
number of bits per pixel in the final image. There is only a slight improvement over the
nonadaptive DPCM. However the latter would require two passes to find a D that achieves
a desired bit rate or, in one pass with a specified D, one would have to modify the
hardware to accommodate an unspecified bit rate.
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Figure 4  Airport: a) 8 bit original, b) 2 bit adaptive DPCM,
c) 2 bit non-adaptive DPCM



Figure 5  Missile Site: a) 8 bit original, b) 2 bit adaptive
DPCM, c) 2 bit non-adaptive DPCM



Figure 6  Model: a) 8 bit original, b) 2 bit adaptive DPCM,
c) 2 bit non-adaptive DPCM.



Figure 7  Line-by-line bit rate (R), quantization interval
D and bits in the buffer T for Figure 4 (b)

Figure 8  Repeat of Figure 7 for the non-adaptive
 DPCM of Figure 4 (c)


