
is never unreasonable because nlt n2 and n3 appear in the
form of a ratio such as n2/nl, njnx and so forth in the related
equation.

It is illustrated in the Figures that the characteristics of the
total transmission loss of the TM mode are closely analogous
to those of the TE mode. Although discrepancies in the
numerical values can be recognised, they are small enough to
be regarded as being negligible in the present case of weakly
guiding waveguides. The present method of reducing loss has
the property of being insensitive to polarisation, which may
be required in integrated optics for optical communications
using single-mode fibres.

M. GESHIRO 14th March 1983
S. SAWA

Department of Electronics Engineering
Ehime University
3 Bunkyo-cho, Matsuyama City, Ehime 790, Japan
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RUNLENGTH-LIMITED CODE WITH
SMALL ERROR PROPAGATION

Indexing terms: Codes, Modulation

We present a new runlength-limited modulation technique
based on the variable-length encoding principle. The code
achieves minimum and maximum runlengths Tmin =1-5 and
Tmax = 4-5, respectively. Decoding is very simple and only
needs an observation field of six channel bits. The new code
is compared with other codes achieving Tmin = 1-5.

Introduction: In magnetic and optical recording binary
runlength-limited sequences are often applied as a compro-
mise to meet bandwidth and signal/noise requirements of the
transmission or storage medium.1"3

The theory of runlength-limited codes is based on the pion-
eering work of Tang and Bahl, who studied the properties of
so-called dk sequences.4

A dk sequence simultaneously satisfies the following condi-
tions:

{a) d constraint: any two logical ones are separated by a run of
at least d consecutive logical zeros.

(b) k constraint: the length of any run of consecutive logical
zeros is at most k.

We derive a runlength-limited binary sequence with at least
(d + 1) consecutive zeros or ones and at most (k + 1) consecu-
tive zeros or ones by integrating modulo 2 a dfc-limited
sequence. In this way the ones of a dk sequence indicate the
positions of a transition zero to one or one to zero of a
runlength-limited sequence. The process of modulation maps
the incoming data stream onto the runlength-limited output
sequence. In general m consecutive data bits are mapped onto
n consecutive channel bits. The ratio m/n is defined as the rate
R of the code. If we assume a data bit rate of l/T the channel
bit time is simply given by Tc = m/nT = RT. According to
many researchers in the field of digital magnetic and optical
recording an optimum choice of the minimum runlength is

d = 2.2-3 On the grounds of information theory one can derive
that the maximum rate of a d = 2 code is 0-55;4 a k constraint
will lower the maximum rate somewhat. In the literature
many embodiments have been published describing practical
modulation systems achieving the d = 2 constraint and
R = 0-5 with different maximum runlength. The minimum k
value for a rate R = 0-5 is k = 7 (a dk sequence with d = 2 and
k — 6 has a maximum rate of 0-49 (see, for example, Reference
4).

Practical modulation systems generating runlength-limited
sequences are mostly based on the fixed-block or variable
(block) length encoding principle.4"6 In an implementation
based on the fixed-block encoding principle m data bits are
mapped onto {n — /?) channel bits. Inserting a number /S of
so-called merging bits between adjacent (n — /?) sequences
makes it possible to preserve the d and k constraints for the
cascaded output sequence. In variable-length encoding we
have a basic channel word length N and number a of data bits
per N channel bits. The words may be of length jN,j = 1, 2,
..., M, where MN is the maximum word length.

Both methods of encoding have different forms of error
propagation, i.e. they react differently to small channel errors.
In fixed-block encoding the data errors caused by a channel
error will be bounded to m data bits. If an error correction
system is also based on symbols of length m, then small
channel errors will only give rise to one symbol error. When
modulation systems based on the variable-length encoding are
used small channel errors might cause more than one decoded
symbol error.

An important parameter, normally not considered, is the
observation field of the decoder, defined here as the decoder
constraint length L. The decoder constraint length is the
number of channel bits needed for the decoding. It determines
the number of data bits that could be corrupted by a channel
bit error, and therefore determines the worst-case error propa-
gation.

In this letter we describe a new d = 2 code (k = 8, R = 0-5)
based on the variable-length encoding principle with a
decoder constraint length L = 6. We shall compare the par-
ameters of d = 2 modulation systems known in the literature
on the basis of the maximum runlength k and the decoder
constraint length L.

New runlength-limited code: The new runlength-limited code is
based on the variable-length coding principle. The data bits
are translated according to the following code book:

Data Channel
10 0100
11 1000
0(1) 00

00(1) 0000
000 100100

where 0(1) means 0 followed by 1.
The channel bits are given throughout this letter in the

NRZI notation. As an example of encoding, assume the data
sequence 1100100. According to the code book we derive the
following channel sequence: 1000 0000 0100 00 (the spaces are
given for clarity, they are not transmitted). The system par-
ameters of this code are d = 2 and k = 8, yielding a minimum
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x5 x3-
r x , j x 2 x 3

logic
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Y3 Y«

2f, 1520/11

Fig. 1 Encoder

Incoming data x are translated into the channel output y. X and Y
are shift registers. Shift register X is shifted with clock frequency fe.
Outgoing information is shifted with double clock frequency 2fc
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and maximum time between transitions of the runlength-
limited sequence of 1-5 and 4-5, respectively. An embodiment
of the encoding algorithm is very simple (see Fig. 1). It can be
verified that the following Boolean expression:

y4 = x2(xlyl +y1y2x1)

gives the logic of the implementation.
An embodiment of decoding at the receiver is a shift register

with L = 6 positions (see Fig. 2). The contents of the shift
register are translated by the following decoding rule:

7 FRANASZEK, p. A.: US patent 3 689 899, 1972
8 DOI, T. T.: 'Channel codings for digital audio recordings'. 70th AES

Convention, New York, 1981, Preprint 1856 (1-6)
9 FURUKAWA, T., and TANAKA, K.: 'A new runlength-limited code'.

70th AES Convention, New York, 1981, Preprint 1839 (1-2)
10 COHN, M., and JACOBY, G. V.: 'Run-length reduction of 3PM code

via look-ahead technique', IEEE Trans., 1982, MAG-18, pp.
1253-1255
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where w is the decoded output bit and zx,
contents of the decoder shift register.

are the

w

out

Z i

1 r 1 r i

logic

f

Fig. 2 Decoder

Received information (NRZI format) is shifted into shift register Z
with clock frequency 2fc. Logic transforms the contents of Z into
user data. We have assumed that bit synchronisation has been
arranged by some means

In Table 1 we have collected the main parameters of modu-
lation systems all achieving d — 2 and R = 0-5.

Table 1 SURVEY OF CODES

Code

3PM
Fran
HDM-1
HDM-2
Fur/Tan
3PM*
new

k

11
7
8
7
7
7
8

L

10
12
11
15
16
14
6

Ref.

1
7
8
8
9

10
—

The entry 'Ref.' refers to the literature reference list. We note
from this Table that the new code achieves a considerable
improvement with respect to the decoder constraint length L.
Conclusions: We have presented a new runlength-limited code
with d = 2, k = 8 and rate R = 0-5. The new code has a
decoder constraint length of only six observation positions. A
survey of other codes achieving d = 2 and R = 0-5 shows the
superiority of the new code with respect to decoding con-
straint length and consequently error propagation.

K. A. SCHOUHAMER IMMINK 14th March 1983

Philips Research Laboratories
PO Box 80.000
5600 J A Eindhoven, The Netherlands
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EFFICIENT POSITIVE COEFFICIENT
ALGORITHM FOR IMAGE PROCESSING

Indexing terms: Filters, Image processing

An efficient method for converting a 2-D signed coefficient
value FIR filter into a positive coefficient value filter while
preserving its original frequency and phase responses is pre-
sented. This technique significantly improves the efficiency of
an image processor.

In image processing the grey level at each pixel is always
positive but coefficient values of the two-dimensional (2-D)
FIR filter may be either positive or negative.1 In this letter, a
method for converting a 2-D FIR filter algorithm to one
involving positive coefficients only is presented to overcome
difficulties that may be associated with negative coefficient
values. The coefficient values are converted into positive
numbers by adding a constant bias to them. The frequency
and phase responses of the original filter are then restored
through a simple auxiliary FIR filter which is recursive (IIR)
in structure, but which can be implemented with exact arith-
metic.

If h{n, m) is the impulse response of an (2N — 1) by
(2M — 1) FIR noncausal full-plane filter with z-transform
function H{zx, z2), then

H(zl,z2)= (1)
„ = - ( A T - 1) m = - ( M - 1)

Causal and semi-causal filters are discussed later. If c is a
positive constant such that

h(n, m) + c > 0 Vn and m

then adding and subtracting c from h(n, m), yields

where

Hl(zl,z2)=

and

=-(N-l) m= -(M-l)

N- 1 A f - 1

- ( A T - 1) m = - (M - 1)

— z
V - l , M - 1

1 - Z f

(2)

(3)

(4)

(5)

(6)

From eqns. 2 and 4, it follows that Hl(z1, z2) is the z-
transform transfer function of an FIR filter whose coefficient
values are all positive. Eqn. 5 shows that the auxiliary filter
H2{zl, z2) is also an FIR filter and it can be implemented by
using the recursive form of eqn. 6 for computational efficiency.
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