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Abstract

In order to realize a higher quality PCM tape recorder,

we have been insisting that an error correcting code which

has a higher error correction ability must be developed. We

were easily able to make an estimation of the error correc-

tion ability of codes by means of degenerating the Gilbert

model into a 0-th order Marker process. We made a general-

purpose s_mulator and proved the former estimation with it.

After inves_gating the error correction ability and code re-

dundancy, we discovered a new code which has an extremely

high error correction ability and a low hardware cost. We
named the code the 'SP code'.

1. Introduction

Since PCM tape recorders record by digitalizing the audio

signals, they are capable of performing high-quality recording

and playback without the signal quality at recording and play-

back being sacrificed. However, there are dropouts problems

with the magnetic tapes, and the greatest problem has been how

to correct the burst errors caused by the dropouts. In order

to realize high-quality recording and playback, we proceeded

with the development of an error correcting code which is ideal

for PCM tape recorders.

In the past, the Gilbert model has been employed as a me-

thod of handling the burst errors theoretically. However, it

is extremely difficult to use and there was no other choice

than to rely on simulation with the help of a large-capacity

computer. By turning the codes into blocks, we were able to

degenerate the Gilbert model into a 0-th order Markov process

and as a result we found that appraisal of the error correct-

ing codes can be conducted very easily. Based on this degener-

ated Gilbert model, we estimated the ability of two or three

codes, test-made a general-purpose hardware simulator, and fol-

lowed up the theory. As a result, the estimated values and the

values which were actually measured tallied to quite a consider-

able extent and this proved that the above theory was correct.

Furthermore, we discovered a code with an extremely high

error correction ability and with comparatively low hardware

costs. We discussed about this code theoretically and followed

up the theory using simulator. We called this code the 'SP

(sifted parity) code'
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2. Degeneration of Gilbert model

_en using a video tape recorder (VTR) as a recording

device for PCM signals, dropouts are produced by the dirt

and scratches on the tape whose track width is a very narrow

several 10 Bm since the VTR performs high-density recording.

Fig. 2-1 shows the dropout lengths in 20 sample tapes and

also the measured frequency at which the dropouts were pro-

duced. Fig. 2-2 is a block diagram of the dropout measure-

ment system. The dropout generating rate is extremely high
at between several thousand and several hundred thousand

per hour and there are also great fluctuations. Some of the

longer dropouts continue for about 400 Bs and the data is

lost over quite long time intervals.

When the data which is recorded on the tape is played

back, click noise is generated at the above frequency and

it is not possible to play back music at a high quality.

To counter these code errors, two methods are conceivable:

error compensation using hearing characteristics and code

correction using an error correcting code.

When countering the code errors, it is not possible to

predict accurately the results of the countermeasure unless

the nature of the dropouts is clearly established. When

dropouts are produced, the data errs as burst. As a model
of a channel with such burst errors the Gilbert model has

been conventionally used. Fig. 2-3 shows an example of a

Gilbert model. The parameters are estimated from the actual-

ly measured values given in Fig. 2-1. Fig. 2-4 shows the run

distribution of the dropouts, conversely, based on these pa-

rameters. As can be clearly understood from the fiqure, the

Gilbert model tallies to a great extent with the actually

measured values at the comparatively short (< 100 _s) drop-

out lengths.

The Gilbert model is a 2-state Markov chain, and the

state of the step before has an effect on the next state.

Fig. 2-5 shows the probability for state B n steps after,

supposing that the burst error is generated with a time t

of 0. This is expressed by the following equation:

n-1

Pr = qn + Z iqi-1 Qn-i-1 pp (2-1)
i=l

The horizontal axis is expressed in time with the trans-

mission rate for the number of steps. According to this, the

probability for stage B after the generation of the burst

error gradually decreases and it finally becomes a constant.

P

t2 - (2-2)
_ +p

The mathematical analysis of this kind of Gilbert model

is extremely complex and in actual fact there is no choice

other than to rely on simulation using a computer.

-2-



Nevertheless, as in Fig. 2-5, it is possible to divide

off the data bit lines at sufficiently long intervals from

the average burst length, and then treat them as block data

to convert the burst errors at bit units into random errors

at block units.

In this case, the big problem is how long to make the

block length. The average burst length is ii _s and since

the TV signal format must be used in order to record digital

signals onto the VTR, the above relationship can be satisfied

by making the IH (63.5 _s) data one block. Fig. 2-6 shows
the auto-correlation function of the block error with IH as

the block. Fig. 2-7 shows the block diagram of the equipment
used to determine the auto-correlation function. This func-

tion very rapidly becomes 0 and the block error can be con-
sidered a random error.

With helical scanning VTRs it can be presumed that the

dropouts which are caused by the scratches or dirt adhering

to the surface of the tape can indicate the vertical cor-

relation.

Fig. 2-8 shows the long-time auto-correlation function

and it is clear that there is a strong correlation at the

245H and 490H points. Since the number of data blocks in a

iV period is 245, these indicate the vertical interval cor-

relation. Strictly speaking then, these block errors are

not random errors. Nevertheless, with ordinary codes, these

errors do not stretch up to 245H, and in this range they can

be treated virtually as random errors.

In this case, the Gilbert model is degenerated into a

0-th order Markov chain.

We therefore called this the degenerated Gilbert model.

Fig. 2-9 gives an example of such a degenerated Gilbert

model. In this model, handling the code error is very easy.

In other words, the burst generation probability becomes the

code error rate and it is easy to predict the results when

an error correcting code is employed.

3. Error correcting codes and their ability

Quite a few error correcting codes have been announced

to date but virtually all of them are difficult to ,apply

practically due to the complexity of the hardware.

However, when it comes to multiple writing-based error

correction, the circuitry can be realized quite easily. We

shall now compare the composition, correction ability and

simulation results of the three types of error correcting

codes. The principle of error correcting based on multiple
writing is as follows.

When there are two (L, R) words to be sent, the sum

operation of module 2 is performed between L and R according

to the equation below, and the result is taken as P:

PJ = Lj + Rj (mod 2) (j = i, 2...h) (3-1)

(PJ, L j and Rj are j-th bit that make up each of the

words, h is the number of bits that makes up one word.)

This operation is commutative and so the following two
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equations are established:

Lj = Ej + PJ (mod 2) (j = 1, 2 ...h) (3-2)

R j = PJ + Lj (mod 2) (J = 1, 2 ...h) (3-3)

Therefore, if these three words are interleaved at the

recording end and recorded, and if any one word has an error,

the remaining two words will correct it perfectly.
It is clear that the code can be extended in the case

of n words.

If the sum operation of module 2 is performed between

n words and the parity word P obtained is sent along with

the data, the one word error will be completely corrected.

pj n S_= Z (mod 2) (j = 1, 2 ...h) (3-4)

i=l _

pJ S?S_ = + Z (mod 2) (j = 1, 2 ...h) (3-5)

iyk 1

The redundancy of the code decreases as n increases and

the correction ability also declines. Now three codes will

be considered in order of redundancy: 1.17-fold writing to

create one parity from 6 words, 1.33-fold writing to create

one parity from 3 words, and 1.5-fold writing to create one

parity from 2 words. These are labeled in order as code A,

code B and code C. Fig. 3-1 shows the method of generation

for each of the codes. In the figure Li and Ri indicate the

ith sample of the stereo left channel and right channel, re-

spectively. P and Q are the parities. Each of the codes is

interleaved by distance D (llHs with codes A and B, and 10.67Hs

with code C), and carried on the television sync. signal, and

then recorded. During iH period, 9 words are carried with

code A, 8 words with code B and 7 words with code C, and a

cyclic redundancy check character (CRCC) is added for error

detection. It is not possible to detect the location of the

error with CRC, and so when an error is produced, all the
data on the H are considered erroneous.

Through the interleaving, all the words in a group are

on different H's, and so correction is possible with a single

dropout. Next, we shall consider the error correcting abili-

ty. This ability depends on the tape dropout generation rate.

If the data errors on the tape are observed in H units, and
if it is assumed that the number of erred H's in a sufficient-

ly long section of IH is r, then the tape H error rate p can

be obtained by the following equation.

p = r/1 (3-6)

With error correcting codes based on multiple writing,

correction is not possible if at the same time the related

2Hs are erroneous. Let us now assume that 2Hs separated by

interleaving distance d are erroneous in section mHs. As is

clear from the auto-correlation function of Fig. 2-6 and 2-7,

the 2Hs simultaneous error can be considered a random error,

and the 2Hs simultaneous error rate is p2.

The 2Hs simultaneous error H number is produced by:
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n

Z (m - id)P 2 (n: number of data words formed (3-7)

i=l as a group excluding parity word)

Let's assume the expected number of data words which cannot

be corrected t, when a 2Hs simultaneous error occurs, then

n

(m- id)p2t (3-8)

i=l

data cannot be corrected in section mHs. If k data words

are carried on 1H, then data error rate PD is:
n
E

i=l (m - id)p2t · nt 2

PD = mk _ k P (m>>nd) (3-9)

Table 3-1 shows the results of determining the data

error rates for each of the codes. Fig. 3-2 shows these

values in graph form.

When the redundancy is increased the data error rate

is decreased. Let's think the data error rate with code A 1,

then the data error rate with code B is 1/2 and that with

code C is 1/3. The data error rate for each system is about

P-times compared with no correction at all. If P is assumed
to be 4 x 10 , the improvement in the signal quality increas-

es 2,500 times.

Next, we shall mention the results of simulating the

error correcting ability of each of the codes. Fig. 3-3

shows the construction of the general-purpose code simulator

which was used for the simulation. In the recorder & H error

counter block, a pseudo-random pulse is generated during re-

cording, the CRC code is added for each 1H, carried on the TV

sync. signal and sent to the VTR.

During playback, the CRC is used to detect the H error,

the H error periods and non-error periods are counted in H

units and transferred to the minicomputer. Fig. 3-4 gives

an example of the data. Head 1 indicates the error flag,

and the following value is the number of erred H's. 0 in-

dicates no errors and the following value is the number of
continuous no-error H's.

The minicomputer corrects the erred words according to

each error correcting codes, the data words which cannot be

corrected are counted, classified, and these are sent to the

printer or plotter. Fig. 3-5 gives an output example. Fig.

3-6 shows the data in graph form. If Fig. 3-2 and Fig. 3-6

are compared, it can be seen that the theoretical values and

the actually measured values tally to a considerable extent.

If the redundancy is increased, the code correcting a-

bility increases but the rate of increase is small. Even

with complete 2-fold writing with a redundancy of 2, the

correcting ability is improved to no more than p2. This is

because the improvement is tried within the range of the

single error correction. With single error correction, the

correcting ability is limited in the order of p2. However,

if two errors are corrected simultaneously, the correcting

ability is of the order of p3, and it is improved at once

several thousand times. We shall mention this code in the
next section.
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4. SP code

The SP (sifted parity) code is composed of n data words

and 2 inspection words, and any 2 words are error-corrected

simultaneously. This is a code which displays a low redun-

dancy but a high correcting ability. If the n data words

are taken as Si (i = 1, 2 ...n) and the two inspection words

as P and Q, then P and Q can be generated by the following

equation.

pj n S$= Z (mod 2) (j = 1, 2 ...h) (4-1)
i=l 1

Qj n 2i-1SS= Z (mod 2) (j = 1, 2 ...h) (4-2)
i=l z

(PJ, QJ, S j indicate J-th bit of P, Q, Si

Each of t_e words are composed of h bits[)

Ttlere are two independent equations, and so when the

error words are two or less, the above simultaneous equations

are solved, and simultaneous errors up to 2 words are all

corrected.

The actual generation circuit is shown in Fig. 4-1.

Interleaving is performed for each of the words, the CRC

is added and they are carried on the TV signals in the same

way as with the previous code. We shall now elaborate on

the generation of the SP code and on the error correction

operation. The explanation is undertaken with n = 6, Si

through S 3 = L 1 through L3, and S4 through S6 = R1 through R3.

Fig. 2 shows the P and Q generation diagram. P is a

normal parity. Q is the parity with each of the data words

shifted in the top direction for each bit.

The error correction is performed in the following way.

It is clear that individual errors can be corrected using

P or Q. Two word errors are corrected as follows. Let us

assume that L 1 and R 1 are erroneous. The b 0 of L1 is equal

to the b 0 of Q, as zs clear from Fig. 4-2 (b).

b0 (L1)= bo (Q) (4-3)

Therefore, the b O of L 1 has been corrected. From Fig.

4-2 (a), b0 of RI is a single error since b O of L 1 is cor-
rected and this is easily corrected using P. Next from Fig.

4-2 (b), b 1 of L1 is a single error since b o of RI is cor-
rected and this is corrected using Q. In the same way, all

the bits are corrected. We have assumed that L 1 and R I are

the error words, but correction is performed in the same way

even when any other data words are erroneous. Table 4-1 gives

the error correcting ability of the SP code. If it is assumed

at P = 1 x 10 -4 , then the improvement is about 10,000 times

compared with that of code A.

Fig. 3-6 shows the simulation results. Only once was

it impossible to correct the errors in six simulations. Ail
the others were error-less. We estimate that it will be im-

possible to correct only once in about 100 hours.
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Fig. 4-3 and 4-4 show the encoding circuit and the de-

coding circuit of the code. Both are extremely simple. All
the words are treated in series.

5. Conclusion

We undertook our development project based on the con-

viction that a code displaying a high error correcting abi-

lity must be adopted in order to give PCM recording a really

high quality.

In the past, there has been no choice other than to

rely on simulation based on a computer in order to estimate

the code ability. We, however, degenerated a Gilbert model

into a 0-th order Markov process which made it possible to

work out estimates using easy calculations. Furthermore,

we constructed a general-purpose simulator and proved the

validity of our estimates.

When using a single error correcting code, the code

errors are reduced to a fraction of one in several thousand.

When using the SP code which corrects 2 word errors, however,
the code errors were reduced to a fraction of 1 in several

tens of million compared with no correction at all at vir-

tually the same cost as that of the hardware for realizing

the single error correction code. As a result, the code

errors in music reproduction can be reduced to nil.

We believe that our SP code is ideal for PCM recording.
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