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we have

RNN(n + l)mN(n) + BNp(n)np(ri) = x~(n + 1). (A.27)

But BNp(n) satisfies equation (A.8):

and so (A.27) can be written as

RNNin + l)[>nN(.n)~DNp(n)iJip(n)] = xN(n + 1), (A.28)

which has the same form as (A.1 2) if

kN(n + 1) = mN{n)-DNp(n)ixp{n). (A.29)

Thus equation (A.29) updates the vector kN(n).
The updating of the prediction vector DNP(n), according

to (A. lO), requires the vector kN(n -k1). This is avoided by
solving (A. lO) and (A.29) to obtain a recursion for DN~(~)
not depending on kN(n + 1). The result is

(n) = [DNp(n - (nynp(n)T] [I
pp

(A.30)

The invertibility of the p-by-p matrix in (A.30) is proven in
reference [101.
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On Optimum Receivers for Analog Communication
in Impulsive Noise

B. B. MAD AN, S. PRASAD, AND A. K. MAHALANABIS

Abstruct-In this paper the problem of impulsive noise suppression
in analog communication systems is considered. The problem of
demodulation of amplitude and phase modulated signals in the presence
of impulsive noise is formulated by introducing a binary random process
to indicate the presence of impulsive noise. It is shown that sub-optimal
receiver structures can be derived using this model and these are similar
to some experimental receivers reported earlier in the literature. The
receivers derived are non-linear in nature and their working is demon-
strated through digital computer simulations.

I. INTRODUCTION

The problem of impulsive noise suppression has been treated
only sparingly in the communication literature. Moreover,
most of the previous work in this area has been concerned
with the minimization of the effect of this interference in
digital communication systems [ 1 -5 3 . No detailed treatment
of the effect of impulsive noise suppression on analog com-
munication systems is available, though a few practical ad-hoc
methods for suppressing the impulsive noise have been pro-
posed [6-81. The commonly employed techniques for the
suppression of impulsive noise are (a) hard limiting of the
received signal [6, 71 and (b) noise blanking reception [81. A
comprehensive experimental study of these techniques is
available in these references. An analysis of a PLL phase
demodulator in the presence of impulsive noise, when the PLL
is preceded by a hard limiter has been reported by Ohlson [61
and Mengali [ 7 ] . Gosling [8] has proposed the use of noise
blanking reception for the demodulation of ,amplitude modu-
lated signals. No treatment of a configuration corresponding to
the noise blanking reception of phase modulated signals is
available.
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In this paper we formulate the problem of optimum recep-
tion of an analog message received in the presence of impulsive
noise in its complete generality and develop sub-optimum
receivers using modern estimation theory techniques. It is
proposed that a modified version of the noise blanking receiver
is the natural framework for demodulation in the presence of
impulsive noise. The detailed structure of the demodulators
for the special cases of amplitude and phase modulated signals
are derived and their performance reported.

The technique used for the derivation of the receiver
structures is based on a state variable formulation of the
problem. The use of state variable techniques to study the
problems of optimum demodulation of analog signals received
through additive and multiplicative noise channels was started
by Van Trees [91 and Snyder [10J and continued by Tam
et a1 [12J and Prasad and Mahalanabis [131. In this paper we
introduce an indication process y(t) to indicate the presence of
impulsive noise. As will become evident in the sequel, this
allows us to make use of the results obtained for the problem
of state estimation with interrupted observations [141 to
obtain demodulator structures for the reception of analog
signals received after transmission’ through channels subject to
impulsive noise interference. For convenience and ease of
implementation, discrete time forms of the receivers are
derived. Extension to the continuous time case can be carried
out though not in a straightforward manner [151. A brief
summary of the contents of the paper is given below.

An appropriate model for the communication system
operating in impulsive noise environment is presented in
Section I1 which also considers the formulation of the corre-
sponding demodulation problem. Optimum receiver structures
for amplitude and phase modulated signals are considered in
Section I11 and Section IV respectively. Results of the simu-
lation of the receivers proposed are presented in Section V.
Derivation of the estimator for estimating the signal embedded
in impulsive noise is carried out in the appendix.

11. FORMULATION OF THE PROBLEM

Fig. 1 shows the block diagram of the basic communication
system to be considered here. The message process X(t) is an
n-dimensional Gauss/Markov process which is assumed to be
given by the differential equation,

i(t) = FX(t) t > 0 (1)

where F is the (nxn) system matrix, u(t) is an rn-vector, zero
mean white Gaussian noise process with covariance matrix
Q(t), and G is an (nxm) matrix. The output of the modulator
is a scalar signal r(t) described by the relationship r(t) =
h(X(t);1). The modulated signal after transmission through the
channel is additively corrupted by a zero mean white Gaussian
noise ~(t) of variance R and the impulsive noise which is
represented by the term y(t) ub(t). In this representation,
ub(t) is a high power noise process which for the sake of
simplicity is assumed to be zero mean white Gaussian with
variance Rb(t) (%). The process ~(t) is called the indication
process and is modeled as an uncorrelated binary sequence
taking values 1 or 0 with known a priori probability. The
occurrence of impulsive noise in the received signal is then
indicated by y(t) taking the particular value 1. It is also as-
sumed here that the processes u(t), u(t) and y(t) are mutually

DIGITAL

SAMPLER ! DEMODULATOR

1 JIKIh)

Fig. 1 Basic communication system under study

independent. The received signal can now be written as

y(t) = h(X(t); t) + 0(0 + 70KC0 (2)

The received signal y(t) is discretized by the sampler which
samples the continuous-time signal y(t) at a uniform rate so
that the output of the sampler can be written as,

y(k) = h(X(k); k) y(k)vb(k)) (3)

where T is the uniform sampling interval and the notation
y(k) is used for the sampled value of y(t) at the k t ” sampling
instant tk = kT etc. The quantities u(k) and ub(k) are discrete
white sequences with variance R and Rb(tk) respectively. It is
also assumed that y(k) is an uncorrelated binary sequence with

(4)

The sampled vector process X(k) can be shown to be the solu-
tion of the first order Gauss-Markov difference equation.

X(k 1,k)X(k) (5)

where u(k) is a white noise sequence with covariance
and @(k + 1, k) is called the state transition matrix and is given
by

$(i, j) = @(ti, ti) = exp [F (i - j)T]. (6)

The model assumed here for the impulsive noise is ad-
mittedly restrictive because of the Gaussian assumption for the
noise term ub(t) which is actually non-Gaussian in nature. This
has been done to simplify the analysis and therefore the
receivers- derived here are sub-optimum for practical situations.
Recently, Spaulding and Middleton [5] have proposed a new
model for the impulsive noise term ub(t) whose density func-
tion is assumed to have a series representation in terms of a
weighted sum of several Gaussian density functions, (they have
further shown in the appendix in [51 that this can be approxi-
mated by just two appropriately weighted Gaussian terms). It
is therefore simple to carry over the basic procedure outlined
here to include the Spaulding-Middleton model of the impul-
sive noise.

The communication problem to be considered in the sequel
is that of finding a minimum mean-squared error estimate
X(k I k) of the message process X(k) from the received signal
record:

{Yh:

III. AMPLITUDE MODULATION CASE

In this section we consider the problem of demodulation of
double side band (DSB) amplitude modulated (AM) signals
received in the presence of impulsive noise which occurs
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TABLE I

X(k\k-\) = 0(fc, fc - l)X(fc - 1 | fc - 1)

P(k | fc - 1) = 0(fc, fc - l)i>(fc - 1 | fc - 1 )<£'(*. fc - 1) + TG(k)Q(k)G(k)

RI-1

= P(kIk-lyl'(k) H(k)P(k I k -

H(k)P(k | fc -
Rb(.k)r

(10)

(11)

(12)

(13)

k) = x(k\k-i) + [P(o I fc)£(fc) + P ( i I fc)Kb(fc)] O 0 0 - #(fc)*(fc I fc - D)

P(fc | fc) = P(fc | fc - 1) - [p(0 | fc)K(fc) + p(l I k)Kb(k)]H(k)P(k \k - 1)

+ p(0 | fc)p(l | k)[K(k) - Kb(k)] T(k)[K(k) - Kb(k)]'

T(k) = [y(k) - H(k)X(k | fc-- 1)] 2

p(7 | fc) = Pr {>>(fc) = i | Yk], ! = 0, 1

(15)

(16)

(17)

exp - H(k)XQc | fc -

P(OU) =

y/SQc)
exp [-(y(fc) -H(k)X(k | fc -

+ •
p(fc)

exp

~(1 Ik)= 1-~(0Ik)

S(k) = H(k)P(k I k - 1W (fc) + -

(18)

(19)

(20)

randomly in time. Such situations are commonly encountered
for example, in mobile radio links [ 16J.

We consider the double side band demodulation problem
first because of its simplicity and also because the estimation
algorithm is exact under the assumption that the conditional
probability density function p(X(k) I Yk-l) is Gaussian. In
this case, the resulting scalar received signal model is

= H(k)X(k)

H(k) = [C sin
(1X n)

0 - 0].

(7)

(8)

The resulting nonlinear estimator equations are summarized
in Table I. The detailed derivation of the algofiithm is carried
out in Appendix A. The demodulator output X(k I k) is given
by

2(k I k) = 2(k I k - 1) + (p(0 I k)K(k)

- H(k)X{k \k-\)) (9)

where p(1 I k) is the a posteriori probability of having impul-
sive noise present in the received signal and p(0 I k) its absence.
The receiver structure suggested by the above equation is
illustrated in Fig. 2. Note that this receiver differs from the
conventional receiver in that it has two branches each weighing
the new information or the 'innovation sequence' according to

A-POSTERIORI
PROB.

COMPUTER

K(k)

HB)

DELAY

Fig. 2 Amplitude demodulator structure for reception in implusive
noise

the strength of the noise present in the-observations, as com-
puted by the. a .poSteriori probab.ility computer. The demodu-
lator suggested in [8J then becomes .a special case of this
receiver where we arbitrarily set gb(k) = 0 and moreover we
are able to perfectly detect the presence or absence of impul-
sive noise in the received signal. In Section V we present the
performance results obtained via digital computer simulation
for the case of scalar message model, which will illustrate the
usefulness of the demodulator just proposed.



CONCISE PAPERS 1449

TABLE I1

2(k[k-l) = $h(k,k-lfl(k-lIk-1) (23)

P(k I k - 1) = @(k, k-1)P(k-1Ik- l)@'(k - k - 1) + TG(k)Q(k)G'(k) (24)

(25)

(26)

(27)

R+Rb(k)+Tp^2'

R + Rb(k) + 2TPlfi

X(k | *) = •• - 1) + [p(0 | fc)^(^)

c2

k) = P(k \k — 1) P(jt U - 1 )/3/3P(A: | * -

- (1 p,,) Csin(9(k\k-1))

U-D/3'

\k-l) = coetk - * - l )

I-PW
exp

p(O|Jt)=-
I 1 ^{Ir^l
I iiO^/C^

I" nHk)
I o c'/'i-^

p(l I *) = 1 -

c2

2

exp - - - r f +"

k)

P(*)
= exp

(30)

(31)

(32)

(33)

(34)

IV. PHASE MODULATION CASE

In this section, we extend the results obtained in Section
III for the linear modulation case to nonlinear modulation. We
specifically consider the case of phase modulation (PM).

The modulated signal model for this case is

h(X(k); k) = C sin (211

where, 0 4 [PI, 0 '" 0] is an n-dimensional row vector and is
called the modulation index.

The estimator equations for this case can be easily obtained
by first %xpanding h(X(k); k) by a 2nd order Taylor's series
around X(k 1 k-1) [ l l ] and then following the steps of
Appendix A. Without going into any further, details, we
summarize the estimation algorithm in Table 11. This algorithm
is an approximate algorithm which is valid only under the
assumption that the input SNR is sufficiently high prior to the
instant at which the impulsive noise appears. From Table 11,

the output of the phase demodulator is,

k) = X(k\k-l) + [p(0 | k)K(k)

+ d1Ik)Kb(k)ln(k) (22)

The sub-optimum receiver structure as suggested by (22) is
shown in Fig. 3. As is to be expected the receiver is a PLL
demodulator but again it has two gain elements. The new
information regarding the signal is weighted according to the
a posteriori probability of the noise strength. At this stage it
is appropriate to mention that simulation studies have shown
that it is better to make Kb(k) = 0 (which in any case is quite
small). The reason for this ad-hoc adjustment can be easily
explained by the fact that when impulsive noise is present in
the received signal, the input SNR generally drops to below
the threshold level, the region in which the estimator structure
is no longer valid, and the PLL starts skipping cycles. By sub-
stituting Kb(k) = 0 during the presence of impulsive noise, we
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A-POSTERIORI
PROB.

COMPUTER

Kb(k)

K(k)

PHASE
MOD.

Fig. 3 Phase demodulator structure for reception in impulsive noise

tend to neglect the information contained in the observations
regarding the message signal. The message signal estimate then
more or less depends on the previous estimates of the signal
alone. This arrangement obviously results in a simplified re-
ceiver structure.

It is interesting to study the behavior of the PL,L demodula-
tor in the presence of impulsive noise after it has achieved
steady state. Looking at Eq. (28) (Table 11) for the error
covariance, we see that it is coupled to the obse*ations not
OAly because of nonlinear modulation (wKch can be neglected
under high input SNR conditions) but als6 because the obser-
vation model has some uncertainty regarding the presence of
impulsive noise. Therefore, in general, it will not be p.ossible
to carry out any theoretical analysis beforehand. However,
under the following two assumptions an approximate analysis
may be carried out:

(i) Since the occurfence .of last noise impulse, the PLL
has been operating for a sufficientiy long time to have attained
steady state.

(ii) During the presence of impuhive noise no useful
information may be derived from the observations regarding
the signal.

Under these conditions it is now possible to calculate
approximately the maximum time for which the impulsive
noise may persist before throwing the PLL out of lock (also
called the pull-out time). Let tk be the time instant at which
the impulsive noise arrives. Then,

P{tk+N\tk+N)3:P(tk+N\tk) (35)

where P(tk+N I tk+N) and P(tk+N I tk) are the filtering and
prediction erro! covariances at instan: tk+N corresponding to
the estimates X(tk+N 1 tk+N.) and X(tk+N I tk) respectively
and (tk+N — tk) is t h e time for which the impulsive noise is
present. It is easy to show that P(?k+N I tk ) is given by

tk)<t>'(tk+N, tk)

r<Kth+N,t)GQ(t)G<t>'(tk+N>t)dt.

(36)

Superscript ' denotes transpose. Consider a simple case of
stationary scalar message model given in terms of its power
spectral density S,(w) which is assumed here to be the first

order Butterworth. Therefore,

2aP
(37)

where a is the 3-dB cut off frequency in radiansls and P is the
height of the spectrum. For this case,

and

2 0 ) = 2cuP; i;=1.

(38)

(39)

Making use of the assumption that at time tk the demodulator
has reached the steady state, one can replace P(tk 1 t k ) by Pi

s,
the steady state error variance of the message process. It can
be shown that P,, is given by [171

+2(32(A/7r)]1 /2-l
(40)

where, A = nC2/Ra, the input SNR in the 3-dB message band-
width. The threshold is reached when P(tk+N I tk+,N) reaches
the value 0.25/P2. Making these substitutions in (35) and (36)
and solving for the pull-out time Tb = (tk+N — tk), we get,

Tb = ^- Ln
2a

2a

Q_

L2a

0.25
(41)

Equation (41) has been plotted in Fig. 4 for Tb vs A for
different values of the modulation index. As is to be expected,
for higher input SNR the PLL demodulator can withstand
impulsive noise for longer durations before reaching the thres-
hold. This is because of the lower value of P,, attainable with
higher input SNR. Dependence on 0 is explained by the fact
that for larger 8, we are introducing a larger non-linearity in
the system. This means that threshold phenomena will become
prominent at low input SNR.

V. SIMULATION RESULTS

In this section we demonstrate the performance of ampli-
tude and phase demodulators operating in the prbsence of
impulsive noise, via digital computer simulations. We consider
a scalar message model described by its power spectral density
which is assumed to be 1st order Butterworth and is given by
(37). The resulting discrete time message model is given by

X(k = e-aTX(k) (42)

For the case of amplitude modulation, synchronous demod-
ulation is carried out by sampling the observations At instants
tk given by,

kit n
CO,,

(43)

This has the additional advantage that observations are now
reduced to baseband, and the implementation is simplified.
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Fig. 4 Maximum lock in time TB for phase demodulator in the presence
of impulsive noise
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Fig. 5 Sample signals X(k) and ,?(k/k) for AM case

Fig. 5 shows a sample input and output of the amplitude
demodulator. A measure of the performance of the receiver is
the sample error variance P(k/k). However, since the receiver
is nonlinear in nature, a more appropriate measure of the
performance would be the actual mean squared error E(k)
averaged over a number of independent sample runs each
with independent noise samples. E(k) is defined as,

N

(44)

where the superscript i denotes the i t h sample run and N is
the total number of such independent runs. Fig. 6 illustrates
the sample error variance P(k/k) and actual mean squared
error F(k) for the AM case. Fig. 7 illustrates the signal esti-
mate X(k/k) for the PM case. Fig. 8 shows the corresponding
sample error variance P(k/k) and the actual mean-squared
error E(k). For the DSB case the error variance rapidly returns
to a smaller value after the disappearance of the impulsive
noise. But for the PM case, it does not decrease so rapidly. In

fact it may keep on increasing for sometime even after the
impulsive noise has disappeared, before receding again to a
smaller value. This is typical of nonlinear modulation schemes
which exhibit threshold phenomena when the input SNR
drops to a low value.

VI. CONCLUDING REMARKS

It is shown that convenient forms of demodulators for
amplitude and phase modulated signals affected by impulsive
noise can be developed on the basis of a state variable model.
This requires that the occurrence of the impulsive noise be
modeled through a binary variable having finite probability of
occurrence of both the states. The results of the simulation
study indicate the utility of the proposed receivers.

The basic approach outlined in the present paper can be
extended suitably to include the case when the impulsive noise
pdf is taken to consist of a weighted Gaussian sum, as suggested
in [SI. The estimation algorithms however, for this case will
be understandably more complex. Further it should be possi-
ble to improve the reception by introducing a time delay [13J.
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APPENDIX 'A'
Cov. = H(k)P(k | Jfc - 1 )H'(k) + (A 10)

DERIVATION OF THE ESTIMATOR EQUATION
FOR THE AM CASE

Further, since we have assumed that y(k) is an uncorrelated
From the definition of the conditional probability density sequence, implying that,

funcfion (pdf), we can write, Pr. {y(k) = 1 = Pr. {y(k) = 1) = p(k). (A.1 1)

=»". y f e )

i=0

(A.1)

Let us now evaluate the conditional pdf, p(X(k)
i, Yk). By the use of Bayes' rule [181 we can see that

Substituting eqs. (A.g)-(A.ll) into (A.8) gives the required
results for p(O/k) and p(l/k).

Derivation of the Estimator

To derive the results for the conditional estimate and its
error covariance, we start from eq. (A. 1). Rewriting (A. l),

From eq. (7) and under the assumption that p(X(k) I Yk-l) is where
Gaussian, we see from (A.2) that p(X(k)/y(k) = i, Y k ) is also
Gaussian with,

| y(k) = i, Y>] Pr.

k) + ZL(K)P(L I k)

y(k) = i, Y k )

mean = -?(it I k - 1) f [(I - i)K(k) + iKb(k)] @(k) =i(kIk-1) + [(I- i)K(k) + iKb

-H(k)X(k\k-l))). (A3) -H(k)X(k\k-l)).

Cov. = P(k/k - 1) + [(1 - i)K(k) + /ATb(A:)] Substituting eq. (A.14) into eq. (A.I 2) yields,

. H(k)P(k/k - 1) (A 4)
I *) =

where i = 0, 1, and

* - 1) + [P(O | *)«(*) +

* ~ 1 ))•

(A. 14)

k)Kb(k)]

(A. 15)

I RI
= J‘(kIk-l)H(k)H(k)P(kIk-1)H'(k) + -

Derivation of the Covariance Equation

conditional error covariance matrix is given by,

* -

I •

Next, consider the conditional probability,

p(i/*)A.Pr b(k) = i/Y*}, i = 0, 1

Applying Bayes' rule,

p(0/k | y(k) = 0, Yk~x) Pr {y(k) = 0 | r*-

(A.6)

(A.7)

P(k/k) = E{[X(k) - T(k I k)]

. [X(k) - i(k I k)]'

l

= Yrfi I *)E{[ JT(*) - X(k
1=0

— X(k \k)}'\ y(k) = i, Yk}

(A. 16)

(A. 17)

where

Si@)LAE{[X(k)-2(kIk)]

2
i=0 64.8)

From the earlier assumption that p(X(k) I Yr-’) is Gaussian,
it follows that the conditional pdf p(y(k) I y(k) = i, Yk-l) is
also Gaussian with,

mean = k - 1 ) 64.9)

Using (A.14) and (A.19), we can write that,

So@) = Et[X(k)-ZO(k>l

. [X@) — zo(k)l' I y(k) = 0, Yk}

+[zo(k)- R(k I k)][zo(k)-R(k I k)]'. (A.20)
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Also from (A. 13) and (A. 14),

zO(k) - -f(k 1 k) = P(1 1 k)(K(k) - Kb(k))

*G(k)-H(k)R(kIk-1)).

Using eqs. (A. 19), (A.20) and (A.21) gives,

50(fc) = P(k | k - 1) + Kb(k)H(k)P(k \ k - \ )

+ p(l\k)[K(k)-Kb(k)]T(k)

•[KQc)-Kb(k)]'
where,

T(k) = [y(k)-H(k)X(k | k - 1)] 2.

Similarly, it can easily be shown that,

S^k) =P(k\k~l)+ Kb{k)H{k)P{k \k-l)

+ p(0 | k)[K(k) - Kb(k)] T(k)[K(k)

(A.21)

(A.22)

(A.23)

(A.24)

Combining (A.18), (A.23) and (A.24) gives the desired result
for P(k I k).

ACKNOWLEDGMENT

The authors would like to thank the reviewers for their
useful comments.

REFERENCES

1. A. B. Bodonyi, "Effect of impulsive noise in digital data trans-
mission", IRE Trans. Comm. Systems, vol. CS-9, pp. 362-366,
Dec. 1961.

2. L. R. Halstead, "On binary data transmission error rates to com-
binations of Gaussian and impulsive noise", IEEE Tkans. Comm.
Systems, vol. CS-11, pp. 280-284, September 1963.

3. J. S. Engel, "Digital transmission in the presence of impulsive
noise", Bell Systems Tech. J., vol. 44, pp. 1699-1743, October
1965.

4. P. A. Bello and R. Esposito, "A new method for calculating
probabilities of error due to impulsive noise", IEEE Trans. Comm.
Technology, vol. COM-17, pp. 368-379, June 1969.

5. A. D. Spaulding and D. Middleton, "Optimum reception in an
impulsive interference environment", US Dept. of Commerce/
Office of Telecomm., Tech. Dept. OTR 75-67, 1975.

6. J. E. Ohlson, "Phased-locked loop operation in the presence of
imd.sive and Gaussian noise", IEEE Trans. Comm. Vol. Com-21,
pp. 991-996, September 1973.

7. U. Mengali, "Limiting the impulsive noise in a PLL", IEEE Trans.
Aero. and Elect. Systems, vol. AES-11, pp. 514-518, July 1975.

8. W. Gosling, "Impulsive noise reduction in radio receivers", The
Radio and Elect. Eng. Vol. 43, pp. 341-347, May 1973.

9. H. L. Van Trees, "Analog communication over randomly time
varying channels", IEEE Trans. Inf Th. Vol. IT-12, pp. 51-63,
January 1963.

10. D. L. Snyder, State Variable Approach to Continuous Estimation,
M.I.T., Press, Cambridge, Mass., 1970.

11. C. N. Kelly and S. C. Gupta, "Discrete time demodulation of
continuous time signals", IEEE Trans. Inf Theory, Vol. IT-18,
pp. 488493, July 1972.

12. P. K. S. Tam, T. K. S. Tam and J. B. Moore, "Fixed lag demodula-
tion of discrete noisy measurements of FM signals", Automatica,
VO~. 9. pp. 725-729.

13. S. Prasad and A. K. Mahalanabis, "Finite lag receivers for analog
communications", IEEE Trans. Comm., Vol. COM-23, pp. 204-
212, Feb. 1975.

14. Y. Sawaragi, T. Katayama and S. Fujshige, "Sequential state
estimation with interrupted observations", In5 and Contr., Vol.
21, pp. 56-71, August 1972.

15. Y. Sawaragi, T. Katayama and S. Fujishige, "State estimation for
continuous time systems with interrupted observations", IEEE
Trans. Auto. Contr., Vol. AC-19, pp. 307-314, August 1974.

16. R. T. Beusing, "Modulation methods and channel separation in the
land mobile systems", IEEE Trans. Vehicular Technology Vol.
VT-19,pp. 187-190, 1970.

17. A. J. Viterbi, Principles of Coherent Communication, McGraw-Hill,
New York, 1968.

18. Y. C. Ho and R. C. K. Lee, "A Bayesian approach to problems in
stochastic estimation and control", IEEE Trans. Auto Contr.
Vol. AC-19, pp. 307-314, August 1974.

Orthogonal Transform Coding System for NTSC
Color Television Signals

T. OHIRA, M. HAYAKAWA, AND K. MATSUMOTO

Abstract—A twedimensional, 32nd-order orthogonal transform
coding system which performs three types of transformations in real-
time for NTSC color television signals has been developed. This paper
reports on a hardware realization of this system, the optimum bit-
assignments for 32 and 22 Mbit/s transmission rates and the effects of
bit errors during transmission. Through the evaluation of picture
quality, the system gave a fine quality of pictures after compressing
an %bit digitized television signal into 3 bitslpel corresponding to 32
Mbit/s transmission, and a passable quality of pictures by 2.25 bits/
pel corresponding to 22 “bit/s transmission.

I. INTRODUCTION

High-speed digital IC technology has made it possible to
digitize TV signals and process them in a digital mode. When
analog TV signals are to be converted into digital form and
transmitted, an extremely wide bandwidth is required. Hence,
to achieve efficient TV transmission, it is required to compress
the original bandwidth by taking advantage of the close corre-
lation of TV signals. Research and development of efficient
bandwidth compression techniques have been carried out in
many countries.

Orthogonal transform coding is one of the powerful tools in
bandwidth compression techniques. Among various types of
orthogonal matrices, the Hadamard matrix is the simplest one
whose elements consist of +1 and — 1, and also has some inter-
esting properties. A high-speed computational algorithm which
performs the Hadamard transformation has been developed
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