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AN APPROXIMATE MATCHED FILTER DESIGN FOR 
DETECTING A PULSED CARRIER IN NOISE 

I. INTRODUCTION 

Noise, which exists even before man knows how to convey the 

message, is a serious problem in electrical communication systems. 

Were it not for noise, any signal could be possibly transmitted at any 

amplitude and rende:: -ed intelligible at the point of reception. Noise 

serves to perturb the desired signal in physical systems. It sets a 

limit on the information transmission capacity of the communication 

systems. Therefore, to the engineers, the discrimination of the sig- 

nal from the noisy background is a central problem in communication 

theory. 

It should be pointed out that whenever we talk of distinguishing 

the signal from noise, we specify the signal relative to noise voltage. 

If it is possible to find the RMS noise voltage at the output of a sys- 

tem, then we can estimate the minimum value of the signal required 

at the input to be distinguished properly in the presence of noise at 

the receiving end. Therefore, the signal -to -noise ratio is a useful 

quantity for evaluating the system performance. However, it should 

be noted that maximization of (S/ N) is an estimation prob- output 

lem. It is then to ask how well one can do to realize this approach- - 

to actually design a linear filter that is optimum in the sense of 
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maximizing the signal -to -noise ratio. 

There are two kinds of linear detecting systems that are gen- 

erally used: the Weiner's filter and the matched filter. The former 

is a kind of linear filter problem that in trying to detect a periodic 

signal corrupted by noise, it is desired to reproduce the signal at 

the output to be as close to the one desired as possible. On the other 

hand, in radar systems, it is required to detect the "presence" of 

the signal echo masked in the fluctuation noise. Therefore, the RMS 

amplitude of the signal to that of noise should be maximized as much 

as possible at the certain time. Hence, in the matched filter design 

work, we are interested in recognizing the signal in the presence of 

noise. To reproduce the signal faithfully at the output is relatively 

of no importance. Both in the Weiner's filter and the matched filter, 

the input signal should be of the known form. It is the purpose of this 

thesis to design an approximate matched filter capable of detecting 

a 30 MHz, 0.45 microsecond pulsed carrier in white noise. 

In the section immediately following we discuss something 

about the noise and several items that are useful later. Section III 

deals with some theoretical background of the matched filter, and 

Section IV presents the actual design work, the complete circuit and 

some limitations. The last section is the conclusion of this thesis. 
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II. NOISE 

This section discusses briefly the general idea of noise, the 

signal -to -noise ratio, and the autocorrelation function of white noise. 

They are presented here in an introductory form and will be used in 

the later sections. For more details, the reader is referred to the 

references shown in the various places. 

General Idea 

In an electrical system, noise is a kind of undesired disturbance 

within a useful frequency band that tends to perturb the signal to be 

transmitted. Also, noise might be any undesired component in the 

presence of a wanted signal. Therefore, a message in one trans- 

mission channel could be considered sometimes as noise in another. 

It was found that in the electric circuits there are two basic types of 

spontaneous fluctuation noise voltage: (1) Shot noise, which is due to 

the random emission of the electrons, (2) Thermal noise, which is 

due to the thermal interaction among the free electrons and vibrating 

ions in a conducting medium (8, p. 213). 

Actually, since noise fluctuates randomly over a period of time, 

it is not suitable to deal with the instantaneous noise level. Therefore, 

what can be done is to take the average over a long period of time and 

deal with the mean squared value since it is simply the variance of the 
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probability function of the noise. Meanwhile, for our purpose, we 

consider only the thermal noise because it was found that for this 

kind of noise the spectrum is flat over a wide frequency range (con- 

stant spectral density)(8, p. 213 -214). The matched filter to be con- 

sidered is based upon the assumption of this kind of noise background. 

Noise possessing such a flat spectrum is called white noise (5, p. 34). 

Signal -to -Noise Ratio 

As described earlier, we can not talk of the instantaneous sig- 

nal level and the noise level. The mean squared value is the quantity 

we are interested in. The signal -to -noise ratio at the output of a 

system is defined as, 

1/2 
where S0(t) and (N2 (t) ) are the RMS output voltage for the 

signal and noise, respectively. The quantity q is to be maximized 

at certain specific time t = t0 through the matched filter detecting 

system. 

The Autocorrelating Function of the White Noise 

White noise is defined as any random process whose spectral 

density is constant over all the frequencies. It is then interesting 

SD (t) 

9 

151,(t) 
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to see, at this point, the autocorrelation function of the white noise, 

(t), which is the quantity to be used in the theoretical develop - 
nn 

ment of the matched filter performance. First of all, band- limited 

white noise is considered. In the frequency domain the band - limited 

noise is shown in Figure 1, where N0 is the spectral density with 

the unit volts 2/ hz. 

N( f) 

No 

-f0/2 0/2 

Figure 1. The band -limited white noise 

The autocorrelation function of band - limited white noise is 

1 - f. sinew t 
6nn(t) = 

21 
4N0 ejwtdf = N,f, 

w 2fíl p 

Figure 2 shows a sketch of the autocorrelation function, 6 (t) 'nn 

given in Equation (1) . 

(1) 
. 

2 0 
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-1/2 f 1/2 f 

2/2 f0 _ `2/2 f0 

Figure 2. The autocorrelation function of 
the band -limited white noise 

For the unlimited white noise the frequency spectrum is under 

the condition when f0 co. Therefore, 

00 

(I)nn(t) - S 
NOe,jw-tdf 

- ,VO b(t) 
oo 

(2) 

Equation (2) shows that the autocorrelation function for white noise 

is an impulse, which can be easily found out from Figure 2 when 

f--- oo . 
0 

- 
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III. THE MATHEMATICAL BACKGROUND OF THE 
MATCHED FILTER 

As pointed out earlier, the signal -to -noise ratio is a useful 

quantity for evaluating system performance. It should be realized 

that there is a sound mathematical background for the matched filter 

theory. Only the linear filtering operation is considered by which 

the output signal -to -noise ratio may be maximized when the input 

signal process is specified in some definite sense. The importance 

of the impulse and the signal generation are described. Theoretical 

derivation gives an expression of the impulse response, h(t), of 

the matched filter when the signal -to -noise ratio is maximized at 

certain pre -chosen time t = to. Rectangular pulses, as a special 

case, are considered at the end of this section. This special case 

is the keystone of the experimental work that is going to be discussed 

in Section IV. 

The Impulse Response 

The unit impulse, 6(t), is a pulse with zero width, unit area 

and infinite height. Its spectrum is flat, independent of the frequency 

and is shown in Figure 3. When an impulse is applied to an electrical 

circuit, it can be said that an infinite number of oscillators are 

applied to that circuit simultaneously. Any response that appears at 



Figure 3. The spectrum of the impulse 

the output is due to the circuit itself. It is called the impulse re- 

sponse, h(t), of the circuit. The impulse, therefore, is some- 

8 

times called the searching function. If any other kind of input is 

applied to the circuit, it is found that the output is the convolution of 

the input time function and the impulse response of the circuit. 

Of course, in the practical case, it is impossible to obtain a 

zero pulse width, infinite height impulse. However, if the bandwidth 

of the pulse is approximately ten times as large as that of the circuit 

itself, it is quite safe to say that this pulse is an impulse as far as 

that particular circuit is concerned (8, p. 58). 

The Definition of the Matched Filter 

The matched filter is one whose characteristics satisfy the 

condition that the Fourier transform of the impulse response of the 

H(JW) 

Ho 

o 
f 
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filter is the complex conjugate of the Fourier transform of the input 

signal, except possibly for a phase shift which varies linearly with 

frequency (11, p. 942). 

If the input signalis S.(t), its Fourier transform is denoted 

by 

and 

1 

2n 
S(t)e-jwtdt 

-oo 

ÇS.(jw)e3Wtdw. S.(t) 
-oo 

The matched filter response is required to be 

H(jw) = KSi(-jw)eJwtO = KSi`(jw)e JwtO. 

Equation (5) will be proved later, where H(jw) stands for the 

(3) 

(4) 

(5) 

Fourier transform of the impulse response of the matched filter and 

Ke JwtO is a delay factor. 

Sometimes, the matched filter is called the ''conjugated filter" 

owing to the fact that the Fourier transform of the impulse response 

is that of the complex "conjugate" of the signal (10, p. 312). 

In the time domain, the impulse response of the matched filter 

has the form 

h(t) = KS.(t0-t), (E) 

Si(jw) _ 

0-k 
= 1 

J 
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which is the time reverse of the input signal and then with certain 

shift to. Equation (6) is stated without proof, but will be given by 

a rigorous mathematical derivation when the theoretical background 

of the matched filter is discussed. 

When the condition, Equation (5) or Equation (6), is satisfied, 

it is found that the signal -to -noise ratio will be maximized at some 

pre -chosen time t = t0. The output time function of the matched 

filter is the convolution of the input time function, S.(t), and the 

impulse response of the filter, h(t). In this case, the output time 

function is just the autocorrelation function of the input signal itself. 

By using Equation (6), the said statement can be proved. Suppose 

S0(t) represents the output signal, then by convolution 

S0(t) = 
J 

Si(u)h(t-u)du, 
_ox) 

since from Equation (6) we have 

h(t) = KSi(t0-t), 

therefore, 

h(t-u) = KSi(u-t+t0) = KSi(u+v) 

where v = t0 -t. 

(7) 

(8) 

00 

j 



Substituting (8) into (7) gives 

co 

So(t) = K S.(u)S.(u+v)du 

11 

(9) 

Equation (9) shows that the output time function is the autocorrelation 

function of the input signal. The form of the output signal is of rela- 

tively no importance. The essential thing is that through the matched 

filter detection system it is possible to recognize the signal in the 

presence of noise. 

Signal Generation and Receiving 

After knowing the significance of the impulse and the impulse 

response of the circuit, it is then suitable to mention that there are 

two kinds of signal generation systems that are generally used: 

(1) Active signal generation, (2) Passive signal generation. As far 

as the matched filter is concerned, the active signal generation is the 

process of using a signal generator that can generate a signal which 

is the time reverse of the impulse response of the filter. However, 

active signal generation was discarded because of the fact that no 

such signal generator was available to suit the particular requirement 

of the matched filter which this thesis is based upon. Passive signal 

generation is based on the fact that the impulse response of a network 

is the inverse Fourier transform of the frequency response of the 
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network. Thus to generate a certain waveform, a network having a 

response identical to the waveform spectrum is driven by an impulse. 

Figure 4 shows a block diagram of the signal generation and re- 

ceiving system. The impulse response of filter I, S(t), is in time 

reverse to that of filter II. S(t) serves as a signal as far as filter 

II is concerned. Filter II is then called the matched filter receiver 

with the signal -to -noise ratio at the output to be maximized at certain 

pre- determined time t = to. 

Impulse Filter I 

S(t) 

Signal 
Filter II 

Figure 4. The block diagram of the signal 
generation and receiving system 

Q Output 

The Mathematical Derivation of the Matched Filter (2, p. 244 -246; 
12, p. 1123 -1131) 

In the following discussions, it is assumed that a linear filtering 

system is considered. Also the input signal is a specified but other- 

wise arbitrary function of time, and the noise N.(t) is white with a 

known correlation function of the form: 
`13nn(t) 

= No6(t). At the input 

p 



of the linear filter, we have 

Zi(t) = Si(t) + Ni(t) 

The output signal -to -noise ratio is defined, as before, 

SO(t) 
q = (S/ N)output 

2 
NO(t) 

If the signal -to -noise ratio is maximized at t = tO, 

or 

NO(t) - 
1 S(t0) 0 

qmax 

ND(t) - aS(t0) > 
0 

13 

(10) 

we then have 

(11) 

(12) 

where a = 1/o and the equality sign holds only for the output max 

of the optimum filter which we are looking for. The search for an 

optimum filter is done if it is possible to derive an expression for 

the impulse response, h(t), of the required linear filter. 

The output and the input of an electrical circuit are related by 

the convolution integral. Then 



co 

SO(t0) h(t)Si(t0-t)dt 
-oo 

('co 
N0(t0) 1 h(t)Ni(t0-t)dt - c0 

14 

(13) 

(14) 

,00 

h(u)h(v)4)nni(u-v)dvdu. (15) 
_oo _co 

The derivation of Equation (15) is given in Appendix I. Suppose that 

g(t) is any arbitrary real function with the property: 

oo 

Sg(t)Si(t0-t)dt = 0 

_oo 

(16) 

For any arbitrary constant r, by combining Equation (13) and (16) 

gives 

S0(t0) 
co 

[h(t)+ r g(t)] Si(t0-t)dt 
co 

If we denote Nz(t) by N(h) and Sz(t0) by S(h), then the 

signal -to -noise ratio is 

S(h) 
gmax N(h) 

(17) 

(18) 

N(t) 

= 

= 

_ 
'T 



We notice that N(h) and S(h) are both quadratic functionals, 

then for the optimum filter we have 

N(h) - a S(h) = 0. 

From Equation (12) and (17) we get 

15 

(19) 

> 
N(h + rg) - a S(h) = 0 (20) 

Subtract Equation (19) from Equation (20) gives (3, p. 150 -151) 

or 

N(h + rg) - N(h) 
> 

0 

N(h) + 2rN(h,g) + r2N(g) - N(h) = 0 

r2N(g) + 2rN(h, g) 0 (21) 

If we remember Equation (15), and the noise is white with 

cl)nn(t) = NO6(t), then Equation (21) will have the form 

('00 00 co ,00 

r2N0 J 5g(u)g(v)6(v-u)du dv + 2rN0 h(u)g(v)6(v-u)du dv = 0 
_ oo _ oo _ oo _oc 

This inequality is satisfied for all values of r, if and only if the 

second termdrops to zero. 

Therefore, 



or 
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00 00 

N h(u)g(v)6(v-u)dudv 0 (22) 
-00 -co 

00 00 

Sg(t)[ Sh(u)8(t -u)du] dt = 0 (23) 
-oo _co 

Comparing Equation (16) and (23) we conclude that 

co 

` h(u)6(t-u)du = KSi(t0-t) 
_00 

where K is a non -zero constant. Since the left hand side of 

Equation (24) is equal to h(t), we have 

= KSi(t0-t) 

This is the requirement for the impulse response of the matched 

filter which we are looking for in order to get the maximum 

(24) 

(25) 

(S/ N)out p ut 
at a certain time t = t0. 

It is found from Equation (25) that the impulse response of the 

matched filter is the reverse of the specified input signal in the time 

domain with certain delay t0 and an amplitude factor K. 

In order to be able to design a matched filter, first of all it 

should be decided what kind of the signal is going to be matched. 

Once the signal is specified and the matched filter is actually built, 

J J = 
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the output of the matched filter will be the autocorrelation function of 

the signal itself with signal -to -noise ratio to be maximized at certain 

pre- determined time t = to. 

Special Case - Rectangular Pulses 

It has already been mentioned that the impulse response of the 

matched filter is 

h(t) = KSi(t0-t) (26) 

It is going to be proved that in the frequency domain the Fourier 

transform of Equation (26) is the complex conjugate of S.(t) with 

certain delay. It can be easily shown as follows 

co 

H(jw) _ (1/ 2rr) h(t)e iwtdt 

ÇS.(t0t)eJwtdt (K/ 27) 
_00 

Set t -t 
0 

= u, then dt = -du, Equation (27) becomes 

(' co 
w 

H(jw) _ (K/ 27) 1 S i(u)e -j{t 
0- 

u} du 
' _oo 

0o 

(K/ 27)e-jwt0 S.( )eiwudu 
-00 

= KS(-jw)e 
jwt0 

= KS"(jw)e 

(27) 

(28) 

_oo 

_ 1 

= 
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Equation (28) shows that the impulse response, h(t), in the form of 

Equation (26) satisfies the requirement for a matched filter. Equation 

(28) is the same as Equation (6) where the definition of the matched 

filter was presented. 

In order to make the problem a little more simple, consider a 

special case when the input signal is a rectangular pulse with duration 

T second and is symmetric about its mid -point in time, then (see 

Appendix II), 

Si(jw) = Si` (jw) - (29) 

If the signal -to -noise ratio is to be maximized at the trailing 

edge of the signal, then t0 = T in Equation (26). Therefore, the 

impulse response of the matched filter, under our present assumption, 

has exactly the same form as the signal itself (except possibly an 

amplitude factor K). 

Figure 5 shows the operation involved in the convolution of a 

rectangular pulse and the impulse response of the associated matched 

filter. The signal just considered is the lowpass case, but it can be 

easily transformed to the bandpass case. 

Assume the input signal to be a pulsed sine wave of the form 

S.(t) = E sinwt 
i m 0 < t < T 

elsewhere S.(t) = 0 i 
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h(t) 

(1) Displacement of 
h(t) 

o u 

t 

h(t) = K Si (T -t) 

(2) Folding of h(t) 

t 

o 

(3) Multiplication of S.(t) 
and h(t -u) 

(4) Integration 

o t u 

u 

Figure 5. Illustrating the operation involved in the convolution of 
two rectangular pulses 

i 

shad 

(t) 

area 

0 t T u 

Si(t) 

E 

T 

-+ 
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It is desired to maximize the output signal -to -noise ratio at t0 = T. 

From Equation (26) the impulse response of the matched filter is 

seen to be 

h(t) = KE sinw(T -t) 0 < t < T m - 

h(t) = 0 elsewhere 

By applying the convolution integral the output time function is found as 

oo 

SO(t) = Si(u)h(t-u)du 
-oo 

2 
= KE J sin(wu)sinw(T-t+u)du m _co 

(30) 

Equation (30) can be subdivided into two time intervals: 0 < t < T 

and T < t < 2T. Figure 6 gives the operation of the calculation of 

Equation (30) when dealing with the separate shifting interval. Only 

the envelope of the pulsed sine wave is shown because the operation 

can be easily understood at the first sight. 

First of all let us consider the time interval, 0 < t < T, from 

Equation (30) and Figure 6 we have the following 

1 

c.o 



h (t-u) 

KE2 

si(u) si(u 

(0 <t <T) 

t-T 

KE2 m 

h (t-u) 

(T <t< 2T) 

Figure 6. Illustrating the operation of the convolution 
of the pulsed signal and the impulse response 
of the associated matched filter 

('t 

S01(t) = KEm J sin(wu)sinw(T-t+u)du 
0 

(0<t<T) 

= 1/2 KEm[ucosw(T-t) - (1/2w)sinw(2u+T-t)] 
0 

= 1/2KEm[tcosw(T-t) - (1/2w)cos(wT)sin(wt)] 

= 1 /2KEmt[cosw(T -t) - 
s in(wt) cos (wT)] 

21 

(31) 

Next, let us consider the time interval, T < t < 2T, from Equation 

(30) and Figure 6, we get 

2 ('T 
S02(t) = KEm J sin(wu)sinw(T-t+u)du 

t-T 
(T < t < 2T) 

= 1/2KE2 [ucosw(T-t) - (1/2w)sinw(2u+T-t)] t 
= 1/2KE2 [(2T-t)cosw(T-t) - (1/2w)cos(wT)sinw(2T-t)] 

= 1/2KE2 (2T-t)[cos w(T-t)- sinw(2T-t) 
m 2w(2T-t) cos (wT)] . (32) 

u u 
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When t = 0 or t = 2T, both Equation (31) and (32) equal to zero. 

They show the same maximum when t = T, we have the amplitude 

of S (t) 
0 

of the form 

SO(T) = 1 /2KEmT[ 1 - (1 /2wT)sin(2wT)] 

If the pulsed sine wave contains a large number of cycles (as is 

usually the case) the last term of the Equation (33) is negligible, 

and we have 

SO(T) = 1/2 K E2 T 

(33) 

(34) 

From Equation (31) and (32) the shape of the input and the output 

waveforms are like those shown in Figure 7. Figure 7 shows that 

the envelope of the bandpass case is the same as that of the lowpass 

case. The subject of this thesis is to deal with the bandpass signal- 

a 30 Mhz, 0. 45 microsecond pulsed carrier. 
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o 

So( t) 
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Figure 7. Input and output waveforms of the 
bandpass matched filter 
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IV. THE EXPERIMENTAL APPROXIMATE MATCHED 
FILTER CIRCUIT DESIGN 

This section is devoted to the description and discussion of an 

approximate matched filter circuit design. The determination of the 

matched filter circuit is based upon a signal under special case - -a 

30 MHz pulsed carrier. The signal is symmetric about its mid- 

point in time. The signal -to -noise ratio is to be maximized at the 

termination of the input signal. Passive signal generation is used. 

The signal generation stage is driven by a narrow pulse generator- - 

EPIC. The impulse response of the signal generation stage serves 

as the signal to the matched filter receiver whose impulse response 

is designed to be the same as the input signal. 

Both the signal generator and the matched filter receiver built 

consist of lumped- parameter delay lines and two -stage transistorized 

narrow bandpass amplifiers. They are identical in construction 

except a few minor differences which account for the impedance 

matching between the generator and the receiver. The noise back- 

ground is assumed to be white, which, in the laboratory, is added 

to the input of the matched filter from the General Radio type 1390 -B 

Random Noise Generator. The frequency range of noise was from 0 up 

to 30 MHz. The matched filter designed can detect the said pulsed 

signal in the presence of noise and the output signal follows the 
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autocorrelation function of the input signal which we have discussed 

in the last section. 

The Approximate Matched Filter 

In the matched filter radar or communication systems, usually 

it is difficult to design the matched filter by using a lumped para- 

menter network. However, since the lumped parameter network is 

always interesting, it is then a nice design p r obi e m to use a 

compact network to design an approximate matched filter which is 

required to have a response to be as close to that of the real matched 

filter as possible. In this experiment, lumped parameter delay line 

and narrow bandpass transistorized amplifer are used to design the 

said matched filter. It is the purpose of the present discussion to 

give the overall building block of the experimental circuit which is 

about to be described. 

The impulse response of a narrow bandpass amplifier is a 

damped sinusoidal oscillation. If a high Q coil in the tank circuit 

is used and the amplifier circuitry is carefully designed, the damp- 

ing factor would be small. A typical impulse response of a narrow 

bandpass amplifier is shown in Figure 8. The oscillating frequency 

is determined by the L and C elements in the tank circuit. 
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Figure 8. The impulse response of a typical 
bandpass amplifier 

t 

If it is possible to apply another impulse to the narrow band 

amplifier at some specified time T second later and the number 

of the oscillations within the time T is an integer plus 1/2, then 

the oscillation can be stopped at t = T if the circuit Q is high 

enough. Thus an approximate pulsed carrier signal can be obtained, 

which is sketched in Figure 9 (7, p. 30 -34). 

h(t) 
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S(t) 

o T 
t 

Figure 9. An approximate pulsed carrier signal 

The signal in Figure 9 can be easily obtained by a configura- 

tion in Figure 10. This is to say that the impulse response of this 

circuit is a pulsed carrier signal. Figure 10 shows that an open 

end delay line with T/2 second for one way delay time is driven 

by an impulse through its characteristic impedance Z0. Then at 

the input of a high circuit Q narrow band amplifier two impulses 

T seconds apart can be obtained. Following the statement given 

above, if the number of the oscillations within T seconds is an 

integer plus 1/2, it is possible to get an impulse response as a 

pulsed carrier signal at the output of the amplifier. The frequency 

of the carrier signal is determined by adjusting the tuning circuit 

in the bandpass amplifier. Once the frequency is fixed, say f0, 

then the whole circuit in Figure 10 can be the pulsed signal generator 

if it is driven by an impulse. It could be the matched filter receiver 

v 
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at the receiver stage if it is driven by a signal same as its impulse 

response. The signal -to -noise ratio is to be maximized at the 

trailing edge of the input pulsed carrier signal at the output of the 

matched filter. 

H [4- 
T 

Figure 10. Block diagram of the pulsed signal generation 

The Block Diagram of the Signal Generator and the Matched Filter 
Receiver 

As pointed out before, there are two kinds of signal genera- 

tion; (1) Passive signal generation, (2) Active signal generation. 

Passive signal generation is used in doing the experimental work of 

this thesis. The impulse used is from a narrow pulse generator, 

EPIC, which gives a 5- nanosecond pulse that is suitable in our case. 

The bandpass amplifier is a single tuned, 2 -stage transistor 

amplifier, which is tuned to 30 MHz. A lumped -parameter 

i 

impulse 

ZO 
I 

Open End 

Delay Line 

Narrow Band 
Amplifier 
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open -end delay line is used which gives a round trip delay 0.45 

microsecond. The signal generation circuit is the same as that of 

the matched filter receiver except a few minor differences which are 

used to solve the problem of the impedance matching between the two 

circuits. The noise is added to the input of the matched filter sec- 

tion from a General Radio type 1390 -B Random Noise Generator and 

the output is examined by a Tektronix RM43 oscilloscope. 

The block diagram of the signal generation and the matched 

filter receiver is shown in Figure 11. 

The separate parts of the testing circuit are going to be 

discussed. First of all, the delay line is described. 

The Delay Line 

The delay line that is used in doing this experiment is lumped - 

parameter delay line. This kind of the delay line in its simplest 

form consists of a number of inductors with same values and capaci- 

tors with same values also. Figure 12 shows the sketch of this delay 

line. The coils, which were made by Tektronix, are wound on a plastic 

rod by using #36 copper wire with seven sections per rod. By mea- 

suring on the impedance bridge, the inductance per section is found to 

be one microhenry. The capacitor that is used per section has a value 

of 25 picofarad. Therefore, the delay per section is (6, p. 291 -298), 
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Figure 11. The block diagram of the signal generation and matched 
filter circuit 
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td = (LC)1/2 

1/0 
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1/2 
= (10-6. 25 10 -12) = 5(10) -9 second 

= 5 nanosecond 

C 

I, 

, 1 1 

L 

4,1 

C 

L 

e$1 

Out 

Figure 12. The lumped -parameter delay line 

In order to give a round trip delay 0. 45 microsecond, or 

0. 225 microsecond for one way delay, the number of the sections 

are 

one way delay time 
delay per section 

0. 225 
0.005 45 

Actually, 42 sections are used because it was found that there 

is a slight deviation from that of the theoretical calculation. There- 

fore, with seven sections per rod, we should use six rods of coils 

for the delay line. Two sets of these delay lines are used, one for 

C 

- 



the signal generation circuit and the other for the matched filter 

circuit. The cutoff frequency of the delay line is 

1 
fc 

Tr(LC)1 
/2 

1 (10)6 = 64 MHz 
Tr. 0. 005 

Theoretically, for all frequencies between zero and fc the 

attenuation is supposed to be zero, but practically it is difficult to 

get this ideal case. Also the characteristic impedance of the delay 

line is 

where f = 30 MHz. 

1/2 
ZO = {(L/C)[1-(f/fc)2j} 

(10)-6 1/2 

- [ -12 4 I 25(10) 

= 173 ohms 
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However, by using a Hewlett Packard 1415A Time Domain 

Reflectometer, the actual characteristic impedance of the delay line 

is found to be 150 ohms. The reason for this deviation from the 

theoretical value is that the L's and C's of the actual delay 

line deviate from the values we used in the above calculation. 

In order to compare the differences between the theoretical 

calculation and the practical measurement; the number of sections, 

= 

- 

3 
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the total delay time, the characteristic impedance of the two cases 

are listed in table (I). 

Table I. The comparison of the characteristics of 
the delay line between the theoretical cal- 
culation and the actual measurement 

Theoretical Actual 

Number of sections 45 42 

Round trip delay time 
(microsecond) 0.45 0.45 

ZO (ohms) 173 150 

In the actual circuit, the delay line is open at one end, If a 

voltage impulse is applied to the delay line through its characteris- 

tic impedance, then at the input of the bandpass amplifier there are 

two positive impulses separated 0.45 microsecond. This is 

shown in Figure 13. The input is a 5- nanosecond narrow pulse from 

the EPIC pulse generator used as the impulse to drive the circuit. 

Experimentally it was found that the distortion of the signal through 

the lumped parameter delay is large (see Figure 14) as compared 

to that of the coaxial cable. By using the lumped parameter delay 

line, the rise time of the reflected pulse is found to be longer than 

that of the coaxial cable with the same delay time and also the 

attenuation of the reflected pulse is larger in the lumped- parameter 

delay line case. In comparing the reflected pulses between these 
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two delay lines, it is found that the ratio of the rise times and that 

of the attenuations are both 2: 1. The round trip delay time in this 

observation is 0. 35 microsecond. The coaxial cable is RG58A /U 

and has a length approximately 100 feet. Although the lumped -para- 

meter delay line has these disadvantages, this kind of delay is suit- 

able for this experiment because a compact configuration can be 

obtained. 

zo 1µ.h 1µ,h 

25pf T 25pf 

To Bandpass Amplifier 

Figure 13. Illustrating the production of two positive narrow 
pulses by using an open end delay line 

-4 0.45 µ 
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0. 45 las 

Figure 14. Illustrating the detail signal at the 
input of the signal generating stage' 

The Narrow Bandpass Amplifiers 

The narrow -bandpass amplifiers are the two -stage transistor 

single -tuned bandpass amplifiers. The resonant frequency of the 

tank circuits are tuned to 30 MHz. Since, at the input of the signal 

generating amplifier, there are two positive impulses 0.45 micro- 

second apart, the first impulse produces a damped sinusoidal 

oscillation and the second stops it. Thus we obtain a 30 MHz, 

The small reflected pulses within the time 0.45 microsecond 
are due to the reflection from the junctions of the inductors and the 
capacitors. Each time when the input pulse hits a junction there 
will be a reflected pulse. The random pattern of these small pulses 
will cause the distortion of the signal at the output of the signal 
generating stage as shown in Figure 15. They can be reduced 
considerably if each capacitor is shunted by a trimmer capacitor 
in order to get a good matching between the sections. 
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(a) 30MHz, 0.45 µs signal 

Vertical 1 volt /cm 
Horizontal 0. 5 µs /cm 

(b) Impulse response of the matched filter 

Vertical 1 volt /cm 
Horizontal 0. 5 µs /cm 

Figure 15. 30 MHz, 0.45 microsecond pulsed carrier 
signal and the impulse response of the 
associated matched filter. 
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0.45 microsecond pulsed carrier signal which is shown in Figure 15. 

The top picture serves as the signal to the matched filter and the 

bottom one is the impulse response of the matched filter. 

The impulse response of the matched filter is not quite the 

same as the signal which is shown at the top of Figure 15. The 

reason for this might be due to the different characteristics among 

the transistors. It was found by replacing another transistor of the 

same type, the response of the amplifier would be different. The 

transistors in the bandpass amplifier are 2N 3638, PNP type 

Fairchild switching transistors. The circuit diagram is given in 

Figure 16. All transistors used in the amplifier are selected with 

high DC current gain. Those with hfe above 75 are used 

(two of them are even over 100). When operated at 30 MHz, the 

current gain is observed to be very low. It is found to have a value 

around 10 if it is assumed that the current gain falls down by 

following the 6 db /octave slope (4, p. 75). 
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Figure 16. The circuit diagram of the bandpass amplifier. 

All the coils that are shown in the Figure 16 are made of #10 

solid copper wires with a winding diameter of 1/2 inch. The value 

for the 5 -turn inductors is found to be 0. 3 microhenry and the one 

for the 10 -turn inductors is 1. 2 microhenry. All the variable 

capacitors are trimmer capacitors. It is found that the values of 

the trimmer capacitors are unstable. For the tank circuits it is 

found that a change of 3 -4 picofarad will give one MHz frequency 

variation. As described earlier, the number of oscillations within 

the specified time T seconds have to be an integer plus 1/2 in 

order to give a pulsed signal at the output of the signal- generating 

circuit and a pulsed- signal impulse response for the matched filter 

circuit; therefore, a slight variation of the value of the capacitors 

will affect the response of the circuit very much. Sometimes, 
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partly due to the stray capacitance, even a self - oscillation can be 

reached while adjusting the trimmer capacitors. By suitable 

adjustment of the capacitor C1, with L1 center tapped, it is 

possible to get a good impedance matching betwe en the EPIC 

narrow -pulse generator and the input impedance of the signal 

generating stage. With same set up a good impedance match betwe en 

the output of the signal generating stage and the input impedance of 

the matched filter circuit can also be obtained. The bandwidth of 

the signal -generation amplifier and that of the matched -filter 

receiver are measured experimentally and the voltage output is 

normalized. They are shown in Figure 17, 

The output of the signal generating circuit is taken by tapping 

on the coil of the second stage in order to match the low character- 

istic impedance of the delay line associated with the matched filter 

circuit. This is done experimentally. The tank circuits are tuned 

to 30 MHz by varying the trimmer capacitors, This is done by 

using a "Grid -dip meter." 

The gain of the matched filter receiver is found to be 13.5 db 

which is low since when operating at 30 MHz the gain factor of the 

2N 3638 transistors are decreased as has been discussed earlier. 

For the signal generating stage the complete circuit diagram is 

shown in Figure 18, The matched filter circuit, with an impulse 

response supposed to be a 30 MHz, 0,45 microsecond pulsed 
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sine -wave, is identical in construction to the signal generating 

circuit except for the minor differences which account for the imped- 

ance matching between the two circuits. 

930 680 

PIC 7-45 p 
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Figure 18. Circuit for the signal generating section 

In the radar system, one circuit may be used instead of two 

to give both the signal generation and the matched filter performance. 

This idea can be easily understood by the block diagram in Figure 

19. It is difficult (but not impossible (9, p. 17 62 -17 63) ) in the 

laboratory to use one set of the circuits to give the desired signal 

generation and the matched filter response. The reason for this is 

that in a radar system the signal echo looks like one that comes 

1 

+ 15 y 

=25 pf 
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from another source. However, in the laboratory, to use the impulse 

response of the matched filter as the signal and reapply it to the 

input of the circuit will cause the interference which is not easily 

eliminated. Therefore, two identical circuits are used instead by 

the method of the passive signal signal generation in doing the 

experimental work of this thesis. 

Impulse 

Bandpass 

Matched 

Filter 

Receiving Antenna 

To Transmitter 
Oscilloscope 

Figure 19. Block diagram of a simple radar system 

The Signal Generation and the Receiving System 

The complete circuit diagram is shown in Figure 20. The 

circuit shown in Figure 20 has been built and tested wi th the circuit 

performance shown in Figure 21 and Figure 22. The noise is added 

to the input of the matched filter receiver through an emitter -. 

follower circuit. Experimentally, it is found that at the input of the 
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(a) Input to the matched filter (signal only) 

Vertical 
Horizontal 

1 volt/cm 
0.5 microsecond/cm 

(b) Output of the matched filter (signal only) 

Vertical 2 volts /cm 
Horizontal 0. 5 microsecond/cm 

Figure 21. The circuit performance (I) 
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(a) Input to the matched filter (signal plus noise) 

Vertical 
Horizontal 

1 volt/cm 
1 ms/cm 

(b) Output of the matched filter (signal plus noise) 

Vertical 
Horizontal 

2 volts /cm 
1 ms/cm 

Figure 22. The circuit performance (II) 

Li 
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matched filter, the minimum signal -to -noise voltage ratio is 110 

in order to distinguish the signal from the noise background at the 

output of the matched filter. This is done by changing the signal 

level at the input of the matched filter so that at the output the volt- 

age level of the signal and that of the noise are the same. This 

operation can be easily understood by examining Figure 22. From 

Figure 22(a) the input noise voltage level is taken to be 1.4 volts 

(the bright portion). In Figure 22(b) the noise voltage is taken as 

2.8 volts (the bright portion). By changing the input signal level 

in order to get an output signal level to be 2.8 volts, the input 

signal -to -noise voltage ratio is found to be 1/10. Then the output 

signal -to -noise voltage ratio equals one. 

From the pictures shown in the previous page (Figure 21), we 

can easily see that the matched filter response is actually followi ng 

the principle of the autocorrelation function. The impulse response 

of the matched filter is not exactly the same as that of the input 

(see Figure 15), which is an approximation only. The deviation 

comes from the first few cycles. The percentage error within the 

first 0.1 microsecond is about 20 %, and it is within + 5% in shape 

to that of the input signal in the rest of the period. The irregular 

envelope of the signal and the impulse response of the matched filter 

is due to the random reflected pulses from the lumped parameter 

delay lines (see page 35). The circuit response of the designed 
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matched filter is just what we expected. Howe ver, there are some 

limitations that have to be mentioned. Were it not of such limita- 

tions, the response would be even closer to that of a real matched 

filter. 
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V. SOME LIMITATIONS OF THE DESIGNED CIRCUIT 

Transistor Type 

The transistors used in the bandpass amplifier are 2N 3638 

Fairchild swit ching transistors, which are not designed for use in 

the IF amplifiers. The gain factor of the transistors are low 

when operating at 30 MHz. The high frequency current gains are 

found to be approximately 10, at 30 MHz although the transistors 

selected have high DC current gain (see page 37). Above this 

high frequency the response of the transistors drops off very 

quickly. The response is fairly good when operated at 30 MHz, 

however, during the first one or two oscillations of the impulse 

response of the bandpass amplifier, there are a few distortions 

which deviate from the pure damped sinusoidal wave. If it is 

possible to find a very fast transistor with high- frequency current 

gain, then the circuit response will be much improved in the following 

ways: 

1. The operating frequency can be increased. 

2. The voltage amplification will be higher giving higher 

output. 

3. The distortions which deviate from the pure damped 

sinusoidal oscillation will be reduced. 
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The reasons for using 2N 3638 to be the transistors in this design 

work are that they are inexpensive ($0.31 a piece) and on hand. 

Lumped Parameter Delay Lines 

This is a lowpass, constant -k prototype network. In order to 

get high cutoff frequency (wideband response), the delay per section 

should be decreased. However, in order to have a desired total 

delay, the total number of sections is increased, thus increasing the 

attenuation. Also in order to get a wider signal in the time domain 

(s e e pages 28, 34 showing how a pulsed signal is obtained), the 

number of sections should be increased too. Owing to the increased 

attenuation and distortion of the delay line, we can not get a satis- 

factory signal at the output of the signal generating section in the 

first place. Experimentally, it was found that the lumped delay line 

has higher distortion than that of the coaxial cable (see page 33). 

Also, the random reflected pulses from the junctions of the inductors 

and capacitors in the lumped parameter delay line cause the irregu- 

lar envelope of the impulse response of the matched filter (see page 

36 ). If an ideal delay line is used, the irregular envelope of the 

signal and the impulse response of the matched filter will be elimi- 

nated and the response of the matched filter will follow the autocor- 

relation function more closely than that is shown in Figure 21(b). 

The lumped parameter delay line is used in this design work chiefly 
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because it is compact and easy to construct. 

Trimmer Capacitors 

The varying capacitors used are trimmer capacitors. The 

values of these trimmer capacitor are not stable when set at certain 

position. Their values are changing daily even when the position set 

is not changed. The factors that influence their values might be 

humidity, room temperature, etc. Therefore, each time in check- 

ing the experiment results, the trimmer capacitors have to be 

readjusted in order to give satisfactory results, although the varia- 

tions of the values might be small sometimes. For the tank circuits 

it is found that a change of 3 -4 picofarad will give one MHz fre- 

quency variation. Sometimes, even a self -oscillation can happen 

while adjusting the trimmer capacitors (see page 39). In the circuit 

designed the variable capacitors should be stable in order to have 

an optimum performance. 
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VI, CONCLUSION 

The matched filter is one of the optimum filters in radar and 

communication systems used to discriminate the signal from noise. 

It is to detect signal of known shape but unknown time occurrence 

corrupted in noise. In this experiment, a 30 MHz, 0.45 microsecond 

pulsed signal as a special case is used to determine the matched 

filter design work. The noise is white which, in the laboratory, is 

added to the input of the matched filter from General Radio type 

1390 -B Random Noise generator. This matched filter has been 

actually built and tested with responses shown in Figures 21 and 22. 

These responses coincide with what the theory predicted. Two iden- 

tical circuits, each with an open end delay line and a narrow bandpass 

amplifier, are used to obtain the passive signal generation. One of 

the circuits is used for the signal generating system and the other is 

for the matched filter receiving system. The waveform of the output 

time function is different from that of the input signal; but the signal- 

to-noise ratio is maximized, in this experiment, at the trailing edge 

of the input driving function. 

Finally, it is suggested that if this kind of matched filter were 

to be built, transistors with high current gain at high frequencies are 

required, the delay lines with low signal attenuation and distortion 

are necessary, and the values of the variable capacitors should be 
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stable. By using the simple construction and inexpensive compo- 

nents, however, the experimental matched filter has given a satis- 

factory response. Although there are some limitations that affect 

the response of the designed circuit, but they are not those that can 

not be solved. 
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APPENDIX I 

The derivation of Equation (15) for the expression of the mean 

square value of noise N2 2(t) (5, p. 128 -129). 

The output of an electrical network can be related to the input 

by the convolution integral, therefore, for noise we have 

co 

No(t) = h(u)Ni(t-u)du 
-oo 

(A -1) 

The autocorrelation for noise at the output of an electrical circuit is 

defined by 

T 
nn(v) = ,r (1/2T) N0 (tl)N0 (t1+v)dtl 

-T 

= N0 (tl)N0 (t1+v) 

= NO(t1)N0(t2) 

where t2 = tl +v. From Equation (A -1) we can get 

(A -2) 

co 

No(ti) = h(ul)Ni(tl-ul)dul (A -3) 
_co 

nn TT_.00 oo 

` 

h(u2)Ni(t2-u2)du2 
_oo 

(A -4) No(t2) = J 
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Therefore, Equation (A -2) becomes 

q)nn o (v ) 
sh(ul)Ni(tl-ul)dul h(u2)Ni(t2-u2)du2 (A -5) 

-co _oo 

oo 00 

_ 1 h(u1) h(u2)Ni(t1-ut)Ni(t2-u2)du2dul 
_00 _oo 

00 00 

= 
J J 

h(ut)h(u2)nni(v-u2+ul )du 2dul 
_ o0 00 

By setting IT = 0, we have then, from Equation (A -2) 

00 00 

N 
0 1) 

(t C 
,J ,) (ul)h(u2)nni(ul-u2)du2dul 

Changing variables, t = t1; u = u1; v = u2, then Equation 

(A -7) is exactly Equation (15). 

o0 00 

N (t) 
2 

= 1 h(u)h(v)nni(u-v)dvdu 
_00 _00 

(A -6) 

(A-7) 

(15) 

l J 
' 

. 

= 

_oo 

(' (' 
J 

= 

J J 
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APPENDIX II 

The derivation of Equation (29). 

If the signal Si (t) is symmetric about its mid -point in time, 

then it is an even function as far as its mid -point is concerned. 

The Fourier transform of S.(t) is 

However, 

oo 

= 
-jwtdt 

-oo 

SS(t)(coswt (1/2r) - 
-oo 

J sinwt)dt. (A-8) 

oo 

S(t)sinwtdt = 0 
_no 

since sinwt is an odd function. 

Therefore, Equation (A -8) becomes 

Do (' 
S(jw) _ (1/2rr) J S(t)cos wt dt. (A-9) 

-oo 

Equation (A -9) shows that S(jw) is a real function, therefore, 

the complex conjugate of S(jw) is the same as itself, i. e. , 

i 

S(jw) (I/2Q) 

= 

J 
1 



* 
S(jw) = S (-jw) 

which is the Equation (29). 
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