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ABSTRACT  

In a wide variety of applications, including free-space communications, target illumination, and radar (laser, microwave, 
millimeter wave, etc.), an electromagnetic pulse is collected by a receiver and converted to an electronic signal. This 
electronic pulse is then amplified before it is processed into digital data, tracking information, or range and velocity values. 
In this paper it is shown that an optimum amplification half-power bandwidth—in terms of maximum signal-to-noise ratio 
(SNR)—can be determined, based almost exclusively on the full width at half maximum (FWHM) of the pulse and the 
roll-off rate of the amplifier at frequencies above the high-frequency cutoff. The shape of the pulse and the specific 
amplification filter (e.g. Butterworth, Chebyshev, Elliptic, etc.) has little effect on the optimum bandwidth. For example, 
if the amplifier includes a low-pass first-order Butterworth filter whose half-power frequency is Δν, a pulse whose FWHM 
is Δt will be amplified at the maximum possible SNR if Δν = 0.146/Δt. This assumes that any noise in the system is 
essentially white, in that the total noise is proportional to the square root of the amplification bandwidth. It should be noted, 
and is discussed in this paper, that the maximum SNR may not lead to the ideal bandwidth, since it with distort the shape 
of the input pulse. This distortion alters the shape of the pulse and may affect the calculation of the pulse centroid, which 
is particularly important in range and velocity calculations. This may lead to an increase in the optimum bandwidth. 

Keywords: Pulse reception, laser radar, tracking, pulse amplification, optimum bandwidth 

1. INTRODUCTION  
Many situations call for the reception of pulses of some form of energy, their conversion to electricity, and amplification 
before use. For example, a string of digital pulses representing data can be sent by radio wave, captured by an antenna, 
and amplified, or a target can be illuminated by a laser whose output is a string of short pulses which are observed by an 
optical system, sent to a detector for conversion to current, and passed through a transimpedance amplifier to produce a 
usable string of voltage pulses. 

The shorter the pulse length, the wider the amplifier bandwidth needs to be in order to receive the signal. On the other 
hand, virtually all noise sources, including detector noise, thermal noise, photon noise, etc., are approximately equal over 
all frequencies, resulting in a total noise value that increases as the square root of the system bandwidth. While increasing 
the bandwidth increases the signal only a certain amount, it continues increasing the noise (Figure 1); therefore, there is a 
point at which increasing the amplifier bandwidth decreases the SNR. 

In this paper the SNR effects of increasing the bandwidth are investigated, with the result that, over a wide variety of pulse 
shapes and amplifier types, the maximum value of the SNR comes when there is a simple relationship between the pulse 
length at FWHM, Δt, and the amplifier bandwidth, Δν, 

  , (1) 

and that α is nearly constant for a given amplifier rolloff rate. Interestingly, most pulses can be classified into short-tailed 
or long-tailed (in the time domain), and while most short-tailed pulses use one value of α for a given rolloff rate, most 
long-tailed pulses use a different value of α. It is recognized that the maximum SNR is not necessarily the best bandwidth 
for the amplifier, and this is discussed in Sections 3.2 and 3.3. 
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Figure 1. Increase in signal (solid blue line) and noise (dashed red line) with increasing amplifier bandwidth. 

2. ANALYSIS METHODS 
This paper is purely analytical, no direct experiments have been performed. The analysis came from noticing that an 
amplifier designed for a 50-µs pulse didn’t see a 20-ns pulse at all, and the amplifier designed for the 20-ns pulse likewise 
could not see the 50-µs pulse. 

2.1 Pulse Shapes Analyzed 

The short-tailed pulses considered have the rectangular (Π), triangular (Λ), Gaussian, and sinusoid shapes. The normalized 
equations for these four pulse shapes follow. In each case, in the time domain, the equation describes the power of the 
pulse at the specific time t. In most of the analysis it is assumed that this power has been converted into current (for 
example, by a photodetector whose responsivity is given in A/W), since the processing is done in current and voltage. 
When power (P) is converted to current (I), energy (E) is converted to charge (Q). 

Rectangular: 

  . (2) 

In these equations, the pulse is centered at t = t0, its FWHM is Δt, and the total pulse energy is E0. 

Triangular: 

  . (3) 

Gaussian: 

  . (4) 

The last is one half-period of a cosine. 
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Sinusoid: 

  . (5) 

The Π function selects just the half-cycle that is positive. These four pulses are plotted in Figure 2. 

 
(a) Rectangular 

 
(b) Triangular 

 
(c) Gaussian 

 
(d) Sinusoidal 

Figure 2. Temporal shapes of four short-tailed pulses. 

In addition, three long-tailed pulses were considered: exponential, Lorentzian, and Gamma Shape 2. The pulse based on 
the Gamma distribution was defined only for t > 0, changing the definition of t0 from the center of the pulse to its initiation. 
The equations describing these three pulses follow. 

Exponential: 

  . (6) 

The exponential decays in both directions, since the absolute value turns it into an even function. 

Lorentzian: 

  . (7) 
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Gamma Shape 2: 

  . (8) 

Here Θ(t), the Heaviside theta function, is the unit step at t = 0, and Wi(t) is the productlog, or Lambert W, function of 
number i. This function matches the probability distribution function for the Gamma distribution when the shape factor is 
2, and is based on t e-t. The three long-tailed functions are plotted in Figure 3 

 
(a) Exponential 

 
(b) Lorentzian 

 
(c) Gamma Shape 2 

Figure 3. Temporal shapes of three long-tailed pulses. 

The long-tailed pulses have significantly larger values at times >2Δt. If they are defined for all t (unlike the Gamma pulse), 
they also have much lower peak values than the short-tailed pulses (since the Gamma is defined only for t > 0, its peak 
value is about double what it would be if defined for all t). The peak value for each of these pulses is shown in Table 1. 

Table 1. Peak values of the various pulses. 

Pulse Rectangular Triangular Gaussian Sinusoidal Exponential Lorentzian Gamma 

Peak Value E0/Δt E0/Δt 0.9394 E0/Δt 1.047/Δt 0.6931 E0/Δt 0.6366E0/Δt 0.9000 E0/Δt 

2.2 Conversion from Time to Frequency 

It is much easier to calculate the gains and bandwidths in the frequency domain. This is accomplished by taking the Fourier 
transform of each pulse equation from Section 2.1. For simplicity the transform is centered at t0, so that the even functions 
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remain even. Note that, by taking this transform, the units change from power (per unit time) to energy (per unit frequency) 
or, after conversion, from current per unit time to charge per unit frequency. 

The rectangular pulse transforms to a sinc [sin(t)/t] function. 

  . (9) 

The triangular pulse transforms to a sinc2 function. 

  . (10) 

The Gaussian pulse transforms into another Gaussian: 

  . (11) 

The sinusoid pulse transforms into a pair of sincs: 

  . (12) 

The exponential pulse transforms into a Lorentzian: 

  , (13) 

while the Lorentzian transformed into an exponential: 

  . (14) 

Since the Gamma pulse only exists for t > 0, its Fourier transform is complex: 

  . (15) 

These transforms are plotted in Figure 4. Since the transform of the Gamma pulse is complex, its magnitude and phase are 
shown in Figure 4(g) and (h), respectively. 

E ν( ) = E0
sin π Δtν( )
π Δtν

E ν( ) = E0
sin2 π Δtν( )
π Δtν( )2

E ν( ) = E0 exp − π Δtν
2 ln 2( )

⎛

⎝
⎜
⎜

⎞

⎠
⎟
⎟

2⎡

⎣

⎢
⎢
⎢

⎤

⎦

⎥
⎥
⎥

E ν( ) = π
4
E0

sin π − 3π Δtν( ) 2⎡⎣ ⎤⎦
π − 3π Δtν( ) 2 +

sin π + 3π Δtν( ) 2⎡⎣ ⎤⎦
π + 3π Δtν( ) 2

⎧
⎨
⎪

⎩⎪

⎫
⎬
⎪

⎭⎪

E ν( ) = 4ln2 2( )E0
ln2 4( )+ 2π Δtν( )2

E ν( ) = E0 exp − π Δtν( )

E ν( ) = −
W0 −1 2e( )−W−1 −1 2e( )⎡⎣ ⎤⎦

2
E0

i W0 −1 2e( )−W−1 −1 2e( )⎡⎣ ⎤⎦ + 2π Δtν{ }2
≈

5.985E0
5.985− 39.48 Δtν( )2 + i30.74Δtν



 
 

 
 

 114100B-6 

 
(a) Rectangular 

 
(b) Triangular 

 
(c) Gaussian 

 
(d) Sinusoidal 

 
(e) Exponential 

 
(f) Lorentzian 

 
(g) Gamma Magnitude 

 
(h) Gamma Phase 

Figure 4. Frequency-domain representations for the seven pulses analyzed. 
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2.3 Filters 

For this analysis, Butterworth filters were assumed. A Butterworth lowpass filter of order n and peak gain g0 can be 
described by the equation 

  , (16) 

where g(ν) is the gain at frequency ν and Δν is the 3-dB (voltage) bandwidth of the filter. One reason Butterworth filters 
are popular is that their frequency response has the least possible ripple (essentially none in first order). Another is 
simplicity; a first-order Butterworth filter with no gain can be fabricated from one resistor and one capacitor. Butterworth 
filters of orders one through five are shown in Figure 5. 

 
Figure 5. Normalized gains of Butterworth filters of orders 1-5. 

2.4 Noise 

There are five main potential types of noise in a simple electronic or photonic/electronic circuit: (1) 1/f noise, due to slow 
fluctuations in material parameters; (2) Johnson noise, random variations in free charge carriers depending on temperature; 
(3) shot noise in the electronics, from random variations in the number of charge carriers crossing an electronic junction; 
(4) photon noise, a type of shot noise caused by the randomness in the instantaneous number of photons in a steady stream 
of photons; and (5) burst noise, caused by temporary trapping and releasing of charge carriers in a semiconductor. In this 
analysis it is assumed that 1/f noise is filtered out, and that Johnson noise, dark (no-input) shot noise, and burst noise are 
collected into the noise-equivalent current (NEI) figure of a commercial electronic component. Here noise is considered 
in terms of current, I, and charge, Q, not power or energy; optical power input, for example, can be converted to current 
by a photodetector. Three noise calculations are then required. Johnson noise, or thermal noise, is described by the equation 

  , (17) 

a root-mean-square (RMS) current calculated from the Boltzmann constant, kB, the absolute temperature, T, and the 
resistance of the circuit, R. The units are ; to find the entire amount of the noise, the output of Eq. (17) must be 
multiplied by the square root of the bandwidth. The next source of noise is shot noise, coming both from the electronics 
and the photons. These are combined in the single equation 

g ν( ) = g0

1+ ν Δν( )2n
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  , (18) 

where the RMS current, again in units of  , is proportional to the square root of the elementary charge, e, and the 
dc current, I (even if this is photoinduced). The final source of noise, the NEI, is provided by the manufacturer in the same 
units, although it is sometimes given as the noise-equivalent power (NEP) of a photodetector in , together with a 
responsivity, ℜ, in A/W. The relationship is 

  . (19) 

The only requirement for this analysis is that the noise be inversely proportional to the square root of the bandwidth. It 
does not depend on any other noise factor. 

2.5 Modeling Method 

It is necessary to combine the signal and amplifier equations into a single unit. In Section 2.4 three versions of the noise 
were described; the total amount of noise is 

  , (20) 

and is approximately a constant multiplied by the square root of the bandwidth. Since Eq. (20) does not include any terms 
that are directly dependent on frequency, the noise can be treated as a constant value for the overall SNR calculation (with 
a Δν term included, however). The overall amplified signal, however, must be calculated as an integral over all frequency, 

  . (21) 

From Section 2.2 it can be seen that, in Q(ν) = ℜE(ν), ν appears exclusively when multiplied by Δt; likewise, in Section 
2.3, ν appears only when divided by Δν. Thus, Eq. (21) can be considered in terms of these factors: 

  . (22) 

In those cases where a closed-form solution for Eq. (22) is easily determined, Stot has a relatively simple form, as the square 
root of the bandwidth multiplied by a function of ΔνΔt: 

  . (23) 

As a result, the SNR becomes a function only of the product of the pulse length and bandwidth, 

  . (24) 

When the integral of Eq. (22) does not have a simple closed form, the SNR was calculated numerically for a wide range 
of values of Δν and Δt, maintaining a constant value of the ΔνΔt product, and increasing one by a factor of 106 while 
decreasing the other by the same factor always resulted in the same value of SNR. This justifies our assumption in Section 1 
that there will be a single value of α in Eq. (1) that maximizes the SNR. 

In many cases it was not possible to find a closed-form solution to Eq. (22). Instead, it was rewritten in terms of the ΔνΔt 
product, as in Eq. (24), and evaluated over a wide range of values. These were plotted as curves for SNR as a function of 
ΔνΔt. A third-order spline was applied to the data to form an interpolated curve. This curve was differentiated numerically 
to find the maximum value of SNR. 
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3. MODELING RESULTS 
3.1 SNR Modeling 

The modeling was performed using Mathematica. Data was taken at several values of Δt, from 100 ps to 10 s, with values 
of Δν being selected from Eq. (1) and parameterized by α, using points from a logarithmic scale. This confirmed that α 
was the key parameter, not Δν or Δt alone. It was discovered that the optimum value of α was always <1 and, in most 
cases, <0.5. Examples of the model output using first- through fifth-order Butterworth filters appears in Figure 6. 
“Normalized SNR” means that the total signal energy was 1 C and the total noise figure was . 

 
(a) Rectangular pulse 

 
(b) Gaussian pulse 

 
(c) Triangular pulse 

 
(d) Sinusoidal pulse 

 
(e) Lorentzian pulse 

 
(f) Exponential pulse 

1 A Hz
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(g) Gamma pulse 

Figure 6. SNR optimization for seven pulse shapes and five lowpass filters. 

The SNR values are normalized to an input pulse containing one unit of charge, an amplifier with unit gain at 0 frequency, 
and a total noise figure of . Interestingly, the short-tail pulses [Figure 6(a)-(d)] have higher peak SNR values 
than the long-tail pulses [Figure 6(e)-(g)]. The lower peak SNR values also correlate with smaller values of α, as shown 
in Table 2. 

Table 2. Optimized values of α for seven pulse shapes through Butterworth lowpass filters. 

Pulse/Order 1 2 3 4 5 

Rectangular 0.1552 0.3724 0.4662 0.5195 0.5538 

Gaussian 0.1365 0.3116 0.3805 0.4166 0.4388 

Triangular 0.1369 0.3067 0.3720 0.4065 0.4281 

Sinusoidal 0.1567 0.3604 0.4436 0.4888 0.5174 

Exponential 0.08511 0.1908 0.2301 0.2498 0.2616 

Lorentzian 0.09272 0.2285 0.2857 0.3158 0.3338 

Γ Shape 2 0.04614 0.1216 0.1556 0.1738 0.1849 

3.2 Temporal Effects of Filters 

A perfect amplifier would take an input signal and produce an exact copy of that signal, just larger. Fourier analysis 
indicates that such an amplifier would require an infinite bandwidth. The filters under discussion in this paper all have 
finite bandwidths and preferentially pass components at frequencies less than their bandwidths. This results, however, in 
alteration of the signal during amplification.  

This paper mainly concerns itself with Butterworth filters. Other filters are available. For example, the Elliptic filter can 
be optimized to have the fastest dropoff of any filter of comparable order. This results, however, in a phase discontinuity 
at a frequency of ~  and a high-frequency stopband that passes more than related filters. A second-order Elliptic 
filter is compared to first- and third-order Butterworth filters in Figure 7. For all three of these filters, Δν = 10 kHz. 

1A Hz

2Δν
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(a) Magnitude  

(b) Phase 

Figure 7. Bode plot of first- and third-order Butterworth lowpass filters and a second-order Elliptic lowpass filter. 

The temporal response of these filters to a unit step—the leading edge of a rectangular pulse whose pulse length is 
>0.5 ms—is shown in Figure 8. The Elliptic filter has a large overshoot (typically ~1.45× the final amplified value); there 
is some ringing even in the Butterworth filter at third order, though none at first order. 

 
Figure 8. Output of three filters in response to a long rectangular pulse. 

The temporal response will distort the pulse input. In many cases it will shift the temporal center of the output with respect 
to that of the input. In some cases this shift can distort the received signal or cause a tracking system to anticipate a target 
that is farther away than its true location. This is demonstrated in Figure 9, where a rectangular pulse whose FWHM is 
15.5 ns is modeled as passing through an amplifier that includes a first-order Butterworth lowpass filter. The bandwidth 
that results in the largest value of SNR is 10.0 MHz (Section 3.1); the bandwidths selected for this analysis were from 
5.00 MHz to 20.0 MHz. In all cases, the rectangular pulse is shown for reference, scaled in size so that its peak value 
matches that of the amplifier output. The signal shape is sufficiently distorted that none of these examples produces an 
amplified output with a flat top, although the shapes do get closer as the bandwidth is increased. 
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(a) 5.00 MHz bandwidth 

 
(b) 7.50 MHz bandwidth 

 
(c) 10.0 MHz bandwidth 

 
(d) 12.5 MHz bandwidth 

 
(e) 15.0 MHz bandwidth 

 
(f) 20.0 MHz bandwidth 

Figure 9. Distortion of a rectangular pulse by amplifiers that employ Butterworth lowpass filters. 

The rectangular pulse is distorted significantly even when the amplifier bandwidth is twice that which provides the highest 
SNR. This pulse shape has one advantage, in that the peak value of the amplified pulse occurs at the falling edge of the 
input pulse. Unfortunately, the rectangular pulse is very hard to generate in real life. 

Another way to look at this temporal distortion is to compare the input rectangular pulse to the output after passing through 
Butterworth filters at several orders, whose bandwidths are optimized for best SNR. As can be seen from Figure 10, the 
higher orders produce smoother pulses with higher peaks, but also with longer time-sifts and with the addition of ringing 
when the output drops back to 0. 
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Figure 10. Rectangular pulse passed through first- through fifth-order Butterworth lowpass filters. 

A more common shape is the Gaussian pulse, which is a reasonable approximation to most real-world inputs. As seen in 
Figure 11, the shape distortion of the Gaussian pulse is less than that of the rectangular, but the time shift of its peak is 
greater. The maximum rectangular pulse time shift was half the pulse length, or 7.75 ns; the time shifts for the modeled 
Gaussian pulse dropped from 18.1 ns when the amplifier bandwidth was 5.00 MHz to 8.0 ns when the amplifier bandwidth 
was 13.5 MHz. The bandwidth that gives this 20-ns Gaussian pulse the largest SNR is 6.82 MHz, where the time shift is 
13.5 ns. 

 
(a) 5.00 MHz bandwidth 

 
(b) 6.00 MHz bandwidth 
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(c) 6.82 MHz bandwidth 

 
(d) 7.50 MHz bandwidth 

 
(e) 10.0 MHz bandwidth 

 
(f) 13.5 MHz bandwidth 

Figure 11. Distortion of a Gaussian pulse by amplifiers that use first-order Butterworth lowpass filters. 

It is interesting that the Gaussian pulse shows a different sort of distortion than the rectangular – this 20-ns pulse is 
broadened more by higher-order filters. Its peak value is highest, amplified pulse length is longest, and time shift is greatest 
after passing through the third-order Butterworth filter. It is also interesting that only the odd orders (third and fifth in this 
model) demonstrate ringing; the second- and fourth-order filters do not result in output dropping below 0. The rectangular 
pulse generated ringing at all filter orders above the first. 
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Figure 12. Gaussian pulse passed through first- through fifth-order Butterworth lowpass filters. 

3.3 Reduced SNR 

It is useful to know the exact time at which the pulse center is received. This does not occur with filtered Gaussian pulses; 
when the amplifier bandwidth produces the maximum SNR, the time shift is 68% of the pulse FWHM. It may, however, 
be acceptable to use a reduced SNR. Figure 6 indicates that the SNR variation is reasonably slow as a function of the α 
parameter. For example, while the value of α that correlates with the maximum SNR for a Gaussian pulse is 0.1365, the 
SNR is reduced by only 10% over the range 0.04250-0.3757. The SNR range that is >90% of peak is shown in Figure 13 
for first- through fifth-order Butterworth lowpass filters. 

 
(a) Rectangular pulse 

 
(b) Gaussian pulse 
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(c) Triangular pulse 

 
(d) Sinusoidal pulse 

 
(e) Lorentzian pulse 

 
(f) Exponential pulse 

 
(g) Gamma pulse 

Figure 13. The range of α values over which the SNR is within 10% of the maximum. 

For the 15.5-ns FWHM rectangular pulse and first-order Butterworth filters used in this model, the peak SNR occurs when 
the amplifier bandwidth is 10.0 MHz. However, to get a clearer amplified pulse, a bandwidth up to 26.7 MHz can be used, 
with the SNR still 90% of its peak value. Likewise, if it is desired to reduce the amplifier bandwidth, a 3.25-MHz amplifier 
will also result in an SNR that is within 10% of the peak value. The pulse shape distortion, however, is reduced significantly 
as the bandwidth is increased (Figure 14). 
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Figure 14. Amplification of a rectangular pulse over the bandwidth range that results in SNR values within 10% of the peak. 

Likewise, for the modeled Gaussian pulse whose FWHM is 20 ns, using a first-order Butterworth lowpass filter, the 
maximum SNR comes from a bandwidth of 6.82 MHz, while the range over which the SNR is >90% of the peak is 2.13-
18.8 MHz. At the higher value, giving up 10% of the SNR results in an amplified signal that is far more accurate than at 
the peak SNR (Figure 15). 

 
Figure 15. Amplification of a Gaussian pulse over the bandwidth range that results in SNR values within 10% of the peak. 

4. SUMMARY AND CONCLUSIONS 
In any system, from telecommunications to automated vehicle direction, SNR has a critical effect on operational capability. 
In this paper it was demonstrated that, for signals composed of pulses, the SNR is strongly affected by a parameter 
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identified herein by the Greek letter α, representing the product of Δν, the receiver or amplifier bandwidth, and Δt, the 
FWHM pulse length. The rolloff rate also has a strong effect, as shown in this analysis through five orders of Butterworth 
lowpass filters. The shape of the pulse has significantly less effect, although pulses tend to be classified as either long-tail, 
where the “tails” (outside the center time region of twice the FWHM) contain a significant portion of the entire pulse, and 
short-tail, where the vast majority of the pulse falls within the center region. Short-tail pulses cluster around a larger value 
of α than do long-tail pulses. This is clear from Table 3, which lists the values of α for the peak SNR and for 90% of this 
peak. 

Table 3. Values of α for peak SNR ±10%. 

Order → 1 2 3 4 5 

Pulse Type 

Short-Tail 

Rectangular 
90% 0.05041 0.1783 0.2464 0.2860 0.3110 
Peak 0.1552 0.3724 0.4662 0.5195 0.5538 
90% 0.4139 0.6964 0.7915 0.8437 0.8782 

Gaussian 
90% 0.04250 0.1431 0.1916 0.2180 0.2341 
Peak 0.1365 0.3116 0.3805 0.4166 0.4388 
90% 0.3757 0.6338 0.7138 0.7535 0.7779 

Sinusoidal 
90% 0.04937 0.1695 0.2299 0.2639 0.2852 
Peak 0.1567 0.3604 0.4436 0.4888 0.5174 
90% 0.4212 0.7014 0.7868 0.8300 0.8572 

Triangular 

90% 0.04270 0.1421 0.1901 0.2165 0.2330 
Peak 0.1369 0.3067 0.3720 0.4065 0.4281 
90% 0.3774 0.6188 0.6854 0.7166 0.7357 

Long-Tail 

Exponential 
90% 0.02527 0.08021 0.1042 0.1164 0.1237 
Peak 0.08511 0.1908 0.2301 0.2498 0.2646 
90% 0.2566 0.4506 0.5158 0.5488 0.5690 

Lorentzian 
90% 0.02620 0.09076 0.1216 0.1378 0.1474 
Peak 0.09272 0.2285 0.2857 0.3158 0.3338 
90% 0.2855 0.5364 0.6291 0.6773 0.7069 

Γ Shape 2 
90% 0.01479 0.05725 0.07973 0.09207 0.09954 
Peak 0.04614 0.1216 0.1556 0.1738 0.1849 
90% 0.1180 0.2312 0.2754 0.2986 0.3128 

The values of α correlated with peak SNR are listed in Table 4 to show the comparison between short- and long-tail pulses. 
The long-tail pulses not only have much lower values of α, their uncertainty is higher – but not sufficient for there to be 
any overlap between the two types of pulse. 
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Table 4. Values of α at peak SNR for short-tail and long-tail pulses. 

 First-order Second-order Third-order Fourth-order Fifth-order 

Short-tail 0.1463±0.0111 0.3378±0.0335 0.4156±0.0465 0.4579±0.0551 0.4845±0.0610 

Long-tail 0.07466±0.02499 0.1803±0.0542 0.2238±0.0653 0.2465±0.0710 0.2601±0.0745 

While the value of α that results in the peak SNR can be determined in a straightforward manner, and short-tail pulses 
produce optimized α parameters that cover only ~±10% from the mean value, it is also true that maximizing the SNR may 
not be the goal of a specific project. Consider, for example, the 20-ns Gaussian pulse modeled in Sections 3.2 and 3.3. 
Using a first-order Butterworth lowpass filter as part of the amplifier, the maximum SNR occurs at a bandwidth of 6.82 
MHz. This may not be the best solution for a particular application. For example, most amplifiers are limited by a gain-
bandwidth product, rather than just by gain or just by bandwidth. In such a case, it would be possible to increase the gain 
by a factor of three, reducing the bandwidth to 2.27 MHz, with a reduction in SNR of <10% (but with a noticeable 
lengthening of the pulse, as shown in Figure 15). On the other hand, increasing the bandwidth 2.75×, to 18.8 MHz, results 
in a 10% reduction in SNR, but also produces a pulse that is much closer in shape to a Gaussian than at the maximum SNR 
bandwidth of 6.82 MHz, and reduces the time shift of that pulse from 13.5 ns (67.5% of the FWHM) to 6.24 ns (31.2% of 
the FWHM). 

These initial models have indicated that the amplifier’s 3-dB bandwidth, together with the rolloff rate from passband to 
stopband, define which “order” of filter to select. Both Chebyshev and Elliptic filters, for example, have much faster rolloff 
rates that Butterworth filters. These filters are being added to the SNR model. 
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