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D
igital television broadcast standards employ 
various forms of amplitude-modulated (AM) 
signals with suppressed sidebands to reduce 
emissions and interference. An example is the 

Advanced Television Systems Committee (ATSC) 8-level ves-
tigial sideband (8VSB) American standard for digital broad-
cast television in the United States, as well as its analog pre-
decessor, the National Television System Committee (NTSC) 
standard. High-power high-definition-television (HDTV) 
transmitters require stringent emission masks to reduce side-
bands and to achieve spectrally pure signals. 

To accomplish this, many 8VSB modulators have incorpo-
rated surface-acoustic-wave (SAW) filters for high sideband 
attenuation. Unfortunately, such filters are often plagued by 
excessive passband amplitude ripple, high passband insertion 
loss, and high cost. However, the use of digital modulation 
techniques, such as field-programmable gate arrays (FPGAs) 

and digital signal processors (DSPs), has made it possible to 
implement digital television modulators that overcome the 
limitations of SAW filters. Through the use of DSP techniques, 
it is possible to generate both analog AM-VSB and digital 
8VSB television signals with a single platform. 

A modulation method known as Weaver modulation has 
been used to generate single sideband (SSB) signals with ar-
bitrary sideband shape.1-4 Because the approach requires two 
precisely matched filters and signal paths, it has rarely been 
implemented in analog circuitry. However, such matching is 
routinely possible with DSP circuitry. Figure 1 depicts a Weav-
er modulator, which begins by multiplying the modulating 
signal with a pair of quadrature phased sinusoidal signals.5, 6 

Through the use of DSP techniques, a single modulation platform can generate both 
analog AM-VSB and digital 8VSB broadcast television signals.

1. This block diagram shows the components and architecture of a 

Weaver modulator. 
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2. The plot shows the real part of the impulse response.
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When generating a SSB signal, the frequency of the sinusoidal 
is one-half the modulation bandwidth. 

The frequency of these two signals is called the folding 
frequency, and the signal multiplication produces a pair of 
orthogonal baseband signals. A lowpass filter following each 
modulator restricts the bandwidth of each output to one-half 
of the bandwidth of the original modulating signal. At this 
point, the modulating signal has been folded in such a way 
that the folding frequency is translated to DC, while both the 
upper and lower band edges are translated to the highest fre-
quencies in the folded spectrum. 

The two baseband signals are then applied to a quadrature 
mixer. If the quadrature phases are accurate; if the two lowpass 
filters are matched; and if the gain, phase, and delay of the two 
signal paths are matched, the sum of the two signal paths is a 
SSB signal.

Discrete analytic signals yield a null in Fourier transform 
values for frequencies of –π ≤ ω < 0. The Hilbert transform is 
a mathematical method for describing the analytic signal sa(n) 

(sometimes known as the complex envelope) of a real-valued 
baseband signal s(n) as: 

sa(n) = s(n) + jH[s(n)], 

where H[s(n)] is the Hilbert transform of baseband signal 
s(n).7 The definition of this linear operator has the convolu-
tion form of H[s(n)] = s(n) * h(k). This transformation can be 
implemented as the output of a linear time-invariant system 
with input s(n), and an impulse response represented in the 
form h(k) = 2sin2(πk/2)/πk. The Hilbert transform has the ef-
fect of shifting the frequency components –π ≤ w < 0 of s(n) 
by 90 deg., as well as the frequency components 0 ≤ ω < π by 
–90 deg. This occurs because of the frequency response be-
havior of the Hilbert transform linear system: F{h(k)} = H(ω) 
= –jsgn(ω) where H(ω) is the discrete-time Fourier transform 
of h(k).6 

The lower sideband from an AM signal is produced due 
to the presence of the negative part of the spectrum, and this 

3. This is a visualization of the imaginary part of the impulse response.

k
0 (N – 1)/2 N – 1

Im
{h

c(
k)

}
0.10

0.05

0

–0.05

–0.10

4. This is a representation of an AM-VSB signal.
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5. The plot shows the 8VSB spectrum for both signal generation 

methods.
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6. This is a representation of the carrier resulting from the Weaver 

filtering method. 
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must be eliminated. These negative frequencies may be can-
celled by applying the modulating baseband signal in a sys-
tem with suitable frequency response, where the transmitting 
bandwidth is represented by ωm. To obtain the impulse re-
sponse for this system, consider a discrete-time Fourier trans-
form (DTFT). Let x(n) be a real-valued signal with a DTFT 
defined by Eq. 1:
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According to the symmetry property, if x(n) is real, X(ω) 
is a conjugated symmetric, which satisfies all of the equations 
for even and odd symmetry with the relationship expressed 
by Eq. 2: 
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The desired system cannot be achieved using a real-valued 
impulse response, since symmetry around the zero frequency 
makes it impossible to discriminate positive and negative fre-
quencies. To generate the desired system response, it is neces-
sary to use a complex-valued impulse response, in the process 
departing from the frequency shifting property of the DTFT 
function. This can be done by using a lowpass filter with cutoff 
frequency of ωm/2 and a real-valued impulse response hr(k) 
with N taps and 0 ≤ k ≤ N – 1.

As a direct consequence, the desired frequency response 
can be obtained by multiplying the hr(k) response by the 
complex function with frequency ωm/2,  wm/2, resulting in a 
complex-valued impulse response hc(k), in the form of Eq. 3:
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Thus, Hr(ω) presents a passband from –ωm/2 to +ωm/2, 
while function 
Hc(ω) provides a 
passband from 0 to 
ωm due to the ωm/2 
shifting. It can be 
proven that there is 
an optimum initial 
phase value ϕ for 
the complex func-
tion that will avoid 
phase distortion of 
the complex enve-
lope to be gener-
ated.2 The initial 
phase ϕ is used 

to guarantee an optimization criterion where both real and 
imaginary parts of the complex impulse response hc(k) must 
present an even and odd symmetry, respectively.7

Following this criterion, the complex function at the instant 
k = (N – 1)/2, which corresponds to the hr(k) symmetry point, 
must be null. This results in an initial phase to applied in Eq. 
3, where ϕ = –(1/2)[(ωm/2) • (N – 1)]. Figures 2 and 3 illustrate 
both real and imaginary parts of hc(k), with the phase cor-
rection. If a signal s(n) is applied into this complex filter, the 
output is a band-limited analytic signal, sa.

Digital television 8VSB modulation is considered to be a 
vestigial-sideband signal because actual filters differ from ide-
al ones, so that the vestigial sideband corresponds to the filter 
rolloff. Ideally, this system could be called 8-SSB. But in ana-
log broadcast television systems like NTSC, a large amount of 
the sideband is intentionally transmitted. As a result, what was 
shown earlier for SSB signals can be generalized for AM-VSB 
signals. 

This can be done by considering ωm as the bandwidth from 
one sideband and ωv as the bandwidth from the vestigial side-
band, as shown in Fig. 4. If hr-vsb(k) represents the real impulse 
response of a lowpass filter with cutoff frequency equal to (ωm 
+ ωv)/2, with 0 ≤ k ≤ (N – 1), then a baseband signal that de-
scribes the AM-VSB channel can be generated by filter having 
the complex impulse response hr – vsb(k) which is defined by 
Eq. 4:
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By performing a comparative study between the Weaver 
method and the complex filtering method proposed here us-
ing an 8-VSB modulator implementation, almost no differ-

7. This is a representation of the carrier resulting from the complex 

filtering method.
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8. The photograph shows the Quartz II pro-

gramming platform used to validate the 

complex filtering approach for AM-VSB sig-

nal modulation. 
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ence exists in performance, as shown in Fig. 5.8 At this mea-
surement, the lower sideband had been attenuated by 50 dB 
due to the orthogonal phase relationship between both base-
band signals. Analysis of the channel spectrum generated by 
the complex filter method reveals no differences from previ-
ous modulation methods. 

However, if a single symbol is transmitted continuously, 
which means transmitting a pure carrier, differences will ap-
pear in terms of in-channel spurious content. This can be seen 
in the measurements presented in Figs. 6 and 7. By using the 
Quartz II programming platform to implement the inside the 
FPGAs, Fig. 8 presents the architecture designed for all ex-
perimental measurements made over the modulator block for 
modern HDTV transmission systems.   

The FCC has mandated a period which ATSC and NTSC 
signals will be multicast. Transmission equipment that is suit-
able for both systems will provide the greatest degree of flex-
ibility for the broadcaster. Quite possibly, the original, com-
plex filtering approach presented here provides the flexibility 
needed to apply DSP techniques to modern broadcast televi-
sion systems.
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