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ABSTRACT

This paper describes a digital real-time implementation of a Hilbert transformer for the
generation of single-sideband signals (SSB’s). Design criteria for the transformer are
presented and the experimental results are discussed for a typical voice-band channel
having a nominal bandwidth of 300 to 3500 Hz. Techniques for generating two
independent sidebands (ISB’s) on a single carrier are also described.

INTRODUCTION

The conventional method for generating a single-sideband signal (SSB) requires a
balanced modulator, followed by a highly selective bandpass filter which picks out either
the upper or lower sideband of the modulator output.

The requirement of highly selective bandpass filters for the generation of SSB signals can
be alleviated by a technique known as the “phasing method” of SSB generation and
reception[1,2].

Figure 1 shows the generic block diagram of the phasing method, also known as the
Hartley modulator[3]. As shown, the baseband signal A(t) is split into two paths. One path
takes this signal to balanced modulator #2 and the second path takes it to a wideband 90E
phase-shift network. The output Bp90E of the network is applied to balanced modulator
#1. The carrier reference signal is also applied to a network which provides the 0E (Ic) and
90E (Qc) components of the carrier signal. These components are also applied to balanced
modulators #2 and #1, respectively. Phasing of the sideband vectors of the modulator
output signals is such that, when their outputs are summed, only the upper or lower
sidebands result.



MODULATOR CIRCUIT TOLERANCE REQUIREMENTS

Generation of a “pure” sideband is subject to modulator circuit tolerances. Specifically, the
critical parameters that determine suppression of the undesired sideband include: (1)
amplitude mismatch, (2) phase mismatch between phase-shifted and unshifted baseband
channels and, (3) phase tolerance on the quadrature of the Ic and Qc components.

If one considers the effect of each of these tolerances on the suppression of the opposite
(i.e., undesired) sideband separately, the suppression (in decibels) can then be expressed
quantitatively, as follows[1,2]:

(1a)

(1b)

(1c)

The impact of (1a) - (1c) on the circuit tolerances of a Hartley modulator becomes evident
when one considers that, in order to obtain 60 dB of opposite sideband suppression, both
phase quadratures (carrier and sideband) must be maintained within 0.12E and the
baseband amplitude unbalance must be less than 0.2%. Corresponding tolerances for
50 dB suppression are 0.35E and 0.6E, respectively.

DIGITAL HILBERT TRANSFORMER AS A WIDEBAND 90EE PHASE SHIFTER

The digital Hilbert transforfner[4] provides an answer to the requirement for the wideband
90E phase-shift network used in one of the baseband channels of a Hartley modulator.

Figure 2 indicates how the Hilbert transformer implementation of a wideband 90E phase
shifter determines the suppression of the undesired sideband. This figure illustrates that,
when a Hilbert transformer is used for a wideband 90E phase-shift network, amplitude –
rather than phase ripple in the transfer characteristics of the phase-shifter channel – plays
the dominant role. Specifically, as depicted in Figure 2 between arbitrary selected lower
and upper frequency cutoffs determined by fL and fU, respectively, the amplitude mismatch
is limited to *. The latter, in turn, determines the degree of undesired sideband
suppression.

Thus, the trade-offs pertaining to the design of a Hilbert transformer can be summarized as
follows: (1) determine the architecture of a digital SSB modulator versus performance and, 



* For n = odd.

(2) identify the critical components of the modulator and their impact on the modulator’s
performance.

DIGITAL HILBERT TRANSFORMER IMPLEMENTATION

The Hilbert transformer implementation herein described is that of a finite-impulse-
response (FIR) digital filter. Filtering by means of a FIR digital filter implies a realization
of the convolution sum

where {x(n)} is the filter input sequence, {y(n)} is the output and the h(k) are the values of
the impulse response computed by the Remez approximation algorithm[5]. The direct
implementation of (4) leads to the diagram of Figure 3, where operators z-1 represent unit
delays. Note that alternate values of h(k) are equal to zero, thus significantly reducing the
number of multiplications.

It is evident that this implementation requires a maximum of (N+1)/4 multiplications. For
example, a filter of length N= 127 would require 32 multiplications to be performed in a
time interval of T= 10-5 s, or 10 µs if fc= 10 kHz. This means that, even if all other
operations are neglected, only about 300 ns are available for each multiplication.
Specifically,*

Number of delays = filter length = N
Number of multiplications = (N+1)/4

Number of additions = (N+1)/2

Application of the principles outlined above can be applied to provide a design example
for a Hilbert transformer covering a typical range of audio baseband frequencies, i.e.,

Lower band edge--fL = 350 Hz (0.04375)
Upper band edge--fU = 3650 Hz (0.45625)

Sampling frequency--fS = 8000 Hz (1.0)

Figure 4 shows the relationship between the sideband suppression, as determined by the
ripple magnitude 2*, and the number of sections, or coefficients, of the Hilbert transformer
required to obtain the desired suppression over a specified baseband range defined by fL

and fU. The relationship is not quite a straight line, but it is evident that 60 dB of



attenuation is possible using 45 coefficients. It should be noted, however, that the phase
shift provided by the Hilbert transformer is exact, subject only to errors arising from finite-
word length and roundoff.

INDEPENDENT SIDEBAND MODULATOR

The phasing method of generating an SSB signal can be extended to include the capability
of providing two independent sidebands (ISB’s) on a single suppressed carrier. Due to the
use of digitally implemented Hilbert transformers, this multimode capability can be
achieved without resorting to analog filtering which requires bulky components, such as
either crystal or mechanical narrowband bandpass filters.

The multimode capability of a digitally implemented ISB generator can be understood by
referring to the generic block diagram of the two-channel modulator depicted in Figure 5.
Similar to the single-sideband generator, the two-channel modulator utilizes the phasing
method for sideband generation and selection. The major difference is that the capability of
generating two-channel ISB modulation formats in addition to the SSB capability is
inherent in the configuration of Figure 5.

As shown in Figure 5, the ISB generator is functionally partitioned into two sections: the
“processor” and the “modulator”. The processor section digitally adds and subtracts the
two baseband signals, performs lowpass filtering , and establishes the quadrature baseband
waveforms via the digitally implemented Hilbert transform (HT) operation. The modulator
section provides the quadrature carrier references to the balanced modulators, where the
quadrature baseband waveforms modulate the respective carriers. Addition of the two
results produces the two-channel ISB signal S(t). Equations below explain the operations
involved, where the “hat” symbol denotes the HT of the indicated signals. Signal routing to
achieve various multimode modulation formats is also listed below.

Characteristic equation
S(t) = x(t) cos(T0t) + x̂ (t) sin(T0t) LSB

+ y(t) cos(T0t) - ŷ (t) sin(T0t) USB (5)
where:

x(t) = Channel 1 baseband signal
Y(t) = Channel 2 baseband signal

f0 = IF or carrier frequency
^ = 90E phase shift

S(t) = modulated IF or carrier signal.



Mode-selection conditions
Mode Condition

USB/SS x(t) = 0 y(t) =/  0
LSB/SS x(t) = 0 y(t) = 0

Two-Channel ISB Compatible x(t) =/  0 y(t) =/  0
with Carrier Reinsertion x(t) = 0 y(t) =/  0

( arrier added to USB)

INDEPENDENT SIDEBAND DEMODULATOR IMPLEMENTATION

To provide for recovery and separation of the ISB signals, a digital processor similar to
that used in the modulator can be used. The processor/demodulator must be preceded by
an antialiasing IF or RF bandpass filter whose function is to prevent the received signal
frequencies that are close to the sampling rate of the processor from being sampled and,
thus, “folded over” into the frequency range of the desired signals. Similar to the
modulator, the receiver’s demodulating processor can provide skirt-selectivity
characteristics of the individual channels as required for ISB operation. Also, similar to the
functioning of the modulator sideband generator processor, the finite-impulse-response
(FIR) nature of the receiver digital processor/demodulator ensures that no phase or
envelope-delay distortion is introduced by the processing delay.

Figure 6 shows the generic block diagram of a multimode two-channel ISB demodulator. It
must be noted that the configuration shown there is the “inverse” of that shown in Figure 5
for the modulator. Thus, the characteristic equations and mode-selection criteria are
governed by the same rules that are set forth for the modulator. A fundamental difference
exists, however, in the requirements for the demodulator as compared to that of the
modulator. This difference is that of providing an automatic-gain-control (AGC) function
for the two recovered baseband signals u(t) and v(t). This requirement exists because an
HF signal exhibits frequency-selective fading that may affect the two ISB channels
separately, thus resulting in the need to adjust the levels of u(t) and v(t) to some arbitrarily
set level. With the digitally implemented demodulator described herein, various trade-offs
exist with respect to implementing an independent AGC (IAGC) function for the two
sidebands. Because these trade-offs involve the architecture of the receiver preceding the
demodulator, as well as time constants specified by the modulation function carried by
each sideband, discussion of the gain-control operation is beyond the scope of this paper.

EXPERIMENTAL RESULTS

A two-channel ISB modulator and a companion demodulator were breadboarded and
tested to verify the concepts outlined in this paper. The key element of both the modulator
and demodulator was a special-purpose digital processor utilizing TRW’s model



TDS1010J 16x16 bit multiplier/accumulator. The data bus of each processor was 12 bits
wide.

The test signals applied to the baseband inputs of the modulator/demodulator group were:
(1) single tone, (2) two-tone signal, and (3) wideband noise. The IF output of the
demodulator unit as well as the two baseband outputs of the demodulator unit were
examined by a spectrum analyzer and a distortion meter.

Various combinations of modes were implemented and tested using a 95-point Hilbert
transformer. The results indicated that the in-channel spurs as well as the cross-channel
spurs were at least 60 dB down. The carrier suppression was on the order of 55 dB. The
selectivity of the digital filter implemented by each processor was identical to that
specified for the SSB/ ISS sideband attenuation response.

CONCLUSIONS

The concept of implementing independent sideband (ISB) modulator and demodulator
subunits by means of digital signal processing has been conceived and verified empirically.
The unique feature of this concept is that the analog baseband signals can be translated to
a carrier frequency by means of digital signal-processing techniques that are completely
“transparent” to the analog signals being processed.

Tests of the breadboard models of an ISB modulator and a companion demodulator
yielded data which conclusively points to the fact that performance goals set for
conventionally implemented equipment (i.e., a balanced mixer and a bandpass filter
method) not only can be met, but can even be exceeded by using digitally implemented
equipment. Of particular importance in this case is the inherent capability of digital
processing to provide filtering of signals according to prescribed filter selectivity and
ripple parameters.

The key advantage of digital processing is the ability to utilize a single processor to satisfy
various modulation formats as well as bandwidths and frequency-selectivity requirements.
Such versatility is of the utmost importance to modern multipurpose communication
equipment.
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Figure 1. Generic Block Diagram of an SSB Modulator Based
on Phasing Method (Hartley Modulator)



Figure 2. Undesired Sideband Suppression of Hilbert
Transformer-Based Digital Sideband Generator
is Determined by Transponder Ripple 2**

Figure 3. Implementation of the Hilbert Transformer



Figure 4. Sideband Suppression as a Function of
Number of Coefficients (Design Example)

Figure 5. Generic Block Diagram of a Digitally Implemented
Multimode Two-Channel ISB Modulator



Figure 6. Generic Block Diagram of a Digitally Implemented
Multimode Two-Channel ISB Demodulator


