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Abstract: This paper is dedicated to modeling of the
digital method of single-sideband (SSB) modulation.
Digital method of SSB modulation provided in this paper
is based on Weaver's method of SSB modulation. The
design and calculations of digita blocks are detailed.
Such a model allows obtaining the output SSB signal in
time and frequency domains at given input signals and
system parameters. This could be useful for design and
optimization purposes.

In the case of implementation of SSB modulation with
the use of andog dircuits it requires mixes, filters
congructed with the use of inductors capadtars ceramic
filters, resonators etc. In the case of the digita
implementation of SSB modulation, considered in this paper,
no anaog filters or multipliers are required. Any filtering and
multiplication is performed in digitd form. Only andog to
digital (ADC) and digitd to andog (DAC) converters are
required here The ADC is required for digitizing of input
andog sgnd that isusudly in human voice frequency range.
The high-speed DAC is used for backward converting of a
digital sequenceto the andog form of find SSB signd. Such
approach dlows performing dl transformations without any
other andog circuits and does nat require adjugment in the
case of mass-production.

Key words. digitd processing, digitd SSB modulation,
Weaver's SSB modulation, SSB modulation.

1. Introduction

The digital Sgna synthesis has become very popular
these days. Quch popularity isrdated to the devel opment and
avallahility of the high performance digitd devices such as
programmabl e systems-on-chip (PSoC), Fdd-Programmable
Geate Array (FPGA), digital sgnd processing (DSP)
microprocessors. Such  technical progress tends to the
subgtitution of typica andog circuits with digitd circuits.
Such subgtitution has its advantages and drawbacks. The key
advantages of digitd sgnd synthessarenoiseresgance, fast
processing, Smple adjustment, flexibility, low cost. The key
disadvantages are the quantization error, less accuracy dueto
limited data resolution, wide frequency bandwidth of
parasitic emisson dueto the steep edges of digital pulses.

This paper is dedicated to the digitadl method of
modeling of single-sideband (SSB) modulation. There
are two best known basic methods of SSB modulation:
phasing method and filtering method [1, 2]. In addition,
some combined filtering and phasing methods exist. In
the case of implementation of SSB modulation by analog

means, it requires mixers and filters containing
inductors, capacitors, ceramic filters, resonators etc. In
the case of filtering method, the steep edge filters are
required. Such filters usualy consist of the chain of
smple filters and their tuning is complicated. The
phasing method requires high quality analog multipliers
which should have stable characteritics in the wide
dynamic, frequency and temperature range that is not
often feasible. All mentioned cases of imperfectness of
filters and multipliers are caused by the paradtic side-
band emission and the distortion of the SSB signal.

In the case of digita implementation of SSB modulation
conddered in this paper, no andog filters or multipliers are
required. All filtering and multiplication is performed in a
digital form. The only components required are anaog to
digital and digitd to andog converters (ADC and DAC
regpectively). The ADC isused for digitizing an input ana og
signd that isusually located in the frequency range of human
voice (typically 300-3400 Hz). The high-speed DAC is
required for back converting of the digitd sequence to the
andog form of a finad SSB dgnal. Such gpproach alows
peforming dl transformations without any other anaog
circuits and does not require adjuging in the case of mass
production. The drawback of this approach is the limited
central frequency of the SSB signa due to limited speed of
modern DACs. Nowadays, high-speed DACsmake hundreds
of millions of converdons per second which corresponds to
SSB dgnds with band center frequencies of dozens or
hundredsmegahertz [3].

2. Weaver 'sMethod of SSB M odulation

The method of SSB modulation, considered in this
paper, is based on Weaver's method which is described
in [1]. This method is also called the third method of
SSB modulation which is the combination of phasing
and filtering methods. The block diagram of Weaver's
SSB modulator isshown in Fig. 1.
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Fig. 1. Block diagram of Weaver s method
of SSB modulation.
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The sequence of signal spectrum transformations is
shown in Fig. 2. Fig. 2, ashowsrea and imaginary parts
of the spectrum of the input signal.

According to Fig. 1, the input sgnd is split into two
components | and Q (I — in phase Q — quadrature-phass).
Firdly, input sgnd is multiplied by reference dgnds at
frequency fg/2 located gpproximatey in the middle of the
voice spectrum. It causes spectrum shifting to the left by

fg/2 frequency value as shown in Fg. 2,b. A resulting
signd passes through the low-pass filter (LPF) suppressng
the 9deband spectrum. Theresfter, the signd ismulltiplied by
| and Q components of areference signa whose frequency is
equa to the centrd frequency of the SSB signal. Finaly
sgnds from | and Q channds are summed and the output
SSB dgnal isobtained asshownin Fig. 2, d.

The suppresson of the parasitic sideband and the signa
quality mainly depend on cut-off frequency of the LPF, and
the digortion of the SSB signd is smdler if an amplitude-
frequency charadterigtic within the pass-band is fletter.
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Fig. 2. Spectrumtransformationsin Weaver 's SSB modul ator.

3. Digital Implementation of Weaver’sM odulator

The block diagram of the digital design of Weaver's
SSB modulator is shown in Fig. 3.

An anadlog dgnd X, in the voice frequency range is
sampled with a frequency f; and converted to the digitd
form usng the ADC. The sequence of digitized data X is split
into two paths | channd (at the top of Fig. 3) and Q channdl
(at the bottom of Fig. 3). | and Q channd dructures are
smilar except for the phase of the reference sequences used
in each of these channds Thereare | and Q segquences used
corresponding to the Sne and cosine samples respectively.
These sequencesarethefollowing:

Isequence=[0,1,0,- ,0,1,0,-1,0..],  (1a)

Qsequence=[1,0,-1,0,1,0,-1,0,1..].  (1b)
There are 4 samples per period in sequences (1)
and (1b).
The sream X of input data is multiplied with each of |
and Q sequences and, as a result, the 11 Y and Q1 Y

sequences are obtained. Theredfter, these sequences pass
through low-passfilters (LPF) andthe I1_LPF and Q1 _LPF
sequences are obtained. Then they pass to interpolators The
interpolators are used judt to raise the discretization frequency

to f, vaue Theinterpolated sequences |1 INT and QL_INT
are multiplied by the same quadrature sequences (18 and
(1b) but at frequency f,,. Findly, resulting sequences from |
and Q channds are summed and converted to the anadog
signd usng the DAC.

A block diagram in FHg. 3 is divided into the left and
right part according to the discretization frequency. Signdsin
the left part are processed in f, frequency domain and
sgnds in the right part in f, frequency domain. Below,
important relations used for implementation and modding of
thedigita form of SSB modulator in Fig. 3 aregiven.

A déay unit Dt, should provide 90-degree phase shift
between 11 and Q1 sequences. As equations 1 shows, the full
period of Q or | sequences consids of 4 samples It means
that discretization frequency f is4 timeshigher than Qor |
reference frequency. This raio can be incressed, but, in
generd, f, frequency should aways be related with a

period of | or Q sequences asfollows:

fy =4% qu , (2
where fq isafrequency of quadrature reference sequences (|
and Q sequences); k isapositiveinteger number.

Let us note that equation (1) is specified for the case
of k=1. If Kishigher than 1, sequences (1) should be
interpolated K times.

An interpolation ratio M is calculated usng the
following equation:

f
M=—" ©)
fa
where f,, is the discretization frequency of processing in
the right part of the diagram in Fig. 3. In other words, it
also is the sampling frequency of the DAC. Obvioudly,
M should be a positive integer number.

The delay unit Dt, provides 90-degree phase shift
between | and Q sequences.

The central frequency f of the SSB signd is
calculated asfollows:

1:h

=), 4

= 1k 4)
where k is a positive integer number. Let us note, that if
the number of samples in one period of | or Q sequence
(1) is multiplied by 4, these sequences should be

interpolated & times. For practical usage, thevaluek = 1
is quite sufficient for qualitative voice communication.
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Fig. 3. Block diagram of Weaver s method of SSB modul ation.
The approximate values of the interpolation ratio M,
based on a priori known central SSB frequency, can be fy = AXKxf, = 41>4900kHz =6.00122 KHz.

obtained by substituting (4) to (3):

M = 4X xf,

: (6)

dmin
where f, ., isaminima ADC discretization frequency
considering the maximal frequency of the input signal
and the Nyquist theorem. Equation (5) allows estimating
the interpolation ratio M ¢ based on the known central
frequency f. of the SSB signa and minima ADC

sampling frequency f, ;.. If M calculated by (5) is a
fractional number, the M should be rounded down and
exact ADC sampling frequency should be recalculated
by the following equation:

_Axkxf,
fq I (6)
For example, there is a requirement to generate the
SSB signal with the central frequency f;=4.9 MHz. The
spectrum of the input signal is limited at the frequency
3 kHz. Considering the Nyquist theorem, the minimal
ADC sampling frequency fqmin should be at least 6 kHz.
Using (5) and considering k equal to 1, the
approximate interpolation ration M’ can be calculated as
follows:

Ak xf, _ 44 x4900kHz
f 4 min 6kHz

Since MU is a fractional number, it should be
rounded down, and ADC discretization frequency should
be adjusted according to (6):

M ¢= = 3266.666 .

M 3266

According to (2) and considering reference sequence
asin (1), the frequency of quadrature references can be
calculated asfollows:

_ fy _6.00122MHz
4% 43
The f, is approximately in the middle of the voice

=1.50031kHz.

spectrum asit isrequired.

The LPF can beimplemented in the form of a digital
filter with infinite impulse response (IIR) or the finite
impulse response (FIR). In general case the transfer
function of the LPF can be detrmined like those of
classical digital filters:

H(z)=

4. Model of digital SSB M odulator

The modd of the digital SSB modulator shown in
Fig. 3 is created using MATLAB GNU Octave. Such
model allows:

1) calculating numerical values of the digita
sequences in any unit of the diagramin Fig. 3.

2) obtaining spectrums of the internal and output
signals.

3) setting different coefficients of the LPF transfer
function and rearranging it.

4) applying different input signals, for example,
singletone signa, biharmonic signal, noise and
evaluating output.

byxzt+bxz?+..+bz"
l+axzt+a,xz?+..+b @™
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Such a model is useful for designung digital SSB
modulators in different digital devices (FPGA, PSoC). It
allows calculating system parameters at a modeling stage
and avoiding time consumption for adjusting a red
system. Additionally, it allows comparing characteristics
and signals obtained experimentally with simulated ones
in the proposed model.

Below, there is an example and simulation results
obtained using the model with the following parameters:

f, =6kHz fq =15kHz; M =64, f, =96kHz. The

LPF is the 18-th order digitd filter with finite impulse
response with cutoff frequency equal to 1,5 kHz and
20 dB signal suppression at 1,8 kHz.

The voltage applied to the input isrepresented as the
superposition of sine signals and expressed as shown
bel ow:

Vin(t) = A +& L Aosin(25p xf +j ). (8)

In the proposed example, the biharmonic signal with
the paameters A=A =2V; f, =400 Hz;

f,=1kHz;j =], =0 radisapplied.

Fig. 4 shows the internal signal |1 Y in frequency
domain obtained after multiplying by the 11 sequence
(see Fig. 3). It is shown that the 400 Hz and 1 kHz
harmonics are mirrored relative to the frequency of
1.5 kHz which is the reference 11 frequency. SO, as a
result of multiplication, frequency components at
500 Hz, 1100 Hz, 1900 Hz and 2500 Hz are obtained. In
Fig. 4, the dashed curve represents the LPF amplitude-
frequency characteristic and shows the suppression of
the side-band frequencies at 1900 Hz and 2500 Hz.

Fig. 5 shows the output signa Ya in the time
domain. There are visible amplitude beats in Fig. 5
caused by mixed frequency components equal to 400 and
1000 Hz. As the result, the beat frequency is equal to
600 Hz.
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Fig. 4. Internal signal 11 Y
in the frequency domain and amplitude-frequency
characterigtic of the LPF (dashed curve).
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Fig. 6 shows the output signal Ya in the frequency
domain. There are two noticeable frequency components
at about 96 kHz which are the input 400 Hz and 1 kHz
biharmonic components shifted to the high central SSB
frequency f..

Additionaly, there are a lot of parasitic spectral
components, but with significantly smaller amplitudes.

If thereisnoinput signal, the output Signal isalso
absent which is expected in the case of SSB modulation.

Output signal Ya
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Fig. 5. Output signal Yain time domain.
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Fig. 6. Output signal Yain the frequency domain.

5. Implementation of SSB modulator using PSoC

The digital SSB modulator considered in this paper
was created using a programmable system on a chip
(PSoC) manufactured by Cypress. Due to limited
ADC/DAC speed and only 48 MHz clock frequency of
the microprocessor CPU, the maximal central frequency
of the SSB signal was about 100 kHz. The SSB signa
obtained with the use of PSoC4 was passed to the SSB
receiver and human voice was clearly understandable at
thereceiver end.
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6. Conclusion

The architecture of the digital method of SSB
modulation considered in this paper has the following
advantages.

1) It alows performing SSB modulation without
andog filters and only with digital devices (except for
ADC/DAC).

2) In practice, the considered architecture allows
generating SSB signals with frequencies up to several
dozen Megahertz.

3) Digita method of SSB modulation is not
sensitive to the environment impacts, because al
processing is performed in adigital form.

4) No specia adjustment required during mass
production.

The considered architecture has the following
drawbacks and peculiarities:

1) Any value of central SSB frequency can be
obtained by changing the interpolation coefficient M and
discretization frequency of the ADC. It dightly increases
the complexity of the system in the case when output
frequency should be varied in the wide range. Such a
problem does not occur if output frequency is fixed.

2) Sideband emission occurs due to
guantization.

3) The DAC sampling frequency should be at least
4 times higher than the required SSB centra frequency.

the
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SSB-MOAYJAUISA
3 BUKOPUCTAHHSAM
HUPPOBOI'O METOAY

Cnaprak ManbkoBchbkuid, Mupon HuxomumiuH,
Ewminiss MaHLKOBCEKA

3 wMozenboBaHO 1HUdpoBUH MeTox (GopMyBaHHS
onnocmyroBoi monymsuii (SSB). Iudposuit meronq SSB

Monyisnii B 1iit podori 6a3yerbes Ha Meroni Bisepa. Tlonano
IPOEKTYBAaHHSA Ta PO3paxyHOK HudpoBux Onoki. Lls mMonens
Jla€ 3MOry OTpUMyBaTH BuXinHMH SSB curnan y wacosiii ta
YacTOTHIM o00JacTsX 3a 3aJaHuX BXIJHOIO CHTHAIY Ta
cucreMHHX napamerpis. Lle Moxe Oyru KOpuCHUM Uil 3a/a4
MIPOEKTYBAaHH Ta ONTHMI3amil.

VYV Bunmangky peamizanii SSB momymsmii Ha  OcHOBI
aHaJIOrOBUX KUl OCTaHHI BUMAararoTh 3aCTOCYBaHHs 3MilllyBa-
4iB, (iNBTPIiB, sSKi MOOYIOBaHI Ha OCHOBI IHIYKTHBHOCTEH,
€MHOCTeH, KepaMiuHMX (UIBTPIB, pe3oHaTopiB TOmO. Y
Bunajaky nudposoi peanizanii SSB moxymswii, posrisHyToi B
Liii  crarTi, 3acTOCyBaHHS aHAJIOroBUX (UIBTPIB  uM
MIOMHOXYBauiB He norpiGHe. Bynp-sika ¢inprpanis uu nepe-
MHOXEHHS BinOyBatoTbcss y 1ubpoBiii  ¢dopmi. Jlume
ananoroBo-uudposuii (ALI) Ta uudpo-anamorosuii (IJAII)
neperBoproBaui € HeoOximHi. ALl € HeoOXiguuilt s
ou(pyBaHHA BXiJJHOIO aHAJIOrOBOIO CUTHANY, KU 3a3BHYail
€ B 3ByKOBOMY aiamasoni uacror. IlIBuaxicamit LIAIT €
HEOOXiIHUH ISl 3BOPOTHOrO IEPETBOPEHHS LU(POBOI MoCIIi-
JIOBHOCTI B aHaioroBy Qopmy pesynbryrouoro SSB curnany.
Leii miaxin mae 3MOry BUKOHYBAaTH BCi HEOOXiIHI HepeTBO-
peHHsL Oe3 3acTocyBaHHS Oy/b-SKMX aHAJIOIOBHX KUJI Ta He
BUMAaraloTh ~ HAJAIUTYBAaHHA Yy  BHIAAKYy  MacoBOroO
BHUPOOHUIITBA.
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