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Abstract - T Wireless communication requires spectrum
efficient modulation and demodulation schemes under
limited bandwidth. Spectrum efficiency can be improved
with the help of single sideband quadrature phase shift
keying but this technique has a major problem of inter
symbol interference (ISI). This ISI generated by Discrete
Hilbert Transformer due to interference at odd numbered
symbols of quadrature channel. This ISI can be eliminated
from desired data symbols using techniques turbo coding,
zero interpolating & conventional approach.  A new SSB-
QPSK modulation scheme which will maintain reasonable bit
error rate and eliminate ISI in data symbols by increasing
the joint detection taps length long enough. This proposed
modulation scheme also focuses on method which will
maintain channel efficiency at least 4bits/Hz.

Keywords - A Single SSB, QPSK, Hilbert Transform
Joint Detection, Soft Decision.

I. INTRODUCTION

This chapter is composed of history of SSB
communications and SSB QPSK. Purpose of the study will
be expressed in context of Shannon Limit or Noisy
channel coding theorem.
1.1 The History of Single Sideband Modulation
In the early days of radio communications, little was
known about sidebands. In 1914 mathematically illustrated
that amplitude-modulated wave consists of a carrier and
two identical sidebands spaced above and below the
carrier by an amount equal to the modulating frequency.
But the concept of an amplitude-modulated signal being a
composite rather than an indivisible whole was not well
defined and was a subject open to controversy [6] [7].
In December 1915 the first U.S. Patent [8] for SSB
modulation was applied by John Renshaw Carson. He
applied for a patent on his idea to suppress the carrier and
one sideband. After much of litigation process the patent
was granted in 1923. Another had found that insertion of
the carrier frequency at the receiver side will improve
detection of the desired signal. These discoveries
established the way for development of the concept of
single-sideband communication.

SSB was then used for long distance telephone lines, as
part of a technique known as frequency-division
multiplexing (FDM). This technique enables multiple
voice channels to be sent through single physical circuit.
SSB allowed channels to be spaced usually just 4,000 Hz
apart, while offering a speech bandwidth of nominally
300–3,400 Hz.

1.2 The History of SSB QPSK Modulation
Single-sideband Quadrature Phase Shift Keying

Modulation is studied first by S. A. Mujtaba published on
November 1998[3]. In Mujtaba's is original work [3]
transmitting QPSK as a single sideband (SSB) signal is
presented. The theoretical spectral efficiency of this
scheme is identical to that of QPSK or SSB (i.e. 2 bps/Hz),
it is shown that for a Rayleigh-fading channel, SSB-QPSK
is more robust to than either QPSK or SSB. The
performance in a frequency-selective Rayleigh-fading
channel is same with a linear equalizer, further, if the
equalizer fails to remove ISI; the residual ISI is lower than
QPSK.

Mujtaba's conventional SSB QPSK modulation scheme
has some advantages over QPSK, but cannot achieve half
of the standard QPSK bandwidth by using one carrier
[3],[12],[9]. To solve this problem, B. Pitakdumrongkija
proposes another modulation scheme for QPSK that can
guarantee half of the conventional QPSK bandwidth on
one carrier [11] using turbo code. This scheme also has
Inter-symbol interference (ISI) even in the additive white
Gaussian noise (AWGN) environment, receiver should
have an equalizer [13],[14],[15]. This modulation should
have the same spectral efficiency that for OFDM
generally, and additionally, when the roll-off factor of
pulse-shaping is sharp enough, its spectral efficiency
should be almost 4 bit/s/Hz, twice as high as OFDM.
Sophisticated matrix allocation algorithm is proposed. In
real usage, matrix detection processes have some problems
which is caused by inherent Inter-symbol interference of
Hilbert Transformer used for Double-branch. This project
is based on G.Ohta all's work and will propose new
detection strategy to overcome ISI from Hilbert
Transformed signals.
1.3 Shannon Limit

The Shannon–Hartley theorem is a direct application of
the noisy channel coding theorem to the case of a
continuous-time analog communications channel with
Gaussian noise. The theorem is relation of Shannon's
channel capacity for such a communication link, an upper
limit on the maximum amount of digital data that can be
transmitted with a specified transmission bandwidth in the
presence of the outside noise interference, under the
assumption that the signal power is limited and the
Gaussian noise interference process is characterized by a
known power level or power spectral density. This law is
named after Claude Shannon and Ralph Hartley.
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1.4 Theorem Statement
Covering all possible multi-level and multi-phase

encoding/decoding methods, the Shannon–Hartley
theorem states that the channel capacity C, meaning the
theoretical upper bound on the information rate of clean or
arbitrarily low error rate data that can be sent with a given
signal power S through an analog communication channel
with additive white Gaussian noise (AWGN) of power N,
is

C = B log2 (1 + S/N)                                 (1.4.1)
1.5 Fundamental Concepts

Nyquist found that the number of independent pulses
that could be sent through a telegraph channel per unit
time is limited to twice the bandwidth of the channel. In
symbols,

fp ≤  2B                                     (1.5.1)
where;

- fp is the pulse frequency (in pulses per second)
- B is the bandwidth (in hertz).
Hartley stated that the maximum number of distinct

pulses that can be transmitted and received reliably over a
any communications channel is limited by the range of the
signal amplitude and the precision which the receiver can
distinguish those amplitude levels. More specifically, if
the amplitude of the transmitted signal over the channel is
restricted to the range of [–A; +A] volts and the precision
receiver can distinguish is ± ΔV volts, then the maximum
number of distinct pulses M would be expressed by:

M = 1 + A/ ΔV (1.5.2)
By taking transmitted information per pulse in bit/pulse

to be the base-2 logarithm of the number of the distinct
message number M which could be sent, line rate R as:

R= f p log2 (M) (1.5.3)
Hartley's law is quoted as analog bandwidth, B, in Hertz

and digital bandwidth, R, in bit/s. Other cases it is quoted
in this more quantitative form, as an achievable line rate of
R bits/second:

R ≤ 2Blog2 (M) (1.5.4)
1.6 Motivation of the Study

Because of wireless communication systems require
spectrum efficient modulation and demodulation schemes
under limited bandwidth, single sideband QPSK attracted
much attention. Thus, strong progress in single sideband
QPSK required for the field of wireless communications to
find achievable techniques and cultivate new frequency
resources to improve the spectral efficiency of modulation.
1.6.1Shanon limit and existence of new transmission
technique

Bounded by Shannon's definition of upper limit of
transmission capacity given in (1.4.1), current
transmission techniques plotted on Figure 1.6.1.1 showing
spectral efficiency vs Eb/No graph.

Fig.1.6.1.1 Comparison of Current transmission
techniques view of Shannon limit

Comparison condition for Eb/No = 10 and BER of 10-3.
At this point, spectral efficiency of QPSK is 1 bits/s/Hz,
OFDM-QPSK is 2 bits/s/Hz. We believe that some new
modulation method will exist on 4 bit/s/Hz position on this
graph. Main motivation of this study is to search the
method that perform 4 bits/s/Hz spectral efficiency at the
comparing point of Figure 1.6.1.1.

II. SSB QPSK MODULATION

Some Single-sideband QPSK Modulation Methods are
mentioned as a History of Single-sideband QPSK Studies.
Those are S. A. Mujtaba's original scheme with
symmetrical two frequency elements [3], B.
Pitakdumrongkija’s another modulation scheme which
uses using turbo code [11], and G.Ohta's modulation
method which have four orthogonal frequency elements
[5].
2.1 Symmetrical 2 frequency elements

In 1998, S. A. Mujtaba introduced new single-sideband
QPSK modulation method which has same theoretical
spectral efficiency of QPSK and SSB which is 2bits/s/Hz,
but more robust in Rayleigh-fading mobile radio channels
either of SSB or QPSK[3]. Since the frequency spectrum
of the QPSK is asymmetric relating to carrier frequency, it
is not possible to remove either the upper or lower
sideband using mentioned SSB generation techniques.
However in this scheme, QPSK signal is interpolated with
zeros. After interpolation, spectrum is replicated in
frequency domain. Then it will be possible to remove one
of the sidebands.

Fig. 2.1.1 Allocation of symmetrical 2 frequency elements

2.2 Double-branch method with 4 orthogonal
frequency elements

G.Ohta all proposed a new modulation method [5]
which is significantly enhances spectral efficiency
compared to previous single-sideband QPSK modulation
schemes. Theoretically, this modulation scheme obtains
the same spectral efficiency as OFDM in general, and, if
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the roll-off factor of pulse shaping filter is sharp enough, it
could be twice as high as OFDM, which is almost 4
bit/s/Hz.
The modulation consists of Two of LSB (lower side band)
and two of USB (upper side band), totally four single-
sideband elements all having a common carrier frequency.
Both of the SSB components are allocated on orthogonal
phase positions in the frequency domain, respectively as
shown in Figure 2.2.1

Fig.2.2.1 Frequency band allocations of 4 orthogonal
frequency elements

At the receiver, it needs a two-staged demodulation
process. The first stage separates USB elements and LSB
elements by applying cosine mixers and Nyquist filers.
The second stage extracts the Real and Imaginary parts
from the complex USB and LSB elements. Further, the
second stage continues to extraction of symbols from the
complex USB and LSB elements.

III. PROPOSED MODULATION METHOD

In SSB QPSK modulation technique Inter symbol
Interference caused by Hilbert Transform which will
reduce the Bit Error Rate. Proposed method is use to solve
inter-symbol interference from Hilbert Transform & also
gives the higher BER on smaller noise level as compared
to other modulation techniques.
U, V, P and R are modulation outputs of u, v, p and r
respectively.

U (t) = u (t) cosωt − H [u(t)]sinωt
V (t) =−H [v (t)] cosωt − v (t) sinωt
P (t) = p (t) cosωt + H [p(t)] sinωt
R (t) = H [r (t)] cosωt − r (t) sinωt

By adding these 4 signals, we get the modulation output
SSSB = (u(t) − H [v (t)] p(t) + H [r (t)] cosωt + (−H

[u(t)] – v(t) + H [ p(t)] − r (t)) sinωt
= ((u(t) + p(t) + H [r (t) − v(t)] cosωt + (– v(t) – r

(t) + H [ p(t) − u (t)] sinωt
The Configuration of SSB QPSK Modulation shown
below

Fig. 3.1 Configuration of proposed SSB QPSK
modulation

Hilbert transform (HT) outperforms at the frequency
domain by cutting the other sideband sharply when the
impulse response is long enough & it will reduce the ISI
effect so that we get better BER. Low pass filter (LPF) are
used to maintain the required BER by varying the filter-
order length.

When the filter order is increased, frequency response
gets better, but ISI gets stronger. To make the ISI smaller,
the filter-order of Hilbert transform has to be smaller. In
this case ISI from neighboring symbol get smaller, but
frequency response is not good (cut off is not sharp), the
source of interference will appear from other sideband. So
we need to fine tune the filter-order.

By increasing the detection frame length π/2 the
correctness of detection could become high. Trend is seen
that if we use detection frame which had enough length,
the BER performance could be good enough shown in
below.

IV. PROPOSED DEMODULATION

METHOD

Proposed demodulation has three stages
1st stage is to separate Real/Imaginary and USB/LSB

parts using double branch method same as in [5], 2nd
stage is to decide desired symbols employing Joint
Detection (JD) method. 3rd stage is Soft Decision (SD)
based on output of joint detection.

Fig. 4.1 Configuration of proposed demodulation method

Joint Detection compare received signal with replica
signal. The chosen detection frame is shorter than filter-
order, due to computational limitation. Therefore the
found values by joint detection are not guaranteed to be
error free. To improve the detection, we apply soft
decision technique on the result of each joint detection
step. The symbol decisions will be done on Joint Detection
output .Inter symbol interference from distant symbols are
small but it can cause wrong decision if hard decision is
done. To minimize wrong decisions, instead of doing hard
decision just based on sign of the joint detection, we
propose to use threshold value and if modulus of detected
output is smaller than the threshold, the decision will be
refined after removing ISI from neighboring symbols.
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V. BER PERFORMANCE ANALYSIS

Fig.5.1 Bit Error Rate performance comparison

From the Figure, longer the detection frame, the BER
performance is getting better. But we cannot increase the
detection frame length arbitrary larger, due to
computational limitation. One fact found by observing
error patterns is that errors are occurred at positions which
have lower soft decision value. Further optimization on the
soft decision algorithm should be based on this
observation.
5.1 Simulation Parameters

Simulation is made on 7, 9, 11 length joint detection
frames. Longer the detection frame, better the result. But
the trade-off is longer detection frame takes longer time
when doing comparisons to find minimum. So further
optimizations on the algorithms is needed. The simulation
parameters are listed in Table

Parameters Simulation values
Pulse-shaping Method Root    Raised-Cosine
Pulse-shaping Filter
length

20
Pulse-shaping roll-off
factor

0.25
Pulse-shaping truncation 21
Oversample 4 points
Hilbert Transformer's
length

64
Receiver Detection Joint Detection
Joint Detection Length 11
Threshold for Soft
Decision

9
Weight Vector [0.5 1 1 1 1 1 1 1 1 1

0.5]Channel Mode AWGN
Bandwidth W[Hz]0.5W

For the simulation as a Low-pass filter, Root raised-
cosine filter with length of 20 used.

VI. CONCLUSION

However the error rate of the proposed scheme is higher
than DSB-16QAM for lower noise level, in this study we
focused on effective channel utilization by employing
Double Branch method, Joint Detection and Soft Decision
technique. Computer simulation is made for 7, 9 and 11
length detection frames. By increasing the detection frame
length the correctness of detection could become high.
Trend is seen that if we use detection frame which had
enough length, the BER performance could be good
enough.

VII. FUTURE WORK

There are two possible options for improvements of
BER performance of the receiver; first we could increase
Joint Detection frame length, Second we could use more
sophisticated algorithm for Soft Decision stage. For the
first case, study will be focused on speed improvement of
comparison with replica signal and received signal &
Increase the root cosine filter length at receiver. Second
case, more advanced soft decision algorithm will be
searched. Objective of further study is to get higher BER
than DSB-16QAM and DSB-32QAM. Also in addition to
AWGN environment, Rayleigh fading channel & AWGN
with direct spread spectrum we can analyze the BER.
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