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This thesis presents a state-of-the-art review and brings new contributions to the waveform design
for 5G systems in the presence of analog nonlinearities. A system model for the typical analog
impairments at each stage of the transmitter and the receiver with a channel is first presented. The
highlighted nonlinearities are power amplifier (PA), phase noise, and DC offset.

In this thesis, the further development of the orthogonal frequency division multiplexing
(OFDM) is considered since the evolutionary approach from the 4G to the 5G is assumed to be
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that CE-OFDM has an advantage compared to OFDM when the PA efficiency is taken into account
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This thesis presents also new findings and results for the constant envelope tamed
frequency modulation (TFM) and trellis-coded modulation (TCM) that is a traditional
combined coding and modulation technique for spectral and power limited systems. In
phase or frequency modulation spectral spreading and detection performance are
controlled using a modulation index. In a simple analog implementation of TFM, the
modulation index deviates during the transmission and generates time varying phase jitter.
In this work a modulation index estimator in conjunction with per-survivor processing
(PSP) carrier phase estimation is presented for the TFM which has also very small spectral
out-of-band radiation compared to other known CPM methods. A novel scheme based on
multiple TCM, PSP and Reed—Solomon (RS) coding is proposed and shown to prevent the
trellis-code to become a catastrophic code in the presence of phase noise. In general, the
TCM and CPM modulations can complement the future adaptive OFDM based 5G systems.
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Tiivistelma

Viitoskirja sisaltaa kirjallisuuskatsauksen ja esittda uusia tuloksia tulevaisuuden 5G-jarjestelmien
aaltomuodon suunnitteluun analogia osien aiheuttamien vaaristymien lasna ollessa. Tyypillisille
epalineaarisuuksille ldhettimessa ja vastaanottimessa esitetdan jarjestelméamalli, joka sisdltdd myos
kanavan. Erityistd huomiota kiinnitetdaan epalineaariseen tehovahvistimeen, vaihekohinaan ja DC
offset.

Viitoskirjassa keskitytddn 4G-jarjestelmissi kiytettavin OFDM (orthogonal frequency division
multiplexing) monikantoaalto tekniikan jatkokehittdmiseen, koska 4G-evoluution oletetaan olevan
riittdvan kypsa tulevaisuuden 5G-jarjestelmien demonstroinneille. Erityistd huomiota kiinnitetaan
vaihemodulaation avulla saavutettavaan vakioverhokéyrdiseen OFDM-modulaatioon. Suorituskyky
tulokset osoittavat, ettd vakioverhokayriisellda OFDM-jarjestelmilla on etu vastaavaan OFDM-
jarjestelmadn nahden, kun lahettimen tehovahvistimen hy6tysuhde otetaan huomioon
simuloinneissa. Vakioverhokayrdinen OFDM sietdd my6s paremmin vaihekohinaa, koska
vaihekohina muuttuu summa termiksi vaiheilmaisen 1ahdossa. Vakioverhokayrainen OFDM on
mielenkiintoinen vaihtoehto 5G-jérjestelmille, kun energiatehokkuus on tarkedmpi kriteeri kuin
spektrin tehokkuus.

Viitoskirjassa esitetddn myos uusia tuloksia vakioverhokayraiselle TFM-modulaatiolle (tamed
frequency modulation), jonka kaistan ulkopuolinen siteily on pieni verrattuna muihin tunnettuihin
CPM-modulaatiomenetelmiin (continuous phase modulation). Vaihe- ja taajuusmodulaatiossa
kaistanleveyttd ja ilmaisun suorituskykya saddetddan modulaatioindeksin avulla. TFM-modulaation
yksinkertaisessa analogiatoteutuksessa modulaatioindeksi poikkeaa kuitenkin asetetusta
nimellisarvosta lahetyksen aikana aiheuttaen vaihevirinaa. Ilmaisun suorituskyvyn parantamiseksi
tassa tyossi esitetddn uusi modulaatioindeksin estimaattori vastaanottimessa yhdistettyna
selviytyjakohtaista kasittelya (per-survivor processing, PSP) hyodyntiavaan kantoaallon vaiheen
estimointiin.

Viitoskirjassa esitetddn myos uusia tuloksia TCM-modulaatiolle (trellis-coded modulation), joka
on yhdistetty koodaus- ja modulaatiomenetelmai teho- ja kaistarajoitetuille jarjestelmille. TyGssa
osoitetaan, ettd hyodyntdmalla niin sanottua moni-trelliskoodattua modulaatiota (multiple trellis-
coded modulation), PSP-kantoaallon vaihesynkronointia ja Reed—Solomon (RS) koodausta
voidaan TCM-modulaatio estda tulemasta katastrofaaliseksi koodiksi vaihekohinan yhteydessa.
TCM- ja CPM-menetelmait voivat tdydentaa tulevaisuuden OFDM pohjaisia 5G-jarjestelmia.
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1. Introduction

1.1 Motivation of the thesis

In telecommunications the performance is normally measured in terms of spectral
efficiency and energy or power efficiency since frequency and energy are seen as
the most important resources. In single-criterion optimization either spectral effi-
ciency or energy efficiency is maximized. When the spectral efficiency is increased,
the energy or power efficiency is decreased and vice versa (Chen 2011). Therefore,
the spectral and power efficiency cannot be optimized independently, and this chal-
lenge is the theoretical motivation for the thesis. Multi-criteria optimization (Marler &
Arora 2004) of both spectral efficiency and energy efficiency implies some trade-off
since the optimum is not unique. In theory, Pareto optimum (Bjornson et al. 2014)
is a state in which it is not possible to make any criterion better without making at
least one criterion worse. In general, the energy or power is a good measure of the
complexity of digital electronics (Wu 1987) but it must be traded-off against the
spectral efficiency. An ideal AWGN channel is a good and simple starting point for
system planning, especially because it gives us very important information about
the theoretical performance boundaries of a given communication system. Since
both the physical channel itself and the analog parts of the transmitter and receiver
are sources of noise and distortions, it is crucial to take the impairments into account
in comparing different air interface technologies and when developing robust high
data-rate products (Fettweis et al. 2007).

1.2 Contributions of the thesis

In this Section the contributions of the whole thesis are presented and compared to
the literature. The thesis is based on Publications I-VI. The detailed contributions of
each Publication I-VI are explained in the introduction part of the corresponding
Publication. The main results of Publications are presented in Section 3, too.

The thesis considers spectral and power efficient modulations by taking into ac-
count analog impairments in the transmitter and the receiver. Good text books for
orientation of the thesis are (Proakis 2001) for digital communications and (Jeruchim



2000) for nonlinearities. There is also a new textbook for bridging nonlinearities and
digital communications (Baudin 2015). Overall, this thesis supports the maximiza-
tion of technology commonalities which is a key factor for the rapid uptake of new
systems and standards. Satellite and terrestrial system integration is already a trend
(Kim et al. 2015) and this will continue with the development of interoperability spec-
ifications (ITU-R M.2047, 2013). A similar process is ongoing for commercial and
public safety systems (ECC 199, 2013). The fifth generation (5G) is envisioned (De-
mestichas et al. 2013) to be the integration of new mobile and wireless access net-
works seamlessly with legacy networks in order to use deployed investments as
long as such systems will be in operation (NetWorld2020 2015). The hybrid fiber-
copper integration will even complement the development enabling a cost-effective
multi-gigabit backhaul networks (Coomans et al. 2015). All these systems should
cooperate and interwork seamlessly at the same time reducing costs (Osseiran et
al. 2014). Use-cases originating from verticals such as Factories of the Future, Au-
tomotive, Health, Energy and Media & Entertainment (5G PPP 2016) should be
considered as drivers of 5G. The requirements for the systems vary by applications
but will include data rates ranging from very low sensor data to very high video
content delivery, stringent low latency requirements, low energy consumption (Fett-
weis 2014), and high reliability (ITU-R M.2083, 2015). There is a consensus that
these goals cannot be met with one single technological solution and the 5G infra-
structures need to be flexible and adaptable to diverse use cases and scenarios
(Liu et al. 2011, NGMN 2015). The World Radiocommunication Conference (WRC)
in 2015 set directions for the next 5G standard and final decisions on new spectrum
allocations towards higher frequency bands will most likely be made in the following
WRC in 2019. The advantage of the mm-wave frequencies is the higher bandwidth
availability. Also the small wavelength allows a larger number of antenna elements
to be integrated into the devices. On the other hand, the mm-wave communications
suffer from propagation loss, and the analog components are subject to radio fre-
quency (RF) impairments (Qiao et al. 2015, Niu et al. 2015). Therefore, the modu-
lation and waveform design for 5G systems in the presence of nonlinearities is the
focused context in which this thesis makes the state-of-the-art review and develops
and brings contributions.

Spectral efficient orthogonal frequency division multiplexing (OFDM) (Van Nee &
Prasad 2000) is an adopted multicarrier (Bingham 1990) waveform in several ter-
restrial wireless standards (Stuber et al. 2004) such as the Long Term Evolution
(LTE) for the 4G. The conventional OFDM system is designed for severe multipath
channels. However, the application scenarios (Boccardi et al. 2014, Fettweis &
Alamouti 2014) predicted for 5G systems such as low power machine-to-machine
(M2M) or machine type communication (MTC) (Kim et al. 2014), real time Tactile
Internet (Fettweis 2014, Simsek et al. 2016) and dynamic spectrum access (Haykin
2005) present challenges for the OFDM (Andrews et al. 2014, Michailow et al. 2014,
Farhang-Boroujeny & Moradi 2016). The technical drawbacks of the OFDM include
among others high peak-to-power ratio (PAPR), out-of-band (OOB) radiation, and
length of cyclic prefix (CP) (Andrews et al. 2014). Transition from the existing OFDM
based systems to the next generation radio access technologies may follow two



paths where 1) the current multicarrier OFDM structure is maintained via evolution
and the shortcomings are improved by ensuring backward compatibility, or 2) a rev-
olutionary framework for totally new schemes is adopted (Sahin et al. 2014). This
thesis concentrates on the further development of the OFDM, since the evolutionary
approach from the 4G to the 5G is assumed to be more mature for technology
demonstrations. On the other hand, this thesis presents new findings and results for
tamed frequency modulation (TFM) (Jager & Dekker 1978) and trellis-coded modu-
lation (TCM) (Ungerboeck 1982) which is a traditional combined coding and modu-
lation technique for spectral and power limited systems. TFM has a very small spec-
tral OOB radiation compared to other known continuous phase modulation (CPM)
methods. The two treated modulations can complement the future adaptive OFDM
based 5G systems. Concerning the OFDM evolution a special attention is given to
the constant envelope OFDM (CE-OFDM) where a phase modulation (PM) creates
a constant envelope (Thompson et al. 2008). Therefore, a power amplifier (PA) can
operate at or close to the saturation point, and it is shown here to maximize average
transmitter power which is good for range and PA efficiency which is good for battery
life. A novel 5G transceiver would include both more spectral efficient OFDM and
more power efficient CE-OFDM modes. Adaptive radio might select the more appli-
cable mode. Concerning the nonlinear PA, the predistortion is beyond the scope of
this thesis but it is studied by Hekkala in his doctoral dissertation in 2014 (Hekkala
2014), and therefore, these two theses complement each other. This thesis shows
that the CE-OFDM has a significant advantage compared to phase noise sensitive
OFDM since the phase noise transforms just into an additive noise term after the
phase detector. This work is also the first to illustrate that there are no impairments
in the RF phase shifters beamforming (Doan et al. 2004) if there is phase noise at
the input of the antenna array. The simulations show that CE-OFDM with assump-
tion of nearly ideal beamforming outperforms OFDM in a typical 60 GHz channel. In
addition to phase noise and nonlinear power amplifier, 1/Q imbalance and direct
current (DC) offset are other expected major analog impairments in the future
OFDM based systems. Particularly, a novel DC offset removal is developed and it
is shown to enhance spectral flatness and performance of channel estimation in
CE-OFDM. The spectral flatness is one quality parameter in LTE (ETSI TS 36.101,
2008), and the measurement compares the power variations of a subcarrier to the
average power of all subcarriers, in decibels (dB).

In phase modulation, spectral spreading and detection performance are con-
trolled using a modulation index (Sundberg 1986). In a simple and low cost analog
implementation (Bockelmann et al. 2016), the modulation index, however, deviates
during the transmission and generates time varying phase jitter. As a novelty a mod-
ulation index estimator in conjunction with per survivor processing (PSP) carrier
phase estimation is presented for the inherently constant envelope TFM. In general,
the PSP provides a general framework for the approximation of the maximum like-
lihood sequence estimation (MLSE) algorithms whenever the presence of unknown
parameters prevents the precise use of the classical Viterbi algorithm (Raheli et al.
1995). Concerning the PSP this thesis provides also new contributions for the TCM
that is shown to become a catastrophic code (Viterbi & Omura 1979) in the presence



of phase noise. A novel combination of multiple trellis-coded modulation (MTCM)
(Biglieri et al. 1991) with Reed—Solomon (RS) coding (Oh et al. 2013) is proposed
in a simple manner. A semianalytical approach (Nordman & Mammela 1998) is ap-
plied to verify the simulation results.

The research methods of this Thesis include state of the art reviews, theoretical
analysis and simulations. The discussion and conclusion part includes also recom-
mendations for future research. The basic approach in analysis and simulations has
been reduction: The system model is first divided into simple sub-blocks and the
effects of different parameters are considered separately and the results are gener-
alized inductively and special cases are found deductively. For the simulations
MATLAB, Simulink and CoCentric System Studio have been used.

1.3 Organization of the thesis

The thesis is organized as follows: Chapter 2 reviews the relevant literature and
background on the considered spectral and power efficient modulations and typical
analog impairments at each stage of the transmitter and the receiver. Then Chapter
3 presents new results of this thesis summarizing the original papers. Chapter 4
discusses the main findings, limitations and recommendations for future work. Fi-
nally, Chapter 5 provides a summary.

Table 1 summarizes the relation of the original Publications to the spectral and
power efficient modulations and the discussed nonlinearities in Chapter 2. In more
detail, Publication | introduces typical analog impairments at each stage of the trans-
mitter and the receiver with a system model. The prioritized classification for the
distortions includes nonlinear PA, phase noise, 1/Q imbalance and DC offset. Pub-
lication Il discusses the effects of nonlinearities in more detail. Especially, the dis-
tortions in beamforming are illustrated, and a system model for the antenna array
system is presented. Publications Il and VI consider CE-OFDM which allows PA to
operate near saturation levels thus maximizing power efficiency. Publication Il pre-
sents a system model for CE-OFDM in a fading channel with bit error rate (BER)
simulation results. Transceiver power efficiencies in OFDM and CE-OFDM systems
are compared in Publication VI by measuring the BER as a function of average PA
input signal-to-noise ratio (SNR) so that the effects of the PA nonlinearities are taken
into account in the performance evaluation. Publication IV presents a TFM receiver
with a modulation index estimator who has an acquisition and tracking ability. Fi-
nally, Publication V presents a novel receiver structure for TCM in the presence of
phase noise.



Table 1. Relation of the original Publications to the Thesis.

Publication 1} ] \Y Vi
Modulation efficiency
o Power X X
e Spectral X X
e Both X
Nonlinearity
e nonlinear PA X X X X
* phase noise X X X X
¢ |/Q imbalance X X
e DC offset X X X




2. Nonlinearities and modulation methods

21 Waveform design challenges

According to the Shannon law (Shannon 1948), the capacity of an ideal additive
white Gaussian noise (AWGN) channel in bit/s can be given as

C=Blog2(1+5—z-§) (1)

where B is the channel bandwidth in Hz, E; is the energy per bit in J, R is the infor-
mation rate in bit/s and N, is the noise power spectral density in W/Hz. According
to the law the basic resources of the transmission system are the transmitted power,
which determines the SNR at the receiver, and the bandwidth. The resources are
tried to economise according to the transmission conditions and strategies such as
the transmission distance, modulation, and coding scheme, and resource manage-
ment algorithms (Chen 2011). In power limited systems error control coding is used
to obtain better performance results at the expense of increased bandwidth. In a
bandwidth limited system amplitude or phase modulation with a higher alphabet size
of M is used to transmit more bits per symbol, but at the cost of increased power
requirements (Proakis 2001). Spectral and power efficiencies with average bit error
rate are measured in terms of bit/s/Hz and bit/J or equivalently bit/s/W, respectively.
The system efficiency can be measured as bits per second and energy efficiency
as number of bits per energy unit (Hubka & Eder 1988). When the efficiency is im-
proved, the performance will be improved. In power-limited systems we can have
essentially an infinite amount of energy, as in the case of the base stations, although
the power is limited because of thermal and cooling problems and safety require-
ments (Mammela et al. 2010). Mobile terminals are both power and energy-limited
systems where the energy is carried in a battery that must be recharged every now
and then.

Developing next generation wireless systems not only requires to approach phys-
ical limits in means of the theoretical Shannon law, but it also calls for techniques to
approach so called “engineering Shannon bounds” — the technological limits set by
analog RF front-ends (Fettweis et al. 2007). The circuit power consumption has also
an impact on the energy-efficient communication (Miao et al 2009). The practical
performance simulations of the any communication system take also into account
the impairments of analog RF components (Gardner & Baker 1997, Jeruchim et al.
2000). Historically, the nonlinear phenomena were touched by Lucky (Lucky 1973)
in his survey of the communication theory in the early seventies. Shortly afterwards,
Bello presented a channel simulator system with a discussion of its nonideality
(Bello 1978).



211 Nonlinear distortions

Both the physical channel itself and the analog parts of the transmitter-receiver are
sources of noise and distortions (Gardner & Baker 1997, Jeruchim et al. 2000). The
typical analog impairments at each stage of the transmitter and the receiver with the
channel are presentedin Figure 1. The order of the blocks can be changed depend-
ing on the current application, and the number of the required filters depends on the
performance requirements. The only error mechanism present in an ideal analog-
to-digital (A/D) converter is quantization. This error arises because the analog input
signal may assume any value within the input range of the A/D while the output data
is a sequence of finite precision samples (Proakis & Manolakis 1996). In practice,
the main issues limiting converter performance are thermal noise, aperture jitter and
comparator ambiguity (Walden 1999). The aperture jitter refers to uncertainty in
sampling time, and it is the most critical parameter in fast conversion. When the
A/D-converter processes unknown signals in the receiver, the digital-to-analog con-
verter (D/A) converter processes known signals in the transmitter. Therefore, state-
of-the-art D/Cs can have significantly better resolutions than ADCs achieving same
sample rate. The jitter is a critical parameter also in the D/As.
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Figure 1. System model with a channel. Redrawn from Publication | ©[2005] IEEE.

In a direct conversion receiver, only one RF mixer is needed since the band of
interest is directly translated to zero frequency. In general, receivers’ mixers can be
adjustable, and the control signal for the intermediate frequency (IF) mixer is pro-
vided by automatic frequency control (AFC). The automatic gain control circuit
(AGC) operates in a receiver where the power control command for the transmitter
is also generated. An alternative to an AGC circuit in the receiver is a limiter. The
ideal mixer can be modeled by a multiplier and this is a linear operation (Haykin



2001). However, practical mixers are nonlinear (Schetzen 2006). The local oscillator
(LO) leakage results in a DC offset at the output of a mixer. In the case of the quad-
rature frequency translations, shifting either the input signal or the LO output by 90°
is required. In binary modulation a phase shift of 180" must be performed. Differ-
ences in gain factors and errors in the phase shift cause a mismatch between the
in-phase and quadrature-phase branches which is called an 1/Q imbalance (Razavi
1997). Oscillators exhibit phase noise 8 of two different types: finite power or as-
ymptotically infinite power (Piazzo & Mandarini 2002). When the system is only fre-
quency locked, the resulting phase noise is slowly varying but not limited, and it is
modeled as a zero mean, nonstationary, asymptotically infinite power Wiener pro-
cess. If the system is phase locked, the phase noise is small and it can be modeled
as a zero mean, stationary, finite power autoregressive moving average (ARMA)
process. When the phase noise causes a multiplicative disturbance e/¢ on the input
signal, the spectrum of sinusoid is Lorentzian when the phase noise is nonstationary
Wiener process. In the case of the stationary ARMA process there is spectrum of
phase noise itself plus the impulse in origin. In practice, the spectrum of e/ is spec-
ified in standards such as the National Institute of Standards and Technology (NIST)
through a phase noise mask consisting of decibels relative to the carrier (dBc) per
Hz values (Glase 1970). The Institute of Electrical and Electronics Engineers (IEEE)
defines for one the spectral density of the phase 8 fluctuations in radians squared
per Hz.

All amplifiers are nonlinear if driven hard enough; they all exhibit saturation ef-
fects, whereby the output is not linearly proportional to the input at the high input
signal levels. In the transmitter high power amplifier (HPA) is typically operated
close to saturation, or even saturated. In the receiver low noise amplifier (LNA) can
be usually assumed to operate in a linear region. The required backoff increases
with respect to the PAPR of the modulation (Li & Stuber 2006). The drive power at
which the output saturation occurs is called the input saturation power. The ratio of
input saturation power to the actual input power is called the amplifier input backoff.
Increasing the input backoff decreases input drive power and produces less output
power but improves the linearity. The maximum output power available from the
amplifier is the output saturation power. The ratio of the output saturation power to
actual output power is called the output backoff. An increase in the input backoff
causes an increase in the output backoff (Gagliardi 1984). The required backoff
increases with respect to the PAPR of the modulation (Li & Stuber 2006). In the
literature (e.g., Van Nee & Prasad 2000), the PAPR is usually determined as the
ratio between the maximum power and the average power of the complex signal. A
constant envelope 0 dB PAPR modulation such as minimum shift keying (MSK)
(Pasupathy 1979) is a common method to avoid distortions caused by the nonlinear
amplifier. However, the analog filtering distorts the constant envelope nature of the
transmitted signal. After filtering the envelope fluctuation depends on the bandwidth
and type of filter (Spilker 1977), and thus an additional backoff may be required in
the amplifiers. Filtering may also contribute significant intersymbol interference (ISI),
and an equaliser is needed if the performance degradation is large. The pulse shape



filtering destroys the constant envelope property also in linear modulations. For ex-
ample, if binary phase shift keying (BPSK) or quadrature phase shift keying (QPSK)
signal with a rectangular pulse and sudden instantaneous phase shifts is filtered
with a square root raised cosine filter, its envelope is no more constant (Ziemer and
Peterson 1985).

Efficiency is a critical factor in the PA design and several definitions are given in
the literature (Ochiai. 2013). When amplifying signals with time-varying amplitudes
or in power-adaptive systems (Neuvo 2004), a useful measure is the average effi-
ciency, which is defined (Raab et al. 2002) as

E[Pout]

= EPocl )
where P,,; is the output power and Pp¢ is the DC power consumption of the PA.
The power (1 —n)E[Ppc] not converted to the RF signal is wasted as heat. For the
OFDM the average efficiencies have been considered in (Ochiai. 2013). Power
added efficiency (PAE) takes also into account the input power by subtracting it from
the output power. In most practical applications, however, the power from other in-
puts than DC power supply is negligible. The efficiency of the PA is an important
measure of the battery life of the wireless transceiver. The instantaneous efficiency
is usually optimized for the maximum output power and the efficiency decreases
when output power is decreased. In general, common PAs can be classified into A,
B, AB and C classes (Bahl 2009), and the class B amplifiers have higher maximum
efficiency of 78.5% than the class A amplifiers of 25-50 % efficiency and better lin-
earity than the class C amplifiers which have 99% efficiency. The constant envelope
modulation allows using of the very nonlinear but very power efficient class C am-
plifiers (Anderson & Sundberg 1991). The transmitted and received powers are
equal if the channel attenuation is normalized to unit. The BER performance is usu-
ally measured in an AWGN channel as a function of the average SNR at the re-
ceiver. The PA input SNR is defined as the ratio of PA input energy to the receiver
noise spectral density, and measuring BER as a function of that takes into account
the PA (Apilo et al. 2013).

The changes in the nonlinear properties are usually slow and caused by, e.g.,
component aging and temperature changes (Ziemer & Peterson 1985). In general,
models for amplifiers can be divided into 1) memoryless nonlinear systems repre-
sented by amplitude modulation to amplitude modulation (AM/AM), 2) quasi-memor-
yless nonlinear systems represented by AM/AM and amplitude modulation to phase
modulation (AM/PM) or 3) nonlinear systems with memory (Jeruchim et al. 2000). If
the nonlinear amplifier has memory, the system response depends not only on the
input amplitude but also on its frequency (Saleh 1981). In general, block oriented
separable nonlinear systems are preferred due to complexity reasons (Mammela et
al. 2008). For example, in Hammerstein model we have first the memoryless non-
linearity and then a linear filter with memory. In the Wiener model the blocks are in
reverse order. If the models cannot be divided into subsystems, we can use Volterra
series (Schetzen 2006) models, which are a generalization of the Taylor series.



Nonlinearities cause in-band and OOB distortions to the transmitted signal. Non-
linear systems typically create spectral components (harmonic and intermodulation
distortions) that are totally absent from the input spectrum (de Coulon 1986). The
same phenomenon is also possible in linear time variant systems (Bello 1963).
Spectral spreading causes adjacent channel interference (ACI). If the nonlinear am-
plifier has memory, each point of the signal constellation becomes a cluster showing
ISI. Constellation warping refers to the situation where the constellation points are
not on a rectangular grid as in the original constellation (Karam & Sari 1991). Other
usual changes in the constellation are attenuation, rotation, spreading, origin offset
as well as I/Q amplitude and phase error (Kenington 2000). On the left Figure 2
shows a 16-ary QAM constellation warping with clusters and DC offset on the right.
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Figure 2. QAM constellation warping with clusters (left) and DC offset (right).

21.2 Antenna arrays

The large bandwidth at mm-wave spectrum from 30 GHz to 300 GHz is an attractive
choice for high data rate transmissions (Qiao et al. 2015). However, due to the high
carrier frequency, the mm-wave communications suffer from high propagation loss,
and directional beamforming with antenna array (Litva 1996) gain has been adopted
as an essential compensation technique. The small wavelength allows larger num-
ber of antenna elements to be integrated into the devices. While additional antenna
elements are usually inexpensive and the additional digital signal processing be-
comes even cheaper, the RF elements are expensive and are more challenging to
follow Moore’s law (Molisch & Win 2004). This is a problem especially in digital
beamforming where for each antenna element at the transmitter or the receiver, a
complete dedicated RF chain is required. Therefore, realizing digital beamforming,
especially formassive MIMO systems appears to be impractical (Bogale & Le 2014).
From an implementation point of view, digitally controlled RF phase shifter architec-
ture in Figure 3 is simple since only one DA converter and RF mixer is needed in
the transmitter and the receiver. Vector modulator phase shifter is considered as
the most practical solution, especially with integrated circuit technology (Doan et al.
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2004). However, and as in the case of I/Q modulator of RF mixers, dc offset, I/Q
amplitude and phase are introduced in practice.

In a hybrid beamforming, RF phase shifter beamforming is used to obtain array
gain, and baseband digital precoding is used to obtain spatial multiplexing gain.
With highly directional beams, there is a shortage of multipath in the mm-wave
bands, and the diversity gain is low for the baseband precoding. Finally, the high
performance digital beamforming is usually used in base station downlink transmit-
ters. The low complex analog beamforming structure is for one mainly used in the
mm-wave short-range communication scenarios. The hybrid beamforming structure
is proposed for the 5G to achieve the trade-off between performance and complexity
(Niu et al. 2015). Two dimensional or three dimensional array factor represents the
far-field radiation pattern of an array of isotropically radiating elements. In general,
the isotropic antenna element antenna is a mathematical fiction, and it can radiate
or receive energy uniformly in all directions. However, all practical antenna elements
have nonuniform radiation patterns. The nonlinearities include, for example, con-
ductor loss, dielectric loss, surface wave excitation as well as losses due to feed
lines and associated feed circuitry (Litva 1996). The left-hand and right-hand 2D
array factor graphs in Figure 4 show the impairments in the level and direction of
the main beam, respectively. For a linear array the array factor is rotationally sym-
metric about the axis it is placed. The main beam of an antenna radiation pattern is
the lobe containing the direction of maximum radiation power. The errors are gen-
erated by the amplitude and phase errors in the input of the antenna element and
between the antenna elements. If the antenna element spacing is too large com-
pared to the wavelength, a second main lobe can appear in the antenna array factor.
The other usual impairments include distortions in beamwidth, sidelobe level, null
depth, and null direction (Ucci & Petroit 1989, Xue et al. 1994).
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Figure 4. Array factor graphs with amplitude (left) and phase error (right).

2.2 Spectral and power efficient modulation

In general, there are three basic modulation techniques, namely amplitude modula-
tion (AM), frequency modulation (FM), and phase modulation (PM) and each of
these has a large number of variants (Oetting 1979). The M-ary phase shift keying
(MPSK) and quadrature amplitude modulation (MQAM) are popular schemes in
modern wireless communication systems. Increasing M results in a better spectral
efficiency, however, at the cost of an increase in the signal-to-noise ratio per bit
Ey/Ny. In theory, the most power efficient modulation scheme would be an orthog-
onal modulation with M approaching infinity (Proakis 2001). This strategy is not pop-
ular because E;/N, only decreases incrementally at large M, while the occupied
bandwidth and system complexity grow steadily. An example of orthogonal modu-
lation is M-ary frequency shift keying (FSK) which uses a set of M waveforms that
all have different frequency. The OFDM (Van Nee & Prasad 2000) is the most
known multicarrier technique (Bingham 1990) where the data stream is transmitted
over a number of subcarriers which are orthogonal to each other, i.e., the subcarrier
spacing is selected such that each subcarrier is located at the zeroes of all other
carriers in the spectral domain. The OFDM has high spectral efficiency due to spec-
tral overlap, but due to the central limit theorem (Proakis 2001), addition of many
multicarrier components creates a complex Gaussian distributed signal with a Ray-
leigh amplitude distribution having a high PAPR. All above discussed traditional
modulation methods are either spectral or power efficient, and this is the main mo-
tivation to consider and present new results for both spectral and power efficient
modulation methods in this thesis. A special attention is given to constant amplitude
or envelope signals. In addition to the modulation study, the thesis contains new
contributions for coding and modulation as an integrated entity (Massey 1974) for
power and bandwidth limited systems.
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221 Continuous phase modulation (CPM)

In continuous phase modulation (CPM) the carrier phase is modulated in a contin-
uous manner (Sundberg 1986). The memory in form of phase continuity leads to a
small fractional OOB radiation, meaning a good spectral efficiency. When CPM is
implemented as a constant envelope waveform, the class of jointly spectral and
power efficient modulation schemes is justified, and the signals in this class are very
attractive in radio transmitters since they allow to operate a nonlinear transmitter
amplifier at the optimum saturation point. The constant envelope modulations are
of particular interest for satellite communications, low cost mobile radio, and low
capacity digital microwave radio systems (Mengali & D'Andrea 1997). In addition to
the commercial applications, the constant envelope modulation is widely used in
high power and very low frequency (VLF) long distance military communications as
well as in robust public safety emergency vehicles and private mobile radio (PMR)
systems. CPM with a small controlled envelope variation is called (Svensson &
Svensson 2003) the constrained envelope CPM (ceCPM), and it is suggested for
the massive MTC 5G scenarios (Bockelmann et al. 2016).

In CPM, the smoothness and the rate of change of the carrier phase are deter-
mined by the frequency pulse function and the modulation index h. In the single-h
and multi-h CPM schemes (Sasase & Mori 1991), the modulation index is either
fixed or it varies from interval to interval. By adjusting the modulation index value
there is a trade-off between detection performance and spectral spreading. Multi-
level CPM refers to M-ary data symbols, but the minimum shift keying (MSK) (Pasu-
pathy 1979) with a rectangular frequency pulse of length one symbol and the Gauss-
ian filtered MSK (GMSK) (Murota & Hirade 1981) are the most well-known CPM
schemes with the binary data modulation. GMSK is the adopted waveform for the
Global System for Mobile Communications (GSM).

In this work a special attention is given to constant envelope tamed frequency
modulation (TFM) whose spectral OOB radiation is remarkably small (Jager & Dek-
ker 1978) compared with other known CPM techniques. The incoming binary data
is processed in a specific premodulation filter which consists of a 3-tap transversal
filter and a Nyquist's third criterion low-pass filter (Nyquist 1974). The features of
generalized TFM (GTFM) are based on the possibility of selecting different param-
eter combinations for the premodulation filters (Chung 1984) and the modulation
index (Laufer & Kalet 1987). In TFM, the very narrow spectrum is achieved by opti-
mizing the fixed modulation index value to be 0.5. Since a TFM modulator can be
simply realized by using a frequency modulator (FM), it makes low cost small size
transmitters possible. A basic scheme for the generation of a GTFM signal is pre-
sented in Figure 5 where the maximum phase shift during one bit interval is re-
stricted to +mh rad. As a special case, a TFM signal is achieved with the filter coef-
ficients b = 0 and roll-off factor r = 0. In general, different implementation ways of
CPM modulators are discussed in (Anderson et al. 1986). The analog implementa-
tion requires control to achieve accurate phase function while maintaining high side-
band suppression. A straight forward way of implementing a CPM transmitter is to
use digital quadrature components which are stored in sampled and quantized form
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in look-up tables, e.g., in read only memories (ROMs). The sampling rate and quan-
tisation accuracy differ for different applications. Finally, over time the TFMhas been
studied for point-to-multipoint (PMP) mm-wave systems in the 28 to 31 GHz band
where there is high signal attenuation due to the precipitation. In past the TFM was
also a candidate for the Worldwide Interoperability for Microwave Access (WiMAX)
standard as an optional modulation (Buzid et al. 2007). TFM is an attractive choice
for use in high data rate satellites and deep space communications where the limited
transmission energy of a space probe and the huge energyloss by the remote trans-
mission present challenges (Bao et al. 2008).

Binary Premodulation filter
data

Nyquist 3rd criterion
raised cosine filter
with roll-off factor r

FM modulator —

2nh

Figure 5. A basic scheme for the generation of a GTFM signal.

For rational modulation indices the cumulative phase of a CPM signal has a trellis
description and ML detection can be implemented with a complex Viterbi algorithm
(Anderson & Sundberg 1991). The decoder searches the ftrellis to find the signal
path with the minimum squared Euclidean distance, i.e., sum of squared errors from
the received sequence. In theory, the detected sequence is given only after pro-
cessing the whole sequence of symbols meaning a long delay. In practice, looking
backwards in time, the surviving paths tend to merge into the same history path at
some time with a sufficient decoding delay. Several suboptimal detection algorithms
for CPM can be found from the literature, and the detectors which are based on the
Viterbi algorithm can be divided (D’Andrea et al. 1993) either into the reduced state
sequence detectors (Svensson 1991) or the reduced search sequence detectors
(Simmons & Wittke 1983). The first subcategory detectors try to reduce the com-
plexity by deleting some part of the trellis and the Viterbi searches the remainder.
The detectors in the second category maintain the entire original trellis but only a
small part of it is actually searched. In most cases, both types of suboptimal detec-
tors can reduce remarkably the complexity with limited performance losses com-
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pared to the optimal Viterbi detector. The suboptimal detectors such as the differ-
entially coherent and the noncoherent discriminator (Anderson et al. 1986) are not
based on the Viterbi algorithm, and these detectors suffer more or less remarkable
performance losses. When binary CPM has a modulation index value equal to 0.5,
a receiver can use a simple linear receiver with matched filtering. An asymptotically
optimum filter (AOF) at high SNR is a design example, where the optimization is
based on the maximization of the minimum squared Euclidean distance at the output
of the filter (Svensson & Sundberg 1984).

2211 Modulation index estimation

A special drawback in the simple analog CPM implementation is the deviation sen-
sitivity of the modulation index during the transmission. For example, in an analog
FM implementation of TFM, the index is calibrated to have a rational nominal value,
but it can drift due to the temperature variations of analog components. The deviated
index generates time varying phase jitter, which may cause substantial performance
degradations in a coherent receiver. In the original paper of TFM (Jager & Dekker
1978) the measuring and controlling of the modulation index are made in the trans-
mitter at the cost of complexity. However, by assuming the demand of a simple
transmitter we only concentrate on techniques available in the receiver. In general,
the standard approach to approximate MLSE in the presence of uncertainty is based
on known data-aided (DA) symbols (Proakis 2001). A decision directed (DD) loop
uses tentative decisions from the Viterbi algorithm. A larger delay in tentative deci-
sions improves the quality of the decisions but increases excessively the loop time
constant. Blind or nondata aided methods are preferred when known data or deci-
sions are not available or reliable. As a drawback, the blind estimators require a
large number of samples to calculate complex statistical properties (Bianchi et al.
2004, 2005, Zhong et al. 2011). The uses of theoretical autocorrelation functions
and higher order cumulants are proposed (Fonollosa et al. 1993), but according to
(Anderson et al. 1986), it seems to be an extremely intractable task to define the
autocorrelation function for TFM. Modulation index estimators exist also for the
noncoherent receivers (Lampe et al. 2005). Coherent CPM receivers are expected
to get a better BER.

2.21.2 Per-survivor processing (PSP)

PSP provides a general framework for the approximation of MLSE algorithms when-
ever the presence of unknown parameters prevents the precise use of the classical
Viterbi algorithm (Raheli et al. 1995). Historically, PSP was first applied to the can-
cellation of residual I1SI in reduced state sequence detection (Chevillat & Eleftheriou
1989). In the PSP principle, the symbol sequence associated to each survivor is
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used as the DA sequence for the per-survivor estimation of the unknown parame-
ters. The estimation is done for each survivor independently from each other. In
multiple survivor technique, aka joint data and channel estimation (JDCE) (Seshadri
1994), each trellis state can have more than one survivor each having its own esti-
mator. In contrast a reduced survivor technique at the cost of decreased perfor-
mance is proposed in (Safari & Vahlin 2012). The multiple state techniques (Chugg
1998) in turn, convey the idea that for every known channel state, there are several
states in an expanded trellis.

A theoretical performance evaluation of a Viterbi algorithm using PSP parameter
estimates is extremely difficult. The standard simplifying assumption at high SNR is
that the best surviving path at any given time is an estimate of the correct path
(Esteves & Sampaio-Neto 1997). One obvious drawback is that the PSP needs ex-
tra processing compared to the conventional method. The advantage for one is that
the PSP estimator associated with the best survivor is derived from symbol se-
quence which can perceived as high-quality, zero-delay decisions, thus making
PSP very suitable for “difficult” conditions, such as those occurring in the presence
of phase jitter. Also since many hypothetical symbol sequences are simultaneously
considered in the PSP parameter estimation process, the acquisition of unknown
parameters is substantially facilitated with respect to the conventional method. The
PSP algorithm is useful to reduce the slip rates and to shorten the reacquisition
when the loss of tracking has occurred. Cycle slips must be rare events in a well-
designed loop.

2.2.2 Orthogonal frequency division multiplexing (OFDM)

OFDM belongs to the class of multicarrier (Bingham 1990) modulations where sev-
eral parallel sequential streams of data are transmitted simultaneously. Historically,
the multicarrier transmission was first explicitly proposed by Chang (1966), and the
modern OFDM system was introduced by Weinstein and Ebel (1971) who proposed
the idea on using fast Fourier transform (FFT) (Oppenheim & Schafer 1989) to gen-
erate an OFDM signal. The FFT implementation with sinc- shaped spectrum at the
subcarriers inherently provides the orthogonality requirement. The OFDM systems
were first time proposed for mobile communications by Cimini (1985), and the tech-
nigue was extended from the single user to the multiuser case and from the terres-
trial to the satellite channel by Wei and Schlegel (1995). Since then OFDM has been
adopted for the modern wireless standards such the LTE and the digital video
broadcasting — terrestrial (DVB-T) (Reimers 1997). The OFDM is also applied in
digital subscriber loop (DSL) wireline and optical applications as well as on power
line communications (Weinstein 2009).

The application scenarios predicted for the 5G presents challenges for OFDM
(Michailow et al. 2014). In addition to a high PAPR, OFDM suffers the OOB radia-
tion. The high spectral sidelobes are caused by the use of rectangular pulse in the
time domain which behaves as a slowly decaying sinc function in the frequency

16



domain (Sahin et al. 2014). Also when a nonconstant envelope signal goes through
a nonlinear PA, spectral regrowth appears at the amplifier output (Zhou & Kenney
2002). Therefore, the requirements for the PA linearity are severe (Katz 2001). Un-
fortunately, when linearity increases, the efficiency of the amplifier decreases. This
is not desirable in applications for which the battery life is a key parameter (Qi et al.
2015). In addition to mobile devices, for example, long endurance unmanned aerial
vehicles (UAVs) have recently gained attention in the literature (Zeng et al. 2016).
An OFDM signal requires also analog/digital conversion with a high resolution.
Hence, for upcoming high data rates this represents a power consumption chal-
lenge (Fettweis & Alamouti 2014). OOB radiation poses a particular challenge for
dynamic spectrum access (Haykin 2005) in the wireless regional area network
(WRAN) (Tadayon & Aissa 2013. Phase noise causes a multiplicative disturbance
on an OFDM signal and the impact of the phase noise depends on the type of noise
and receiver (Piazzo & Mandarini 2002). The coherent receiver requires finite power
and low phase noise (Muschallik 1995). With a common phase error correction re-
ceiver (Pollet et al. 1995) OFDM is orders of magnitude more sensitive to the infinite
power Wiener phase noise than a single carrier system. The higher sensitivity is
caused by the longer duration of an OFDM symbol and by the intercarrier interfer-
ence (ICl) due to loss of the carrier orthogonality (Armada 2001). Sensitivity in-
creases also with the constellation size. A practical rule of thumb for phase noise
considerations is that modulation formats up to 64-ary QAM can be supported as
long as the 3 dB frequency of the phase noise spectrum is much less than the sub-
carrier spacing. In OFDM, the CP as a guard interval mitigates 1SI and relaxes timing
synchronization constraints. The proposed low latency real time 5G applications
(Fettweis et al. 2014) demands for short bursts of data, meaning that the OFDM
signals with one CP per symbol would present a prohibitive low spectral efficiency.
The CP insertion and the long round-trip delay are also particular challenges in the
satellite communications (Maral & Bousquet 2010). Concerning the satellite HPA
and the PAPR problem of OFDM, signals from geostationary orbit (GEO) satellites
becomes increasingly attenuated the further north one goes (Papathanassio et al.
2001). As a stand-alone waveform the OFDM may be overkill for the relatively be-
nign line of sight (LOS) satellite channels (Thompson et al. 2008).

In technical challenge context of the OFDM, alternative modulation candidates
are currently being evaluated for the 5G (Wunder et al. 2014). The most known
candidate is a single carrier frequency division multiple access (SC-FDMA) that is
a low PAPR variant of OFDM (Myung et al. 2006), and it is already adopted wave-
form for the 4G LTE uplink and the DVB — next generation handheld (NGH)
(G'omez-Barquero et al. 2014). The difference between OFDM and SC-FDMA is an
additional discrete Fourier transform (DFT) precoding prior to subcarrier mapping
which spreads the data symbols over all the subcarriers. Thus, SC-FDMA is also
called the DFT spread OFDM (Prasad et al. 2009). In general, SC-FDMA allows
zero roll-off signalling to suppress OOB radiation. In CPM SC-FDMA (Wylie-Green
etal. 2011, Zaidi et al. 2016) the M-ary data symbols are first encoded into the CPM
waveform, and then the constant envelope discrete time domain sequence is DFT
precoded and subsequently mapped to a set of orthogonal subcarriers for SC-
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FDMA transmission. The hybrid CPM-SC-FDMA can potentially retain much of the
power efficiency of CPM, and thus result in a lower PAPR than conventional SC-
FDMA. In more detail, the modulation index can be used to control the spectral
spreading and the PAPR. A similar hybrid approach is proposed for the OFDM
transmissionin (Tasadduq &Rao 2002). Pulse shaped OFDM (Bdlcskei et al. 2003
refers to OFDM-based waveforms with filtering or windowing to suppress the OOB
radiation and to relax CP requirements by increasing robustness to the ISI. The
windowing techniques such as weighted overlap and add (WOLA) (Qualcomm
2015) smooths the edges of each symbol to increase spectral decay. Filter bank
multicarrier (FBMC) (Farhang-Boroujeny 2011), universal filtered multicarrier
(UFMC) (Vakilian et al. 2013) or filtered-OFDM (f-OFDM) (Zhang et al. 2015) and
generalized frequency division multiplexing (GFDM) (Fettweisr et al. 2009) are ex-
amples of other proposed filtered waveforms. In general, filter design (Gardner &
Baker 1997, Jeruchim et al. 2000) involves the trade-off between the time- and fre-
quency-domain characteristics, and now the filtering deteriorates or imposes special
requirements such as staggered (Gitlin & Ho 1975) or offset QAM (OQAM) for the
orthogonality. It is worth noting that filtering induces also a power loss (Lucky et al.
1968). The filtering complexity may not be a problem at the base station, but it does
in the terminal. For example, FBMC filters each subcarrier individually, and the sub-
carrier filters are very narrow and require long filters. The proposed multicarrier sig-
nals exhibit large envelope fluctuations, and thus spectral regrowth caused by non-
linear distortions is still a problem (Vihriala et al. 2015).

2221 Constant envelope OFDM

In this thesis a special attention is given to constant envelope (CE) OFDM (Thomp-
son et al. 2008) where frequency modulation (FM) or phase modulation (PM) cre-
ates a fully constant envelope. The PA can therefore operate at the optimum (satu-
ration) point, maximizing average transmit power (good for range) and maximizing
PA efficiency (good for battery life). CE-OFDM was originally (Casas & Leung 1991,
Casas & Leung 1992, Warner & Leung 1993) proposed for mobile radios to retrofit
inexpensively and simply existing frequency modulation (FM) systems, and in Ja-
pan, CE-OFDM was studied for the digital TV over satellite (Anwar et al. 2007) with-
out affecting the configurations of existing broadcasting systems. Low PAPR allows
reducing the hardware cost and power consumption, which is an important point for
the future LTE over satellite (Hasan & Sagar 2013), MTC (Kim et al. 2014) and
device-to-device (D2D) communication (Lin et al. 2014). The CE-OFDM has also
mentioned (Swindlehurst et al. 2014, Magueta et al. 2016) as a candidate for the
mm-wave massive multiple-input multiple-output (MIMO). The CE-OFDM is also
studied for both optical (Silva et al. 2012, Xie et al. 2016) and power line communi-
cations (Rabie et al. 2015) as well as for radar applications (Mohseni 2010).
Simple complex envelope transmitter-receiver models for the CE-OFDM are pre-
sented in Figure 6. In CE-OFDM a real signalling is required at the input of the PM,
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and thus the frequency-domain OFDM symbols via N-pointinverse FFT (IFFT) have
to satisfy the Hermitian symmetry (Proakis 2001), and the requirement means that
the spectral efficiency is halved. The discrete cosine transform (DCT) (Thompson
et al. 2008) and the fast Hartley transform (FHT) (Fabrega et al. 2013) are also used
to furnish a real OFDM signal. The DCT and the FHT have no symmetry require-
ment, but only real constellations (Proakis 2001) such as BPSK can be used. While
the subcarrier data modulation in LTE systems is QPSK or MQAM, the wireless
local area network (WLAN) (IEEE 802.11 2012) and the WiMAX (IEEE 802.16 2012)
are examples of terrestrial standards which support also the BPSK at low SNR. The
DVB forward link second generation extension (S2X) (Eroz et al. 2015) proposes
also the BPSK for high attenuation satellites. The wireless personal area network
(WPAN) (IEEE 802.15.4 2011) uses the robust BPSK (Hanzo et al. 2003) in very
low data rate solutions. Therefore, the binary modulated CE-OFDM can be seen as
an interesting candidate for the 5G scenarios (Fettweis 2014) when the power effi-
ciency is a more important parameter than the spectral efficiency.

OFDM-PM modulator

Modulation et
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OFDM-PM demodulator

N-point Data
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#u: Discrete phase estimate Phase difference OFDM-CPM demodulator

Figure 6. Simple transmitter-receiver structures for the CE-OFDM.

For CE-OFDM, PM can be implemented via FM and vice versa (Lathi 1983). A
simple arctangent phase demodulation provides the instantaneous phase which is
restricted to the -rt to +n range. PM can be also detected without the phase ambi-
guity by an FM discriminator followed by an integrator. An ideal discriminator is a
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differentiator followed by an envelope detector, and since interference and noise
perturb the signal amplitude, a limiter is needed (Schwartz et al. 1966). The detec-
tion performance and spectral spreading can be controlled using a modulation index
(Thompson etal. 2004). The performance gains can be accomplished by increasing
the index value. On the other hand, the small and high modulation indices h refer to
narrowband and wideband signals, respectively. The modulation index tradeoff is
limited by the threshold effect (Ziemer & Tranter 1995) that occurs when the SNR
at the detector input decreases below a critical level. Below the threshold, there are
occasions when randomly varying noise is large enough to occasionally encircle the
origin resulting in a 2 phase shift rotation in the resultant phase. This new type of
noise is known as click noise in FM resulting in spikes in the demodulated FM signal
or cycle slips in the demodulated PM signal (Ahmed et al. 2007). The multiplicative
phase noise disturbance e/? causing ICl in the OFDM transforms just into an addi-
tive phase term 6 in the phase detector of the CE-OFDM. Thus, the CE-OFDM has
significant advantage compared to the OFDM.

The spectrum of wideband FM is known to be Gaussian shaped (Schwartz et al.
1966), and the narrowband FM spectrum consist of a carrier term and the original
modulating spectrum shifted up symmetrically about the carrier frequency. The
spectral peak at the carrier may be used in detection as a carrier phase reference,
but otherwise it does not contain information about the data. The FMand PM spectra
have a relationship if the phase is band-limited because the frequency is derivative
of the phase. In a complex domain, the wideband signal rotates relative to the origin
while the unity amplitude narrow band signal rotates close to the point (1, 0) causing
the DC offset. A general closed-form expression for the power density spectrum is
not available for CE-OFDM. However, the spectrum can be made to meet the OOB
mask by decreasing the modulation index. The spectral precoding technique is also
proposed for CE-OFDM with an aim to suppress side lobe powers more effectively
(Chung 2010). If the spectrum is flat, it may cause less co-channel interference
(CCl) than the power is concentrated in one frequency. This kind of phenomenon is
considered in the case of unwanted spectral components of intermodulation prod-
ucts in (Spilker 1977). In the PM, the spectral peak vanishes when memory is added
via the CPM but at the cost of the need of ML Viterbi receiver (Viterbi 1967). A
simple phase difference receiver for CE-OFDM (Tan & Stiiber 2002) suffers from
degraded performance. The DC offset and spectral peak can be also subtracted
(Razavi 1988) and high pass filtered (Wilson et al. 1991) from the transmitted signal,
but then the constant envelope property is lost. High pass filtering introducing also
ISI (Spilker 1977). In adaptive DC offset compensation (Faulkner et al. 1991), the
received complex samples are corrected before the detector.

If the bandwidth of OFDM subcarriers becomes small enough compared to the
coherence bandwidth of the channel, the individual subcarriers can be assumed to
experience flat fading which allows for simple equalization. In CE-OFDM, the data
symbols are spread out over the frequency domain (Thompson et al. 2008), and an
equalizer is basically needed prior to nonlinear phase or frequency demodulation
(Ahmed et al. 2008). However, depending on the channel condition, such as the 2-
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path model with a weak secondary path, equalization might not be required, there-
fore reducing receiver complexity. For the constant phase error, the FFT generates
just a DC value in the receiver to be just ignored (Thompson et al. 2005). Beamform-
ing can also be used to mitigate multipath effects, thus reducing the need for com-
plex equalization (Williamson et al. 1997). Finally, FM, PM and CPM are examples
of nonlinear exponential modulation, and for OFDM the nonlinearities cause in- and
out-band distortions. CPM and FM have also memory and this unavoidably intro-
duces the ISI.

2.2.3 Trellis-coded modulation (TCM)

Historically, error control coding and modulation have been treated as distinct sub-
jects. However, in a visionary paper Massey (1974) surmised that error control cod-
ing and modulation could be treated as an integrated entity. This would allow signif-
icant coding gains to be achieved over power and bandwidth limited systems. The
first practical coded modulation scheme was proposed by Imai and Hirakawa
(1977), followed by Ungerboeck (1982), who introduced first the term trellis-coded
modulation (TCM). The simple TCM schemes improve the robustness of digital
transmission against additive Gaussian noise by 3 dB, without requiring more power
or bandwidth (Biglieri 1986) compared to the conventional uncoded modulations.
With more complex TCM schemes, gains of up to 6 dB can be achieved (Un-
gerboeck 1987). The original trellis-codes were based on one- and two-dimensional
signal constellations. From the 1980's to the present numerous publications on TCM
have appeared in the literature. Multidimensional trellis-codes, e.g., were first used
by Wei (1987) and Calderbank and Sloane (1986), and they are based on the idea
that with the given energy the distance between the signal points can be increased.
From the application point of view, the TCM schemes have been considered for
satellite communications, land- and satellite-mobile services, cellular and personal
communications services (PCS), as well as for high frequency (HF) tropospheric
long range and optical communications among others (Schlegel & Perez 2015). The
standard examples include high speed short range WPAN (IEEE 802.15.3 2003)
and European Computer Manufacturers Association (ECMA) (ECMA 387 2010) at
60 GHz (Rappaport et al. 2015). In addition to communications, a recent paper from
Ungerboeck’s group (Oh et al. 2013) studies the TCM for flash memories.

TCM allows the construction of codes whose minimum Euclidean distance sig-
nificantly exceeds the minimum spacing of the uncoded modulation signal set at the
same power. Assume that k information bits are to be TCM encoded. According to
Figure 7, k < k bits are expanded by a rate k/(k + 1) binary convolutional encoder
into k + 1 coded bits. These coded bits select one of 2¥*! subsets of a redundant
2k+1 _ary signal set. The remaining rate k — k uncoded bits determine which of the
2k=k signals in this subset is to be transmitted. In this thesis a special attention is
given to a rate-2/3 convolutional encoder that has the constraint length v = 3 and
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the corresponding 8-state (2%) trellis-code is used in conjunction with two-dimen-
sional 32 point cross (32-CR) constellation. The constraint length represents the
number of bits in the encoder memory that affect the generation of the output bits.
A smaller code rate and a longer constraint length mean increased complexity. Un-
der the assumption that the channel is known, the optimum ML receiver for the TCM
scheme can be implemented using the Viterbi algorithm.

k—k
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from
subset
—>
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A MAPPING
k+1 —
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A A subset
k(K +1)

Figure 7. General structure of encoder/modulator for trellis-coded modulation.

The 32 CR TCM scheme achieves an asymptotic coding gain of 4 dB compared
to 16QAM, and it is adopted by the ITU Telecommunication Standardization Sector
(ITU-T) in the V.32 standard for high speed voiceband modems (Forney 1992). The
trellis-code of the V.32 is a variant of Ungerboeck’s (1982) original one, so that Un-
gerboeck’s trellis-code is linear while the convolutional encoder in the V.32 modem
is nonlinear (Biglieri et al. 1991). With the linear trellis-code, it is only possible to
have either no or m rotational invariance. Since many carrier phase synchronization
methods exhibit multiples of /2 rad phase ambiguity in the recovered carrier phase,
it is desirable to have fully rotationally invariant trellis-codes (Wei 1987). The V.32
modem is widely in use and serves as a benchmark for other power and bandwidth
efficient modulation schemes. In fact, the recent wired users of TCM are now in
digital subscriber line (DSL) technology and its successor called as the fast access
to subscriber terminals, in short, the G.fast (Timmers et al. 2013). The let-
ter G stands for the ITU-T G series of recommendations (ITU-T G.9701, 2014). Es-
pecially, the latest extension the XG-fast is seen as a cost-effective multi-gigabit
backhaul for future 5G wireless networks allowing copper asset reusability in the
last meters without being detrimental to performance and speed of fibre (Coomans
et al. 2015). In the DSL applications, OFDM subcarriers are coded sequentially by
using specially designed TCM. The concept of TCM-OFDM is presented in (Saito
et al. 1992).
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In general, TCM schemes are sensitive to error bursts caused by the fading and
impulse noise. Each incorrectly chosen path in the Viterbi algorithm produces an
error burst. Also as a consequence of a phase slip (Esteves & Sampaio-Neto 1997)
a burst of errors occurs. In more detail, the TCM scheme may become a cata-
strophic code (Viterbi & Omura 1979) in the presence of phase noise. There may
be no difference in distance between a long segment of received signals and two
distinct trellis paths. In this thesis, and as shown in Figure 8, the PSP (see Section
2.2.1.2) is used for carrier phase estimation with multiple trellis-coded modulations
(MTCM) (Biglieri et al. 1991). In MTCM different alphabet sizes M for the transmitted
symbols are used, and the carrier phase estimation is obtained only from the smaller
alphabet sizes symbols, which are less sensitive to phase error. Also the Reed-
Solomon (RS) (Reed & Solomon 1960) codes are popular linear block codes for
applications in burst environment. The concatenation (Forney 1967) of inner TCM
with outer RS coding has been extensively studied in the literature. An interleaver
is also usually added between the two codes to spread error bursts across a wider
range. The non-binary RS code is specified as RS(l, s) with k-bit symbols. The en-
coder takes s data symbols and adds parity symbols to make [ symbols codeword.
A RS decoder can then correct up to (I — s)/2 symbols that contain errors in a code-
word. RS codes belong to a subclass of cyclic BCH codes where the acronym BCH
comprises the initials of the inventors Hocquenghem, Bose and Ray-Chaudhuri and
Hocquenghem (Biglieri et al. 1991). Cyclic codes can be easily generated using shift
registers. When TCM is not constant envelope, the requirements for the amplifier
linearity are more severe (Van Nee & Prasad R. 2000). The combined constant
envelope CPM and TCM (Sari et al. 1994) leads to a combined trellis whose number
of states is given by the product of the numbers of states of the CPM phase trellis
and the code trellis. As discussed in Section 2.2.1, to avoid increase in complexity,
reduced complexity receivers are used in practice.
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Figure 8. MTCM with concatenation coding.
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3. Summary of new results in publications

3.1 Areal-time simulation of impairments in the analog parts
of the transmitter-receiver

Publication | considers the models for nonlinear analog parts of the transmitter-re-
ceiver and proposes that the practical performance simulations of the any commu-
nication system take them into account. Realistic models of nonideal parts are
needed since the future high data-rate systems are complicated and the impact of
the impairments cannot be calculated analytically. It is found that it is usually much
simpler to simulate systems without memory than those with memory. A system
model for the typical analog impairments at each stage of the transmitter and the
receiver with a channel is presented in Figure 1. In orderto make a prioritization for
the distortions, the following classification is proposed: 1) nonlinear power amplifi-
ers; 2) mixers and oscillators including phase noise, I/Q imbalance and DC offset.
The classification includes the expected major problems in future systems where
the signals have a nonconstant envelope, such as OFDM where the symbols are
also exceptionally long. The high level block diagrams for the selected nonlinearities
are presented and their hardware implementations for real time simulation are con-
sidered. For example, the AM/AM and AM/PM conversion functions of nonlinear
PAs will be known in practice only empirically from the measurements, and in the
hardware implementation the measured data can be digitized and then stored into
look up tables, as illustrated in Figure 9. Coordinate rotation digital computer
(CORDIC) algorithm is for one an iterative and computationally efficient algorithm
for computing rectangular to polar translations using combiners and shifters. In gen-
eral, the real time simulation allows the long simulation times with computing soft-
ware, such as MATLAB, to be essentially shortened.
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mprex rectangular conversion
—=—»| multiplication "5 polar translation
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Figure 9. Implementation of PA nonlinearity with look up tables. Redrawn from
Publication I. ©[2005] IEEE.
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3.2 Constant envelope multicarrier modulation: Performance
evaluation in AWGN and fading channel

Publication Il considers CE-OFDM which allows PA to operate near saturation lev-
els thus maximizing power efficiency. Transmitter and receiver model for PM sig-
nalling is presented in Figure 10; analysis on an AWGN channel determines the
performance boundaries. In more detail, the simulation results show that a simple
phase difference receiver for the CPM suffers from a 3 dB performance loss. A
maximum-ratio combiner (MRC) can be used at the binary data receiver when time
domain real signalling for the PM is achieved via the Hermitian symmetry in the
frequency domain. The assumption of nearly ideal beamforming reduces the ISI,
and CE-OFDM is shown in Figure 11 to perform comparably to MSK and outperform
the OFDM in typical 60 GHz fading channel. The CE-OFDM symbols are spread
out in the frequency domain while the deep faded subcarriers dominate the perfor-
mance in the OFDM. In multipath fading channel an equalizer is basically needed
prior to phase detector in the CE-OFDM receiver. A frequency domain equalizer
requires additional complex N-point FFT and IFFT operations, and complexity eval-
uation in terms of number of real multiplications is carried out. If feedforward filter is
required at the time domain decision feedback equalizer of the MSK, the complexity
may exceed that of the CE-OFDM receiver. However, depending on the channel
condition, such as a weak secondary path, equalization might not be required, there-
fore reducing receiver complexity.

Binary N-point .Guard N PM R ISI
data IFFT interval modulator channel
A
Binary N-point Phase Frequency domain Remove AWGN
decisions FFT detection equalizer & MRC guard ¢

Figure 10. System model for OFDM-PM with ISI. Redrawn from Publication 1.
©[2005] IEEE.
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Figure 11. Performance of MSK, OFDM and OFDM-PM in ISI. Redrawn from Pub-
lication Il. ©[2005] IEEE.

3.3 Digital signal design and nonlinear distortions in
antenna array beamforming

Publication 11l considers the effects of nonlinear analog parts of the transmitter-re-
ceiver. The considered impairments are caused by nonlinear amplifiers and oscilla-
tors’ phase noise. A general system model for the adaptive antenna arrays is pre-
sented in Figure 12. At each antenna element the RF phase shifters of Figure 3
provide antenna weights for adaptive beamforming. This work was first to show that
there are no impairments in the beamforming if there is oscillator's phase noise at
the input of the antenna array. The distortions in beamforming are demonstrated
using array factor graphs, as illustrated earlier in Figure 4. Anyhow, the phase noise
may dramatically distort the signal constellation. When the separate antenna ele-
ments include nonlinear amplifiers with different AM-AM and AM-PM conversions,
there are errors in the level of main beam and in the direction of the main beam,
respectively. As an example, Figure 13 shows deviation of the AM-AM conversion
functions in the 1-dB compression point where the input amplitude results in a 1-dB
decrease in gain referenced to the amplifier’s linear gain. In practice, a careful de-
vice to device design on a single die may lead to deviation of only a very few per
cent. It is illustrated in Figure 2 that, due to memory in nonlinear amplifier, each
point of the signal constellation becomes a cluster showing ISI. The saturation is
also shown to cause warping. Finally, our simulations show that pulse shaping fil-
tering has an impact on the PAPR of linear modulations such as QPSK.
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Figure 12. System model for adaptive antenna array. Redrawn from Publication III.
©[2009] IEEE.

AM/AM conversion

1F J
3
2 0.8 | 1
a
Eo6f 1-dB compression poin\
3
S04 ]
[=]
0.2 | 1
0 . . | .
0 0.5 1 1.5 2 2.5

input amplitude

Figure 13. Deviations in AM/AM conversions of nonlinear PA. Redrawn from Publi-
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3.4 Receiver structure and estimation of the modulation
index for tamed frequency modulated (TFM) signals

Publication IV considers TFM which belongs to the class of jointly spectral and
power efficient constant envelope CPM schemes. TFM is a particularly interesting
modulation since the spectral OOB radiation is very low. In the FM implementation
of Figure 5, the modulation index h is calibrated to have a nominal value of 0.5, but
due to temperature variations of analog components it can drift causing time varying
phase jitter. A modulation index estimator in the coherent receiver is needed if a
simple transmitter is assumed. A digital implementation for the TFM receiver is pro-
posed in Figure 14, and the modulation index estimation is based on the TFM rule
and on the symbol decisions made by the joint reduced state sequence detector
(RSSD) and PSP carrier phase estimation. The value of the modulation index can
be estimated continuously, and the estimator has acquisition and tracking ability as
illustrated in Figure 15. The estimation allows making the modulation index in the
receiver congruent with the modulation index of the transmitter. The estimated index
can be sent to the transmitter, which may correct the modulation index in accord-
ance with the information obtained to be closer to the defined nominal value. Finally,
several steps are taken to optimize the performance of the coherent receiver with
the modulation index estimator, and it can be observed from Figure 16 that the pro-
posed method has less than 1 dB performance degradation compared to around
4.5 dB exploiting only the PSP estimation on an AWGN channel.
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Figure 14. TFM receiver with estimators. Redrawn from Publication IV. ©[2014]
Elsevier.
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Figure 15. Acquisition and tracking in modulation index estimation. Redrawn
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Figure 16. BER performances for modulation index estimation. Redrawn from
Publication 1V. ©[2014] Elsevier.
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3.5 Multiple trellis-coded modulation, per-survivor processing
and Reed-Solomon coding in the presence of phase noise

Publication V considers TCM which is a traditional combined coding and modulation
technique for power and spectral limited systems. However, due to the phase error
a TCM scheme may become a catastrophic code. The starting point for the study is
a state-of-the art 8-state 32-CR TCM scheme, and the analysis in an AWGN chan-
nel determines the performance boundaries. For comparison results for a 16-state
scheme are illustrated, too. The phase noise is modelled as a zero mean, nonsta-
tionary, asymptotically infinite power Wiener process. The phase noise has a multi-
plicative effect on the signal, and it is illustrated in Figure 17 that the spectrum of
sinusoid is Lorentzian. A receiver structure for combined MTCM, PSP, and RS is
earlier presented in Figure 8. Phase acquisition (transient state) and tracking
(steady state) performances are studied. The BER simulations results shown in Fig-
ure 18 of the steady state show that a simple combined MTCM, PSP and RS
scheme has around 3 dB advantage compared to the pure 32-CR TCM and PSP in
the presence of phase noise. For the latter case, the S-curve simulations of Figure
19 in the transient state demonstrate spurious equilibria and extensive dead zones
which may cause a long random walk for the estimator before locking. A semiana-
lytical approach is used in the case of RS, and since the measured results meet the
semianalytical ones very well, the proposed approach can be used to determine the
rate of RS coding in detail.
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Figure 17. The Lorentzian PSD with different standard deviation o values. Re-
drawn from Publication V. ©[2015] Elsevier.
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Redrawn from Publication V. ©[2015] Elsevier.
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3.6 Power efficiency, phase noise, and DC offset in constant
envelope OFDM transceivers

Publication VI considers the CE-OFDM which allows PA to operate near saturation
levels. The enhanced PA efficiency enables battery to be smaller or last longer in
mobiles devices. We analyse and compare the power consumption in CE-OFDM
and OFDM systems with the knowledge of PAs efficiency, distribution of input signal
envelope and the amount of backoff. The transceiver power efficiencies are then
compared by measuring the BER as a function of average PA input SNR so that the
effects of the PA nonlinearities are taken into account in the performance evalua-
tion. The simulation results in Figure 20 show that with a typical satellite PA, the
CE-OFDM can have up to 6.0 dB gain compared to the OFDM. This is beneficial
especially in a channel having high attenuation. With the terrestrial PA the gain up
to 2.5 dB can be achieved.

Simple transmitter and receiver structures for CE-OFDM are considered by keep-
ing in mind that the practical key factor for the rapid uptake of the OFDM enabled
5G systems is the maximization of the technology commonalities. A special atten-
tion is given on the binary data modulated CE-OFDM when the SNR is low and
when the robustness is a more important design criterion than the high data rate.
The block diagram in Figure 21 demonstrates that the structure of the CE-OFDM
system fundamentally allows for a significant advantage compared to the very
phase noise sensitive OFDM. The phase noise 6 has no notable effect to the BER
performance of CE-OFDM since the phase noise transforms just into an additive
noise term in the phase detector. Finally, a simple method for removing the DC
offset in CE-OFDM is presented. As shown in Figure 22, the proposed technique
spreads out the peak power over the entire frequency band and preserves the con-
stant envelope nature of the signal. The simulation results show several dB of im-
provement in channel estimation.
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4. Discussion

4.1 Main findings of the thesis

Both the physical channel itself and the nonlinear analog parts of the transmitter-
receiver are sources of noise and distortions, and practical performance simulations
of the any communication system take both of them into account. This thesis has
presented the typical analog impairments at each stage of the transmitter and the
receiver. In order to make a prioritization for the distortions, the following classifica-
tion is proposed: 1) nonlinear power amplifiers; 2) mixers and oscillators including
phase noise, 1/Q imbalance and DC offset. The classification includes the expected
major problems in future systems where the signals have a nonconstant envelope,
such as OFDM where the symbols are also exceptionally long.

In general, the nonlinearities cause in-band and OOB distortions to the transmit-
ted signal and effects of distortions can be measured and illustrated using, e.g.,
BER and power spectra diagrams. In this thesis, the effects of nonlinearities on
beamforming are highlighted using array factor graphs. This work was first to show
that there are no impairments in the beamforming if there is oscillator’'s phase noise
at the input of the antenna array. Anyhow, the phase noise may dramatically distort
the signal constellation. When the separate antenna elements include nonlinear
PAs with different AM-AM and AM-PM conversions, there are errors in the level of
main beam and in the direction of the main beam, respectively.

This thesis has focused on constant envelope signalling to minimize nonlinear
effects of nonlinear PA. In the studies, further development of the OFDM has been
selected as the starting point since the one key factor for the rapid uptake of the
future 5G systems is the maximization of technology commonalities with existing
OFDM based systems. A novel 5G transceiver would include both more spectral
efficient OFDM and more power efficient CE-OFDM modes. Adaptive radio might
select the more applicable mode. Especially, the CE-OFDM schemes might be use-
ful for outdoor and indoor coverage prioritized low cost massive MTC scenarios. On
the other hand, the CE-OFDM might be also useful for mm-wave scenarios with
high requirements on transceiver power efficiency and robustness to RF nonlinear-
ities, but with modest requirements on spectral efficiency due to large available
bandwidth and ultra-dense network (UDN) enabled by short transmission distances.
In this thesis we have shown the advantage of the CE-OFDM with typical satellite
and terrestrial PAs by measuring the transceiver power efficiency using the BER as
a function of average PA input SNR so that the effect of PA efficiency is taken into
account in the performance evaluation. The enhanced PA efficiency is good for
range and mobile battery life. In the literature, the CE-OFDM has been studied for
both optical and power line technologies which will enable future smart grid appli-
cations having direct impact on human life and critical infrastructures. Integration of
wired and wireless systems will take advantage of the OFDM based waveform de-
sign synergies by exploiting the key findings of both systems. The CE-OFDM is also
a way to retrofit existing FM systems for broadcasting, public safety and private
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mobile radio communications. This thesis also illustrates with block diagrams that
the structure of the CE-OFDM system fundamentally allows for a significant ad-
vantage compared to the very phase noise sensitive OFDM. The phase noise trans-
forms just into an additive noise term in the phase detector. Concerning signal wave-
form, a DC offset causing a spectral peak at the carrier is an inherent property of
the phase modulated CE-OFDM. This work was first to present a dedicated DC
offset removal technique for the CE-OFDM signals at all, and especially at the trans-
mitter. The proposed technique spreads out the carrier peak power over the entire
frequency band and preserves the constant envelope nature of the signal. In the
LTE one signal quality parameter is the spectral flatness of the channel estimation
is shown to benefit from in this thesis.

In FM and PM, the detection performance and spectral spreading is controlled
using a modulation index. In principle, CPM has better spectral containment at the
cost of complex ML Viterbi receiver. In a simple analog implementation the modu-
lation index deviates during the transmission and generates time varying phase jit-
ter. In this thesis a modulation index estimator in conjunction with the PSP is pre-
sented for the constant envelope TFM who has a very small OOB radiation com-
pared to other known CPM methods. The presented estimator has shown to lead to
enhanced detection performance, and it has both acquisition and tracking ability.
The estimate might also be sent to the transmitter, which may correct the modulation
index in accordance with the information obtained to be closer to the defined nomi-
nal value. Recently, the combination of CPM and SC-FDMA has been suggested
as an alternative candidate to the LTE uplink modulation which inherits the benefits
of both modulations. Regarding the 5G OOB radiation challenges we see that TFM
is worth trying. As a stand-alone single carrier technique, the power efficient TFM is
appealing for applications where simple transmitter, battery life or long-range com-
munications are the presiding concerns.

Finally, concerning the phase noise and the PSP, this thesis provides also new
results and findings on TCM which is a traditional combined coding and modulation
method for spectral and power limited systems. TCM scheme may become a cata-
strophic code. This work was the first to propose a fully integrated MTCM, PSP, and
RS system. The performance benefit of the method in the presence of phase noise
is shown both semianalytical and measured simulation results. Our results and find-
ings for the TCM are valuable when we are emphasising the maximization of tech-
nology commonalities. For example, TCM has recently gained attention in hybrid
fiber-copper deployments enabling a cost-effective multi-gigabit backhaul for future
5G wireless networks. When TCM is also added to the wireless transmission, the
applications of OFDM can be further expanded.
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4.2 Limitations and recommendations for future work

There are some limitations associated with the studies presented here. Many of
these could be assumed as topics for future work. Therefore, recommendations for
the further work are also discussed.

One requirement of OFDM transmitting and receiving systems is that they must
be linear. The FM, PM, and CPM are examples of nonlinear exponential modula-
tions, and therefore the nonlinearity will impair the orthogonality in CE-OFDM. What
is an optimal nonlinear description, which provides a constant envelope signal, and
which avoids as much as possible the spectral spreading and the I1SI? The proposed
CE-OFDM is a good approximation to this theoretical objective deserving, however,
an own analytical study. In this thesis we have assumed that the nonlinear proper-
ties change slowly due to, e.g., temperature changes. On the other hand, the tem-
perature may change rapidly with a transmitter power control. This topic is left for
further work. While higher order constellations are usually used in the subcarrier
modulation, the binary modulation is selected for CE-OFDM for simplicity. We justify
the choice with the scenarios where the robustness and power efficiency are more
important than the spectral efficiency. In a multipath fading channel, a frequency
domain equalizer is basically needed prior to phase or frequency demodulation.
However, depending on the channel condition equalization might not be required,
therefore reducing receiver complexity. A simulation campaign, e.g., with a weak
secondary path is left for the further study. In this thesis, the focus has been on
single antenna transmission. Only the analog impairments in the antenna array
beamforming are discussed or nearly ideal beamforming is assumed to mitigate
multipath effects. Our results can be seen to serve future MIMO investigations.

We have shown that a two-dimensional MTCM with the PSP and concatenated
RS coding performs well in an AWGN channel, in which phase offset or time varying
phase noise is introduced. In practice, the concatenated codes require a symbol
interleaver between them, and in our study we have assumed an ideal interleaver.
Therefore, an interleaver study in the case of channel or nonlinearity with memory
is an interesting future research topic. In this work a special attention is given to a
two-dimensional TCM scheme but the work can be extended to any multidimen-
sional trellis-codes. In this thesis we present a novel scheme to measure and control
the modulation index in a coherent TFM receiver based on the joint RSSD and PSP.
The estimate is used to replace the nominal index value in the receiver, but the
estimate could be sent to the transmitter, too. Considerations of the feedback and
nonideal feedback channel and their effects on the performance could be a topic for
future work. The performance of TFM could even be more improved by the use of
coding techniques, but this task is left for further work.
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5. Summary

The requirements for the 5G vary by applications but will include data rates ranging
from very low sensor data to very high video content delivery, stringent low latency
requirements, low energy consumption, and high reliability. There is consensus that
these goals cannot be met with one single technological solution. However, the
maximization of technology commonalities is one key factor for the rapid uptake of
new systems and standards. Due to the scarcity of spectrum 5G systems are oper-
ating in higher frequencies than the 4G systems. On the other hand, the mm-wave
communications suffer from propagation loss, and the analog components are sub-
ject to RF impairments. This thesis has made the state-of-the-art review and brought
contributions to the waveform design for 5G systems in the presence of analog non-
linearities.

For OFDM evolution we have studied CE-OFDM where phase modulation cre-
ates a constant envelope, and the PA can therefore operate at the optimum satura-
tion point to maximize average transmitter power (good for range) and PA efficiency
(good for battery life). We have shown the advantage of CE-OFDM compared to
OFDM by evaluating the transceiver power efficiency. The effect of the PA efficiency
is taken into account by determining the BER as a function of average PA input SNR
in the performance simulations. We have demonstrated that since the phase noise
transforms just into an additive noise term after the phase detector, CE-OFDM is
very resistant to phase noise unlike OFDM. The novel DC offset removal is devel-
oped to enhance spectral flatness and performance of channel estimation. Overall,
CE-OFDM can be seen as an interesting candidate for the 5G scenarios when the
power efficiency is a more important parameter than the spectral efficiency.

With an assumption of nearly ideal beamforming CE-OFDM is shown to outper-
form OFDM in typical 60 GHz fading channel since the symbols are spread out in
the frequency domain. However, an equalizer prior to the nonlinear phase demodu-
lation is needed. A simple way to make beamforming is to use RF phase shifters at
each antenna element, and this work was first to show that there are no impairments
in the beamforming if there is oscillator's phase noise at the input of the antenna
array. Anyhow, the phase noise may dramatically distort the signal constellation.
When the separate antenna elements include nonlinear amplifiers with different AM-
AM and AM-PM conversions, there are errors in the level of main beam and in the
direction of the main beam, respectively.

In phase or frequency modulation spectral spreading and detection performance
are controlled using a modulation index. In a simple analog implementation, the
modulation index deviates during the transmission and generates time varying
phase jitter. In this work a modulation index estimator in conjunction with PSP carrier
phase estimation is presented for the inherently constant envelope TFM which has
also very small spectral OOB radiation compared to other known CPM methods.
The value of the modulation index can be estimated continuously, and the estimator
has acquisition and tracking ability. The estimation allows making the modulation
index in the receiver congruent with the modulation index of the transmitter. The
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estimated index could be sent to the transmitter, too. Concerning the phase noise
and the PSP carrier phase estimation, thesis provides also new results and findings
on TCM which is a traditional combined coding and modulation technique for spec-
tral and power limited systems. A novel scheme based on the MTCM, PSP and RS
is shown to prevent the trellis-code to become a catastrophic code in the presence
of phase noise. A semianalytical approach is applied to verify the simulation results.
In general, TCM and CPM modulations can complement future adaptive OFDM
based 5G systems.
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Abstract—We propose a method to simulate impairments caused
by the nonideal analog parts of the transmitter-receiver. They
include for example a high-power amplifier (HPA), mixers, and
oscillators. The major advantage in our approach is that the
model parameters are adjustable and the system works in real
time in the digital domain. Conventional methods have either not
been real time, or they have been impl ted with log
circuits. The HPA model is implemented with the coordinate
rotation digital computer (CORDIC) algorithm for rectangular
to polar translations. A look-up table (LUT) is used for AM/AM
and AM/PM distortion. To minimize the size of the LUT we have
used cubic spline interpolation. For phase noise of the oscillators
we propose a simple rotation mode CORDIC implementation
that does not need any complex multiplication. Only one field-
programmable gate array (FPGA) circuit is needed to implement
the power amplifier and phase noise models.

Keywords - real-time simulation; nonideal analog parts; power
amplifier; phase noise

I. INTRODUCTION

In fast data transmission the modulation method is often
single-carrier quadrature amplitude modulation (QAM) or
orthogonal frequency division multiplexing (OFDM) with
QAM sub-carriers. In these systems the analog parts will play a
significant role for the performance since the modulation
method is very sensitive. For example M up to 64 is used in M-
ary QAM. The modulation methods are not constant envelope,
which imply that the requirements for the amplifier linearity
are severe [1]. Therefore it is crucial to take the impairments
into account when comparing different air interface
technologies and when developing new high data-rate products.
Since the future high data-rate systems are complicated and the
impact of the impairments cannot be calculated analytically, it
is very important to simulate it with realistic models of
nonideal parts.

It is well known how to simulate the multipath propagation
in physical radio channels [2, 3]. Modern simulation tools (for
example MATLAB/Simulink) include also models for the
nonideal analog parts of the transmitter-receiver. The problem
is that this kind of simulation is very time-consuming. We have
found only one reference [4] where real-time simulation is
done, but this system was implemented with analog
components.
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In this paper, we propose an efficient method to simulate
impairments caused by the nonideal analog parts of the
transmitter-receiver. They include for example high-power
amplifier (HPA), mixers, and oscillators. The low noise
amplifier (LNA) in the receiver can be assumed to operate in a
linear region. The major advantage in our approach is that the
model parameters are adjustable and the system works in real
time in the digital domain. Conventional methods have either
not been real time, or they have been implemented with analog
circuits.

Our approach is to simulate the impairments in real time
using digital FPGA circuits. Two case examples were selected,
including models for high-power amplifier and oscillator phase
noise.

The paper is organized as follows. First the system model is
presented, after which the expected major analog impairments
are discussed. The next two sections describe the high level
implementation and the floating point simulation results for the
proposed nonlinear models. Finally, the FPGA implementation
is presented and some conclusions are drawn.

II. SYSTEM MODEL

The basic block diagram for a transmitter-receiver with a
channel is presented in Figure 1. We have considered modeling
of the analog parts of the transmitter and the receiver,
excluding antennas and analog-to-digital (A/D) and digital-to-
analog (D/A) converters. The order of the blocks can be
changed depending on the current application, and, of course,
the number of the required filters depends on the performance
requirements. In a direct conversion receiver, only one radio
frequency (RF) mixer is needed since the band of interest is
directly translated to zero frequency. In general, the receivers’
mixers can be adjustable, and the control signal for the
intermediate frequency (IF) mixer is provided by automatic
frequency control (AFC). The automatic gain control circuit
(AGC) operates in the receiver where the power control
command for the transmitter is also generated. An alternative
for the AGC circuit in the receiver is a limiter.

The typical analog impairments at each stage of the
transmitter and the receiver are also illustrated in Figure 1. In
order to make a prioritization for the distortions, the following
classification is proposed: (1) nonlinear power amplifiers; (2)
mixers and oscillators including phase noise, I/Q imbalance



and DC offset. The classification includes the expected major
problems in future systems where the signals have complicated
modulation with a nonconstant envelope, such as QAM, and in
OFDM where the symbols are also exceptionally long. Finally,
we found that it is usually much simpler to simulate systems
without memory than those with memory. For example an
AGC block would in general need to implement all the parts in
the actual hardware.

TRANSMITTER
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CHANNEL

£ external controt signal
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Figure 1. System model for transmitter-receiver with channel.

III. EXPECTED MAJOR ANALOG IMPAIRMENTS

A. Nonlinear Power Amplifier

All amplifiers are nonlinear if driven hard enough; they all
exhibit saturation effects, whereby the output is not linearly
proportional to the input at the high input signal levels. In the
transmitter HPA is typically operated close to saturation, or
even saturated, so as to maximize power efficiency. In the
receiver low noise amplifier (LNA) can be usually assumed to
operate in a linear region. In general, the effects of
nonlinearities  include intersymbol interference  (ISI),
constellation warping [5] and widening of the transmitted
signal spectrum, or spectral regrowth, causing adjacent channel
interference (ACI).

Models for amplifiers can be divided into (1) memoryless
or instantaneous nonlinear systems, represented by amplitude
modulation to amplitude modulation (AM/AM) conversion, (2)
quasi-memoryless systems, represented by input AM/AM and
amplitude modulation to phase modulation (AM/PM)
conversions, or (3) nonlinear systems with memory [2, 3]. In
memoryless systems, the output at any time instant depends at
most on the input at the same time, but not on past or future
time instants of the input. A memoryless system cannot
generate AM/PM distortion. In quasi-memoryless amplifiers,
the memory time constants are in the order of the period of the
RF carrier. In amplifiers with memory, the time constants are
in the order of the period of the envelope signal. The AM/AM
and AM/PM functions depend on frequency. A precise
characterization and simulations require more complex
describing techniques such as Volterra series.

B. Distortions in Mixers and Oscillators

The ideal mixer can be modeled by a multiplier (see Figure
1) and is a linear operation [6]. However, practical mixers are
nonlinear devices. Practical imperfections include local
oscillator (LO) leakage, resulting in direct current (DC) offset
in the output of the mixer. In the case of the quadrature
frequency translations, shifting either the input signal or the LO
output by 90° is required. In binary modulation a phase shift of
180° must be performed. Differences in the gain factors and the
errors in the phase shift cause a mismatch between the in-phase
and quadrature-phase branches, which is called an I/Q imbalance
[7]. Finally, phase noise is introduced in a practical oscillator.

Phase noise has a very large impact especially when M is
large in M-ary modulation. For a given energy, the signal
points are close together as the alphabet size M for the signal
set gets larger, which for a given phase perturbation is more
likely to cause errors in data detection.

Phase noise is of two different types: finite power or
asymptotically infinite power [8]. When the system is phase
locked, the resulting phase noise is small and it can be modeled
as a zero mean, stationary, finite power autoregressive moving
average (ARMA) process. The time discrete model for ARMA
process is achieved by filtering white noise samples A, as

P q
0p =2a;9,_; + 2bA,; M
i=1 i=0

where a; and b; are the filter coefficients. The order of the

ARMA process is denoted by (p, g). The second type of phase
noise is obtained by assuming that the system is only frequency
locked, as it is the case if the oscillator is tuned to carrier
frequency but is free running. The resulting phase noise is
slowly varying but not limited, and it is modeled as a zero
mean, nonstationary, asymptotically infinite power Wiener
process. Wiener model is a special (1, 0) order ARMA process
witha; =1.

IV. HIGH LEVEL IMPLEMENTATION

We are proposing a real-time method to simulate the
impairments of the analog parts of the transmitter-receiver. The
important challenge for the simulation tool itself and its FPGA
implementation is that the selected nonlinear models are as
generic as possible and all the parameters are adjustable. The
complex baseband structures in Figures 2, 3 and 4 show the
proposed high level structures for the expected major analog
impairments.

For nonlinear power amplifier we focus memoryless or
quasi-memoryless models, which can be expressed as
AM/AM or AM/PM conversions. The models with a memory
are more demanding and they are the aim of the further study.
Usually the AM/AM or AM/PM conversion functions will be
known only empirically from the measurements. In the
hardware implementation of the nonlinearities, the measured
data can be digitized and then stored into look up tables (LUT)
as illustrated in Figure 2. In order to minimize the size of LUT
or to produce values not appearing on the table, two methods,
namely, curve fitting and interpolation are used [3].
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Figure 2. A model for power amplifier nonlinearity.

The least-square fit of a rational function to the measured
data includes the use of predefined models for the nonlinear
power amplifiers, such as Rapp’s [9] and Saleh’s [10] models
available in MATLAB/Simulink. The drawback is, however,
that the user can only adjust the parameters of the selected
model. The prederived functions for AM/AM and AM/PM
conversions are also relatively complex to implement.

The simplest form of the interpolation is a zero order hold
circuit. However, polynomials have classically been used in
interpolation [3]. A polynomial interpolator contributes small
noise to the output signal because the interpolation slopes are
not continuous from one table interval to the next. Noise
contributions tend to be invisible in the time domain but appear
in the frequency domain as elevated noise floors. Cubic spline
interpolation technique can reduce some of the slope-
discontinuity noise. A cubic spline matches the first and second
derivatives of adjacent tabular intervals so that slope noise
arises only from discontinuities in higher derivatives. The
spline interpolation algorithm gives the coefficients of the
interpolation function

y=4;+B,(x=x,)+C,(x—x, ) +D,(x—x,)’ 2
for x in the interval[ x;, x;, ], where the x; are the abscissa of
known values y; . In order to easy the hardware implementation
the coefficients 4;, B;, C;, D; can be initialized by software.

Coordinate rotation digital computer (CORDIC) algorithm
[11] is an iterative and computationally efficient algorithm for
computing rectangular to polar translations (see Figure 2) using
combiners and shifters. The CORDIC is very suitable for FPGA
implementation. The vectoring mode of the CORDIC algorithm
aims at aligning the result vector with the /-axis. It consists of

minimizing the Q component of the residual vector at each
rotation. In this configuration, the CORDIC equations are

Iy =1,-0; 'di'2_i
01 =0 +1;-d; 27

Zig =2;—d; "0

i=0,1,2,...n ?3)

where d; =+1if Q; <0 and -1 otherwise. The step angles o,
are chosen such that o; = arctan2~7 . After n iterations we obtain

I, = K,,,llg +0¢
0,=0
z, =zq +arctan(Qg / I

K, =][V1+27%
n

4)

and the magnitude and phase of the rectangular to polar
translation are provided simultaneously. The scaling factor X,

is a rotator gain, and in general, the CORDIC algorithm
produces one additional bit of accuracy for each iteration.

By selecting d; =—1 if z; <0 and +1 otherwise, the
CORDIC algorithm (3) operates in a rotation mode. The

rotation mode is initialized so that 7, = “polar magnitude”,

z, = “polar phase”, and Q, =0. Finally, after n iterations the
polar to rectangular translation is as

1, =K,,[[0 coszg —Qp sinzo]

0, =K, [QO coszg + I sin zo]
. . 5)

The CORDIC algorithm is also an essential part when
modeling distortions in mixers and oscillators. Figure 3
illustrates a general block diagram for the 1/Q imbalance and
DC offset. In the figure, the amplitude and phase imbalances
are first applied separately for both I and Q components of the
complex input signal, after which the DC offset is added to the
resulting complex sum signal.

1/Q Imbalance

’ ’phm DCOffset
] , ()
) real magnitude
multiplication WWCORDIC wiar |—@ a
tre !

[ [ >
complex ‘ ‘ complex
addition | Q | addition Q
CORDIC ' ¥
o ool | magnituga | PO o eclnsir
multiplication Q
i phase

Figure 3. A model for I/Q imbalance and DC offset.
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Figure 4. A model for phase noise.

Figure 4 shows a general block diagram for the phase noise.
In the figure, white Gaussian noise samples are first digitally
filtered so that the resulting phase noise is finite power ARMA
process (1) of order (p, ). As discussed earlier, asymptotically
infinite power Wiener process is obtained by selecting (1, 0)
order ARMA process with a; =1. Finally, the resulting phase
noise is added to the complex input signal by using the
CORDIC algorithm (5) in the rotation mode. By using the
CORDIC principle we can avoid the complex multiplication
needed otherwise. In general, phase noise @, causes a

disturbance e/®» on the input signal [8]. The spectrum of e/®x
is: (1) Lorentzian when the phase noise is nonstationary Wiener



process; (2) spectrum of phase noise itself plus the impulse in
origin when the phase noise is stationary ARMA process.

V. SIMULATION RESULTS

Floating-point simulations were done to ensure the
performance of the proposed structures for the expected major
analog impairments. LUT is used for AM/AM and AM/PM
distortions when modeling nonlinear HPA. One reason is
flexibility: LUT can contain data based on any theoretical
models or measurement results. To minimize the size of LUT
cubic spline interpolation (2) is proposed for implementation.
The performance of the interpolation was evaluated by using
an absolute error metric

Q)

CAM | AM = ‘FAM/AM(”)_ﬁAM/AM(”)‘

where Fy /1) and Farrs4 v () are ideal and interpolated
AM/AM curves, and u is input amplitude. The similar metric is
also derived for AM/PM conversions.

Figure 5 compares the measured results for cubic spline and
linear interpolations when the AM/AM function of Rapp model
[9] with LUT of 256 equally spaced points is used. As the
figure shows, the cubic spline interpolation is more accurate
compared to linear interpolation, especially when the AM/AM
graph has a sharp curvature. As discussed earlier, this
phenomenon can be explained by matching the first and second
order derivates in cubic spline interpolation.

Rapp AM/AM with LUT of 256 points

—+— Cubic Spiine
Linear

Absolute output amplitude error [Volts]

] i z 25
Normalized input amplitudes
Figure 5. Interpolation comparison when LUT contains 256 points.

For modeling phase noise (1, 0) order ARMA process (1) is

proposed for implementation. The transfer function of the
ARMA process can then be given as

b

H(z)=
(Z) l—az1 |

)

The power spectral density of ARMA process, i.e., the
phase ¢, , can be adjusted using the constants @ and b. By
setting @ =1 Wiener process is achieved. As discussed earlier,
and now demonstrated in Figure 6, the ARMA process has a
finite power spectral density when the frequency approaches
zero. If we increase the order of the ARMA process, we have
freedom to generate different and smoother spectral shapes at
the cost of more complex filter.
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Figure 6. Power spectral density comparison for ARMA and Wiener process.

VI. FPGA IMPLEMENTATION

Separate very high speed integrated circuit hardware
description language (VHDL) models were developed for the
expected major analog impairments including nonlinear HPA
and phase noise. The VHDL models were mostly based on the
bit-true simulations. Xilinx Virtex-II Pro FPGA was used for
the implementations. There were two basic implementation
assumptions at the system level: (1) both the incoming and
outgoing sampling rates were 80 MHz; (2) the data path for
both I and Q component was 16-bit including the sign bit. The
input signal was scaled between the values [-3.2767, 3.2767].

Mixed Coefficients B; (MEM3) Mixed Coefficients C,&D, (MEM4)

16 Bits

16 Bits
—_——
Cos& Dy,
. . . .
H H H H
256X2 ! ' 256X 2 ' '
B 4, i Cﬂ, i& D 8.i
v f
: : H H
16 Bits 16 Bits
——
Ap; X,
R f
256X 2 : : 256 X1
A4,. ' '
0,i H :

Mixed Coefficients 4; (MEM2) Initial Data x; (MEM1)

Figure 7. Memory structure of the HPA model.

In all VHDL models the CORDIC cores were generated
from the Xilinx CoreGenerator™ with different options. User-
controllable registers were used in all of our designs. These
registers can be accessed by a separate 16-bit control bus.
Through these registers the model parameters become
adjustable; this gives one of the major advantages in our
proposed real-time simulation approach.

The nonlinear HPA model was implemented using the LUT
method presented in the previous sections. Xilinx provides a
dual-port embedded memory called block random access
memory (RAM), which is very suitable for such kind of
approach. Based on the cubic spline interpolation algorithm (2)



a proper memory structure for the HPA model was developed
and it is presented in Figure 7. A LUT of 256 equally spaced
points was used so that adequate absolute error metrics for
AM/AM and AM/PM conversions (6) could be achieved. The
subscripts R and @ refer to the AM/AM and AM/PM curves,
respectively. Altogether 3.5K bytes on-chip memory was
needed to store the LUT values. The memory banks MEMI,
MEM2, MEM3 and MEM4 can be updated in real-time and
various nonlinear models, including the user-defined models
can be realized through these memory banks.

Using Xilinx ISE 6.3i design tool shows that the maximum
system speed for the nonlinear HPA model is 102 MHz with
-6 speed grade. The model occupies about 12% all resources
of a Virtex-II Pro40 chip. Table 1 summarizes resource
utilization in different categories. For example, the HPA
occupies 11% of the total number of MUL18X18 multipliers.

Table 1. Resource utilization of nonlinear HPA model."
RESOURCE TYPE | NUMBER | PERCENTAGE
MULT18X18s 22 11%
RAMBI16s 4 2%
SLICEs 2501 12%

The post-place & route hardware simulation results were
compared with those of the floating point models. Figure 8
shows the measured difference for the complex baseband
output signals when Saleh’s nonlinear HPA model [10] is used.
The figure shows that the maximum absolute errors for both I

and Q data are about 4-10~%.
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Figure 8. Measred difference between floating point and hardware
implementations.

The implementation for the phase noise model was quite
straightforward. We used the approach presented in Figure 4.
The Wiener process with (1, 0) order ARMA option was
implemented with an infinite impulse response (IIR) filter. The
phase noise model occupies about 6% resources of a Virtex-11
Pro40 chip and the maximum system speed is 90 MHz with -6
speed grade. Table 2 shows resource utilization.

! The area also includes the wrappers for Xilinx CORDIC cores.

Table 2.  Resource utilization of phase noise model.?
RESOURCE TYPE | NUMBER | PERCENTAGE
MULTI18X18s 12 6%
SLICEs 1199 6%

VII. CONCLUSION

We proposed a real-time method to simulate the impairments
of the analog parts of the transmitter-receiver. The method is
very versatile since all parameters are adjustable. Models with
a memory are more demanding and they will need a more
detailed study. The simulation approach can be used for real-
time performance measurements of fast modems without
implementing the analog parts whose parameters are difficult
to change.

It is rather straightforward to simulate the I/Q imbalance.
The CORDIC algorithm is used for polar to rectangular
translations. In the phase noise model we found that an
efficient approach is to use the CORDIC algorithm in the
rotation mode. In this case no complex multiplication is needed.
LUT is used for AM/AM and AM/PM distortions when modeling
the nonlinear HPA. One reason is flexibility: LUT can contain
data based on any theoretical models or measurement results.
To minimize the size of LUT we used cubic spline interpolation.

Floating-point and bit true simulations were done to define
the required word lengths of each parameter. The cubic spline
interpolation was evaluated by using an absolute error metrics.
VHDL architecture models were developed based on the bit-
true simulations. Only one Virtex-II Pro40 FPGA chip is
needed to implement the HPA and phase noise model.
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ABSTRACT

In this paper we study the suitability of constant envelope
multi-carrier modulation technique for the implementation
of 1Gbps wireless link at 60 GHz. This technique combines
orthogonal frequency division multiplexing (OFDM) and
phase modulation (PM) where: (1) PM creates a constant
envelope signal which allows high power amplifier to oper-
ate near saturation levels thus maximizing power efficiency,
(2) OFDM increases robustness to multipath fading. Since
OFDM-PM symbols satisfy symmetry property, maximum-
ratio combiner (MRC) can be used at the receiver. Our
simulations show that in an AWGN channel at bit error level
107, the OFDM-PM with MRC has about 0.8 dB perform-
ance loss compared to OFDM or single carrier minimum
shift keying (MSK). For Rician fading channels, we find that
OFDM-PM performs comparably to MSK and outperforms
uncoded OFDM. Furthermore, we show that both OFDM
and OFDM-PM have similar bit error distribution charac-
teristics, and thus the performance of OFDM-PM can be
improved by the use of water-filling or coding techniques.

INTRODUCTION

With the availability of 7 GHz of unlicensed spectrum
around 60 GHz, there is growing interest in using this re-
source for new consumer applications requiring very high-
data-rate wireless transmission [1]. At 60 GHz a critical
component is efficient power amplification because of the
range limitations due to the oxygen absorption, which is
further emphasized by the voltage reduction of advanced
complementary metal oxide semiconductor (CMOS) cir-
cuitry and the high linearity requirements of sophisticated
transmission schemes, such as nonconstant envelope modu-
lation and adaptive beamforming. Multicarrier signaling,
antenna array systems and adaptive equalization are re-
garded as the most suitable means of combating multipath
effects in high-speed indoor applications [2].

In this paper we investigate the suitability of constant enve-
lope multicarrier modulation technique for the implementa-
tion of 1Gbps wireless link at 60 GHz. This technique
combines OFDM and phase modulation where: (1) phase
modulation creates a constant envelope signal which allows
high power amplifier to operate near saturation levels thus

and
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Berkeley Wireless Research Center,
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maximizing power efficiency, (2) OFDM increases robust-
ness to multipath fading. We consider OFDM-PM and com-
pare it with OFDM-CPM (continuous phase modulation) and
single carrier MSK, both of which are also constant enve-
lope modulation schemes. Since CPM signal can be viewed
as both phase and frequency modulations, the term OFDM-
FM (frequency modulation) is also known in the literature
[3, 4, 5]. The idea is that OFDM-FM can be implemented
simply and inexpensively by retrofitting existing FM com-
munication systems.

For OFDM-CPM signaling, the ML receiver is based on the
Viterbi algorithm, and this work shows that the earlier pro-
posed low complexity phase difference receiver [6] suffers
from a 3dB performance loss compared to coherent OFDM-
PM receiver. In OFDM phase modulated systems, detection
performance and spectral spreading can be controlled using
the modulation index. Spectral containment [7] can be im-
proved when using small modulation indices. On the other
hand, performance gains can be accomplished by increasing
the modulation index [8]. With 7 GHz of available bandwidth,
it is possible to use less spectrally contained schemes that
are more tolerant of the limited performance of e.g. CMOS
circuits. Thus, several steps are taken in this work to opti-
mize the performance of the coherent OFDM-PM receiver.

OFDM-PM is not as spectrally efficient as OFDM or MSK
since real signaling is required at the input of the phase
modulator. In [9] a complex OFDM signal is divided into
real and imaginary parts before the phase modulator, while
discrete cosine transform (DCT), instead of discrete Fourier
transform (DFT), is used in [6]. In our paper, a real time-
domain OFDM signal is achieved by satisfying the com-
plex conjugate symmetry property in the frequency-
domain. The resulting OFDM-PM signal is also symmetri-
cal when we assume binary data modulation. This work is
the first to propose a technique to exploit the redundancy of
this symmetric waveform; through the use of MRC at the
receiver, error rates in AWGN and fading channels can be
greatly reduced. Furthermore, we show that both OFDM
and OFDM-PM have similar bit error distribution character-
istics, and thus the performance of OFDM-PM can be im-
proved by the use of water-filling or coding techniques.
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The paper is organized as follows. First the transmitter and
receiver structures are presented, after which the parameter
optimization is discussed. The MRC is then studied and
performance results are compared with OFDM and MSK
under same channel conditions. Before the conclusion,
complexity of OFDM-PM and MSK receivers are evaluated.

PERFORMANCE IN AWGN CHANNEL
A. Transmitter structure

During an OFDM symbol period 0 < ¢ < 7, the discrete time
multicarrier signal can be given using the N-point inverse
fast Fourier transform (IFFT) as

1 N-1

Xy =— ZXkejzﬁkn/N, n=0,..,N-1 (@))

N k=0
where N is the number of subcarriers and X, are uncorre-
lated frequency-domain M-ary data symbols with rate 1/7,.
From the central limit theorem [10] it follows that for large
values N, the OFDM signal becomes Gaussian distributed.
The amplitude of the signal has therefore Rayleigh distribu-
tion with variance

=25 [l

The peak-to-average power ratio (PAPR) can be defined as
2
ma([of’ ) [ap). (3)

£’ |

We next concentrate binary data modulation M = 2 and by
choosing X; = ++/N , the variance (2) and PAPR (3) are
equal to 1 and 10log; (V) dB, respectively. Since real OFDM
signalling is required at the input of the phase modulator,
the frequency-domain OFDM symbols have to satisfy a
symmetry property by assuming N is an even number, and

2

PAPR =10log)

X =0
Xy g =X k=1 .., N/2-1.

The general continuous phase modulated (CPM) signal can
be expressed as [10]

s()=e/P69) 0<r<Ty. ®)

where the phase ¢(z, x) has the form

n n—L
#(t, x) = 27h Zx[q(t—in)+[7d1 Zx,}modZﬂ' (6)
i=n—L+1 |

j=—oc0

In (6) x; are discrete time OFDM samples (1) and /4 is the
modulation index. The phase pulse ¢(¢) is normalized in
such a way that

0 <0
an:{ ‘= ™

1/2 t2LT)

Its derivative dg(¢)/dt = g(t) is the frequency pulse of the

modulator. The frequency pulse is limited to the interval
0<t¢<LTj, and by selecting different pulses, a large num-

ber of different CPM methods can be obtained. Memory is
introduced into the CPM signal by means of its continuous
phase. Further memory can be achieved by choosing a
pulse with L > 1. Smoother phase transitions can result in
better spectral containment. However, we next concentrate
on schemes with L = 1; if the integrating term in (6) is ig-
nored, PM signal without memory is achieved.

The complex envelope model for both OFDM-CPM and
OFDM-PM transmitters are shown in Figure 1. By select-
ing a rectangular frequency pulse g(¢) and L = 1, the dis-
crete time filtering becomes a constant multiplication so
that g(n)='%0(n) where g(n)=g(nlp) and J(n) is the
discrete time unit impulse.

OFDM-PM modulator

Filtering  Modulation  Clipping
index

. d +b
= 1G5 ]
-bn

2mh

Binary | X | N-point

data IFFT

Ideal integrator

I”‘”" L i b

‘OFDM-CPM modulator

Figure 1. Complex envelope model for OFDM-CPM and
OFDM-PM transmitters.

The clipping is required to ensure that the phase modulator
input signal is in the range [-bw, bnt] where 0 < b < 1. By
combining equations (3) and (6), we can find that there is
no clipping if

h<b/~N. ®)

If we would ignore OFDM signaling in Figure 1, and as-
sume binary data modulation so that X; = 1, discrete time
MSK type CPM signal is achieved by selecting & = %5.

B. Receiver structure and measured results

In general, the maximum likelihood (ML) bit error prob-
ability for CPM signal can be upper bounded as

diinE
Wi

NO
where the ratio E/N, is signal-to-noise ratio (SNR) per bit
and df,,i“ is the minimum Euclidean distance between all the
possible pairs of signals in the Viterbi algorithm. For MSK
signal doin =2 [10]. When using binary data modulation,

©
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Figure 2. Phase modulator input signal in a unit circle, N = 16.

single carrier MSK and multicarrier OFDM have an equiva-
lent performance in a known AWGN channel. In OFDM-
CPM system the error probability is, however, more diffi-
cult to derive. In Figure 2, the phase modulator input signal
is mapped into a unit circle. As figure shows, the constella-
tion is not evenly spaced. On the other hand, the points in
constellation are not all equally likely since the large values
corresponds OFDM signal peak values with low probability
and vice versa.

Besides the difficulty of deriving the performance of the
optimum receiver for OFDM-CPM, the ML receiver is
complex to implement. By taking into account the symme-
try property in (4), the optimum OFDM-CPM receiver with
binary data would require 2> matched filters. We therefore
consider the simple heuristic receiver [6] by determining the
phase difference at the receiver as

Ap, =8,.—9,. (10)

where g, is the phase estimate of @,. By selecting
g(n)="%0(n) in Figure 1 and with the calculation of
~ 1
Xp= - Ag, (11)
the estimate of the transmitted symbol X, can be obtained
by taking the N-point fast Fourier transform (FFT) as
- N-1 .
Xp= XX, /27N - p—o  N-1.
n=0

(12)

In the OFDM-PM transmitter (see Fig. 1) the phase inte-
grating term is ignored, and therefore the angle demodula-
tor makes just symbol-by-symbol decisions, i.e., Ag,, = 5,, .
Finally, the complex envelope model for the OFDM-CPM
and OFDM-PM receivers are shown in Figure 3.

OFDM-PM demodulator

;n N-point )N(A Binary
FFT decisions
Phase
detection
~, =~ |% | Npoint |Xi| Binary
Pnt1 =Pn FFT decisions
l/mh

OFDM-CPM demodulator

Figure 3. Complex envelop model for OFDM-CPM and
OFDM-PM receivers.

The performances of the proposed OFDM-CPM and
OFDM-PM systems are compared in Figure 4 when modu-
lation index # = 0.2, N = 16 and clipping factor b is ap-
proximately one (see Eq. 8). As the simulation results show,
OFDM-CPM suffers from a 3dB performance loss due to
the differential phase demodulation. We next concentrate
on OFDM-PM system since it shows significant perform-
ance gain with respect to OFDM-CPM.

Figure 4 shows that the bit error rate (BER) of an OFDM-
PM system depends greatly on system parameters. In our
study the target bit error rate is 107, and Figure 5 indicates
that the BER varies in a convex manner with respect to
OFDM signal clipping factor b and modulation index 4 of
PM signal [9]. This ensures the existence of optimum ad-
missible b and 4. For fixed value of 4, smaller b induces
more clipping noise, while larger b increases phase ambi-
guity problem in the noisy channel. On the other hand, for
fixed value of b, smaller # makes signal points close to
each other in constellation, while larger 4 induces more
clipping noise. Figure 4 illustrates that it is also beneficial
to use a large number of subcarriers N in OFDM symbol.
With larger number of subcarriers, the PAPR increases, but
the peak values occur with very low probability.
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Figure 4. OFDM-CPM versus OFDM-PM in AWGN.
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Figure 5. Optimization of OFDM-PM in AWGN.

C. Maximum-ratio combiner (MRC)

In general, OFDM-PM is not as spectrally efficient as
OFDM or MSK since real signaling is required at the input
of the phase modulator. This requirement forces frequency-
domain OFDM symbols to satisfy a symmetry property (4)
resulting in halved spectrum efficiency. Due to the nature
of the IFFT transform, the real OFDM signal, and thus the
complex OFDM-PM signal are also symmetrical when we
assume binary data modulation. The OFDM-PM signal
properties are demonstrated in Figure 6.

symmetrical
real signal

symmetrical symmeterical
N-point real signal i, complex signal | N-point
IFFT e FFT

m al
complex signal

Figure 6. OFDM-PM signal properties.

We now propose a technique to exploit the redundancy of
this symmetric waveform through the use of MRC at the re-
ceiver. We assume frequency domain signaling since we
present later in this paper a combined MRC and frequency
domain channel equalizer for fading channel. The MRC
principle is shown in Figure 7. In the figure, X3, X3, ..., X3
are frequency domain data samples at the output of OFDM-
PM transmitter and Vi, V5, ..., Vyy are frequency domain
AWGN samples with variance ¢°. In an AWGN channel,
the symmetry of the transmitted symbols can be viewed as
a form of interleaved repetition coding. Therefore, averag-
ing two symbols with identical signal content and uncorre-
lated noise should result in an improvement to SNR of ide-
ally 3dB. Actual improvement to SNR is, however, limited
due to nonlinearity in the phase demodulation following the
MRC operation. BER simulation results in Figure 8 shows
that at bit error level 107, the optimized binary OFDM-PM
with N=1024 and MRC has 0.8 dB performance loss com-
pared to OFDM or single carrier MSK. This performance
difference decreases at high SNR values.
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Figure 7. The principle of MRC'.
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Figure 8. Optimized OFDM-PM with MRC in AWGN.

D. Nonlinear power amplifier

Simulation results show that both OFDM-CPM and OFDM-
PM systems have performance loss compared to multicar-
rier OFDM system. However, if the maximum allowable
transmit power is limited by the saturation level of the
power amplifier, an OFDM system must have a back-off to
accommodate the PAPR of the transmitted waveform. In
comparison, constant envelope systems such as MSK do
not require any backoff. Theoretical PAPR (3) for binary
data modulated OFDM signal with N=16 and N = 1024 are
12 dB and 30 dB, respectively. However, the actual amount
of backoff required depends on the amount of clipping al-
lowed to OFDM, i.e. PAPR;, < PAPR. Thus, the constant
envelope systems have the capability to transmit roughly
PAPR;;, dB more energy into the channel for a given power
amplifier than an OFDM system utilizing an identical power
amplifier. For example, the FCC? regulations allow for up
to 500 mW transmit power in the 60 GHz band, which is
significantly higher than what is available for the other
WLAN/WPAN standards. On the other hand, getting power

! Subcarrier at zero frequency is ignored.
2 FCC: Federal Communications Commission
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out of the power amplifier at 60GHz will be very difficult
[1]. Therefore, for a fixed power amplifier saturation level,
the constant envelope modulation performance curves in
Figures 4 and 8 could be shifted by PAPR;, dB to the left
when compared to the OFDM curves. This benefit is re-
ferred to as a power gain in [8].

PERFORMANCE IN FADING CHANNEL
A. System model and measured results

The performance of the constant envelope multicarrier
modulation is next considered in 60 GHz indoor multipath
Rician fading channel. The measurements at 60 GHz in-
door environment [2] show that signals are heavily attenu-
ated by standard building materials, thus the transmission is
likely to be restricted to locations where there is either a
line-of-sight (LOS) between the transmitter and the receiver
or reflections which does not undergo wall transmission.
As antenna dimensions are inversely proportional to carrier
frequency, more antennas can be used in a fixed area. The
adaptive antenna array can increase the gain and help track
the LOS or significant components and eliminate many
unwanted multipath components.

In a single carrier receiver a time domain decision feedback
equalizer (DFE) can be used to combat the multipath ef-
fects. A typical DFE consists of both feedforward (FF) and
feedback (FB) filters, of which latter one is driven by a de-
cision unit [10]. Practical filters are FIR filters, and their
length depends on two factors: the delay spread of the chan-
nel and the specified BER. With the assumption of nearly
ideal beamforming, FF filter could be ignored. However,
nonlinear analog parts of a modem including e.g. nonlinear
amplifier, phase noise and I/Q imbalance [11] can cause
degradation in the antenna amplitude and phase weightings
causing impairments in beamwidth, sidelobe level, null
depth and null direction. On the other hand, acquisition of
LOS path in a spatial domain is a critical issue. In a multi-
carrier system, a single wideband multipath channel is di-
vided into multiple parallel narrowband flat fading chan-
nels, and a cyclic guard interval is inserted to avoid the ISI.
Finally, frequency-domain equalization is used to compen-
sate for channel complex gain at each subcarrier.

When we combine OFDM and phase modulation, the main
aim is that the phase modulation creates a constant enve-
lope signal which relaxes power amplifier linearization re-
quirements and OFDM increases robustness to multipath
fading. We next study the performance of OFDM-PM with
IST using a simplified single antenna model of Figure 9.

Guard PM N
interval modulator

Binary N-point

|
data IFFT

channel

Remove
guard

Phase
detection

Frequency domain
equalizer & MRC

Binary N-point

le— AWGN
decisions FFT

Figure 9. System model for OFDM-PM with ISI.

The proposed frequency-domain equalizer is shown in Fig-
ure 10. We denote H, as N-point FFT of the discrete chan-
nel impulse response. The equalizer combines the MRC
principle presented earlier in Figure 7 and minimum mean
square estimation (MMSE). The MMSE equalizer mini-
mizes the combined effect of ISI and the additive noise. If
the noise variance term ¢? is ignored, zero forcing equalizer
(ZFE) is achieved. The ZFE type equalizer is simply the in-
verse of channel response. Inversion of the channel response
leads, however, to infinite noise enhancement at frequen-
cies corresponding spectral nulls. Therefore, in this paper,
we focus on MMSE.

BER results for single carrier MSK, multicarrier OFDM
and OFDM-PM systems were compared in typical 60 GHz
indoor multipath Rician fading channel [2]. The assumption
of nearly ideal beamforming reduces the ISI problem, and
when bit rate is 1Gbps, the rms delay spread and K-factor
were chosen to be 15 ns and 5 dB, respectively. The K-factor
is taken as the ratio of the power in the LOS to sum of that
in the random multipath components. The simulated channel
had 71 complex taps with 1 ns spacing between taps. Each
channel tap was an independent complex Gaussian random
value; therefore each channel tap amplitude had a Rayleigh
distribution. The number of trial channels was 20.
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Figure 10. Combined MRC and MMSE®.

® Subcarrier at zero frequency is ignored.
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A DFE of 15 FB taps was used for MSK, where the place-
ment of the taps was adaptively selected based on the MMSE
criterion. The lengths of the OFDM symbol and the guard
interval were 1024 ns (N = 1024) and 128 ns, respectively.
The equalizer for the OFDM system was placed after the
FFT (see Fig. 9) but prior to the data demodulator. In all
study cases, ideal knowledge of the channel coefficients was
assumed. Finally, the BER results are shown in Figure 11.
Our simulations show that in Rician fading channels,
OFDM-PM performs comparably to MSK and outperforms
OFDM. In the case of OFDM, a null in channel frequency
response results in one or more subcarriers having a very
low SNR, and these subcarriers will dominate the overall
error rate.

theoretical MSK in AWGN
+  measured OFDM in AWGN

OFDMin ISI, N = 1024

Bit error rate
3

optimized MRC OFDM-PMin ISI
N=1024, h=0.39, b =0.75

L L L L L L L L
2 4 6 8 10 12 14 16
ED/ND

Figure 11. MSK, OFDM and OFDM-PM in ISI.

Figure 12 presents how the measured bit errors are distrib-
uted across the subcarriers in the case of OFDM. As we can
see, deeper channel fades directly correspond to higher er-
ror rates at that frequency. However, coding or water filling
techniques frequently used in other multicarrier systems can
be employed to reduce the deleterious effect of these chan-
nel fades.
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Figure 12. Bit error distribution in OFDM.
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Figure 13. Bit error distribution in OFDM-PM with MRC.

The upper subfigure in Figure 13 illustrates measured bit
errors distribution across the subcarriers in the OFDM-PM
system with MRC. The lower subfigure shows the effective
channel fading after taking the MRC operation into account.
The same channel fading before MRC is presented in Figure
12. The MRC can be considered a form of diversity in that it
smoothes deep amplitude depressions in the channel response,
thus reducing the number of bit errors at those frequencies.
The error distributions have similar characteristics in both
OFDM and OFDM-PM systems. Thus, coding and water-
filling could offer additional gainin OFDM-PM.

B. Complexity evaluation

One key complexity issue between OFDM-PM and MSK is
FFT versus equalizer. In an OFDM-PM receiver, the chan-
nel equalization requires both complex FFT and IFFT opera-
tions, and the OFDM demodulator requires one real FFT
block. The total number of real multiplications is shown in
Table 1 when the split-radix FFT [12] and MRC (Fig. 10) are
used. The average multiplications per second are achieved
by multiplying the results by the length of OFDM symbol
1/NT,. In our comparison the target data rate 1/7}, is 1Gbps.

Table 1. Number of real multiplications.

per OFDM symbol per sec

N | split-radix FFT | MRC total total
16 50 70 120 7.5:10°
1024 17930 5110 | 23040 | 22.5-10°

If we assume a DFE of L,, complex taps, the number of real
multiplications per symbol and sec are 4L, and 4L,/T,, re-
spectively. Referring to Table 1, OFDM-PM receiver is less
complex than DFE if

N=16and L,>1 (4-Ly-10°>7.5-10°)
N=1024 and L, > 5 (4-L,-10°>22.5-10°).
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Although the modulation method will have a bearing on the
DFE length, binary decisions would also mean that no mul-
tiplications are needed in FB filter. The complexity even
decreases if FF filter with complex taps can be ignored e.g.
with the assumption of nearly ideal beamforming. If the
DFE is adaptive, the coefficients can be calculated using the
relatively simple least mean square (LMS) algorithm [10].
Since the LMS principle can also be used in OFDM-PM re-
ceiver, the complexity for the two schemes is similar.

CONCLUSIONS

In this paper we investigated the suitability of constant en-
velope multi-carrier modulation technique for the imple-
mentation of 1Gbps wireless link at 60 GHz. This tech-
nique combines OFDM and phase modulation where: (1)
phase modulation creates a constant envelope signal which
allows high power amplifier to operate near saturation lev-
els thus maximizing power efficiency, (2) OFDM increases
robustness to multipath fading. We studied OFDM-PM and
compared it with OFDM-CPM and single carrier MSK,
both of which are also constant envelope modulation
schemes. It was found that OFDM-CPM receiver suffers a
3dB performance loss due to the differential demodulation.

Several steps were taken in this work to optimize the per-
formance of the OFDM-PM receiver. It was found that the
optimal values for OFDM signal clipping factor and modu-
lation index of PM signal are determined by the trade-offs
between clipping noise, minimum Euclidean distance, and
phase ambiguity in the PM demodulator. We found also
that it is beneficial to use a large number of subcarriers in
OFDM. With larger number of subcarriers, the PAPR in-
creases, but the peak values occur at very low probability.

OFDM-PM is not as spectrally efficient as OFDM or MSK
since real signaling is required at the input of the phase
modulator. This requirement forces OFDM symbols to sat-
isfy a symmetry property resulting in halved spectrum effi-
ciency. The OFDM-PM signal is also symmetrical when
we assume binary data modulation. This work was the first
to propose a technique to exploit the redundancy of this
symmetric waveform; through the use of MRC at the re-
ceiver, error rates in AWGN and fading channels can be
greatly reduced. Our simulations showed that in an AWGN
channel at bit error level 107, the optimized binary OFDM-
PM with MRC has about 0.8 dB performance loss compared
to OFDM or MSK. The performance difference decreases at
high SNR values. For Rician fading channels, we compared
BER performance of uncoded MSK, OFDM, and OFDM-PM
with adequate channel equalizations, and we found that
OFDM-PM performs comparably to MSK and outperforms
uncoded OFDM. Furthermore, simulations showed that both
OFDM and OFDM-PM have similar bit error distribution

characteristics, and thus the performance of OFDM-PM can
be improved by the use of water-filling or coding techniques.
One key complexity issue between OFDM-PM and MSK is
FFT versus equalizer. With the assumption of nearly ideal
beamforming FF filter could be ignored and no multiplica-
tions are needed in DFE. If FF filter is required, the complex-
ity of the OFDM-PM receiver containing FFT, MMSE and
MRC blocks is easily below the MSK receiver with DFE.
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Abstract—Antenna array beamforming reduces multipath fading
components, and decreases the complexity of equalizer in a single
carrier receiver. Nonlinear analog parts cause, however,
impairments in the beamforming. In this paper we show that
when the separate antenna elements include nonlinear amplifiers
with different amplitude modulation to amplitude modulation
(AM-AM) and amplitude modulation to phase modulation (AM-
PM) conversions, there are errors in the level of main beam and
in the direction of the main beam, respectively. There are no
impairments in the beamforming if there is phase noise at the
input of the antenna array. Anyhow, the phase noise may
dramatically distort the signal constellation. A common method
to avoid nonlinear distortions is to use modulation which has
constant envelope. This is not enough if the nonlinear amplifier
has memory.

Keywords-signaling; modulation; beamforming; nonlinearities

L INTRODUCTION

In general, adaptive antenna array beamforming,
multicarrier signalling, and adaptive equalization can be used
to combat the effects of multipath fading. The beamforming
increases the gain and help to track the line-of-sight (LOS)
component. Beamforming reduces also multiple access
interference (MAI) and eliminates many unwanted multipath
components thus decreasing intersymbol interference (ISI).

In a multicarrier orthogonal frequency division
multiplexing (OFDM) system, a single wideband multipath
channel is divided into multiple parallel narrowband flat fading
channels, and a cyclic guard interval is inserted to avoid the ISI
and interchannel interference (ICI). Finally, frequency-domain
equalization is used to compensate for channel complex gain at
each subcarrier. In OFDM systems the nonlinear analog parts
play, however, a significant role for the performance since the
modulation method is very sensitive [1, 2]. Phase noise has
very large impact [3], and since the modulation method is not
constant envelope, the requirements for amplifier linearity are
severe.

When the system is frequency locked, the resulting phase
noise is slowly varying but not limited, and it is modeled as a
zero mean, nonstationary, asymptotically infinite power
Wiener process. If the system is phase locked, the phase noise
is small and it can be modeled as a zero mean, stationary, finite
power autoregressive moving average (ARMA) process [4].
Models for nonlinear amplifiers can be divided into (1)
memoryless or instantaneous nonlinear systems, represented by
AM-AM  conversion, (2) quasi-memoryless  systems,
represented by input AM-AM and AM-PM conversions, or (3)

nonlinear systems with memory. If the nonlinear amplifier has
memory, the system response depends not only on the input
amplitude but also on its frequency [5]. Nonlinear systems
typically create spectral components (harmonic and
intermodulation distortions) that are totally absent from the
input spectrum. The same phenomenon is also possible in
linear time variant systems. Spectral spreading causes adjacent
channel interference (ACI). Other usual distortions on the
signal constellation are warping, clustering, attenuation,
rotation, and origin offset.

A constant envelope minimum shift keying (MSK)
modulation is a common method to avoid distortions caused by
the nonlinear analog parts. The pulse shape filtering destroys
the constant envelope property in linear M-ary quadrature
amplitude modulation (QAM). In general, a time domain
decision feedback equalizer (DFE) can be used to combat the
residual multipath effects in a single carrier receiver. A typical
DFE consists of both feedforward (FF) and feedback (FB)
filters, of which latter one is driven by a decision unit. Practical
filters are finite impulse response (FIR) filters, and their length
depends on two factors: the delay spread of the channel and the
specified bit error rate (BER). With the assumption of nearly
ideal beamforming, FF filter could be removed, and as a
consequence of that, implementation complexity decreases [6].
However, the nonlinear analog parts cause impairments in
beamwidth, directivity, sidelobe level, null depth, and null
direction [7, 8, 9, 10]. In beamforming, the acquisition of LOS
path in a spatial domain is also a critical issue as well as
blockage or shadowing due to human bodies.

In [6] we proposed a constant envelope multicarrier
signaling technique which combines OFDM and phase
modulation where 1) phase modulation creates a constant
envelope signal, and 2) OFDM increases robustness to
multipath fading. For Rician fading channels, we found that
OFDM-PM performs comparably to MSK and outperforms
uncoded OFDM. We also showed that if the FF filter is
required in the MSK receiver, the complexity of the OFDM-PM
receiver becomes easily below the MSK receiver with DFE.

If a PM signal with a rectangular pulse shape and sudden
instantaneous phase shifts is first filtered, its envelope is no
longer constant [11] and the following nonlinearity will distort
the signal. The topic is important since separable nonlinear
systems are preferred due to complexity reasons [12]. For
example, the Wiener model [5] is cascade of the linear filter
with memory and nonlinear memoryless system. In general, the
continuous phase modulation (CPM) signals, such as MSK, are
better in this respect since the amplitude changes will be small
after filtering because there are no sudden changes in the phase.
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In this paper we explain in more detail how the
nonlinearities cause impairments in beamforming. A simple
way to make beamforming is to use RF phase shifters at each
antenna element. We present a complex envelope model for a
linear antenna array. The nonideal analog parts include
nonlinear amplifiers and oscillators’ phase noise.

The effects of nonlinearities in antenna array systems are
demonstrated using array factor graphs. This work is first to
show that there are no impairments in the beamforming if there
is oscillator’s phase noise at the input of the antenna array.
Anyhow, the phase noise may dramatically distort the signal
constellation. We also explain in more detail why the level and
direction of the main beam changes, if there are nonlinear
amplifiers at the antenna array.

Since many modern modulation methods are not constant
envelope signals, we first summarize the peak-to-average
power ratio (PAPR) values of M-ary QAM and OFDM. The
simulation results confirm that the PAPR of QAM depends on
the pulse shaping filtering, and for OFDM the high peak values
occur with very low probability.

The paper is organized as follows. First the system model
for the linear antenna array is presented, after which we discuss
the signal design in the presence of nonlinear amplifier. The
distortions in beamforming and signal constellation are then
studied. Finally, conclusions are drawn.

II.  SYSTEM MODEL

The general system model for the adaptive antenna arrays is
presented in Fig. 1. In the transmitter, the digital-to-analog
(DA) converter reconstructs the analog signal from a digital
signal and the analog-to-digital (AD) converter in turn is used
in the receiver. In the superheterodyne transmission scheme,
mixers perform frequency translations from baseband to radio
frequency (RF) and vice versa via intermediate frequency (IF).
In a direct conversion scheme, a zero IF is assumed. At RF
frequency N, antenna elements are assumed. At each antenna
element RF phase shifters provide antenna weights for adaptive
beamforming.

RF || Power
phase shifter amplifier

RF Power

Digital IFIRF
1 [ | phase shifter [ | amplifier

baseband mixers

RF || Power
phase shifter amplifier

Analog filtering

1
Low noise RF

’ 1 N
Low noise RF RF/F Digital
) . amplifier || phase shifter A’G miers [ AD baseband
N,, H H
Low noise RF

In the implementation point of view, RF phase shifter
architecture is simple since only one DA or AD converter and
RF mixer is needed in the transmitter and the receiver. A high
power amplifier (HPA) and a low noise amplifier (LNA) are
assumed in each antenna element in the transmitter and the
receiver, respectively. Before the AD converter and after the
DA converter continuous time filters are needed in the signal
chain. For example, low pass analog smoothing filtering is
needed after DA. In superheterodyne receiver, bandpass IF and
RF filters are needed to avoid ACI and image frequencies,
respectively. Finally, the digital baseband produces either a
single carrier or a multicarrier complex signal.

III.  SIGNAL DESIGN

The constant envelope MSK signal may allow power
amplifier to operate near saturation levels thus maximizing
power efficiency. However, and since M-ary QAM and OFDM
are used in many modern systems, we next investigate their
PAPR values. In the literature (see, e.g., [2]), the PAPR is
usually presented as

max( X

]
where x, are uncorrelated and independent M-ary complex
symbols, and max(-) and E[-] refer to the maximum and mean
values of the argument. Since in practice the amplifiers operate
with real signals, we next define the PAPR for them. Assuming

the lowpass-to-bandpass transformations, a complex valued
baseband signal

2
PAPR’=10log,, ) [dB] Q)

£

X,

n

x, =1,+j0, @

where 7, is the in-phase component and Q, is the quadrature
component, can be transmitted in real valued channel as

s, =1,cos(on+@)—0, sin(on+ @) 3)

amplifier ™ phase shifter

1

amplifier || phase shifter

Analog filtering

Figure 1. General system model for adaptive antenna array.
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where @ denotes the angular frequency and ¢ is a random
phase. Finally, the PAPR for the real signaling is

PAPR =10log,, max(s; ) [dB] “)
Els?]
where
E[sf]z%Ehxnz] (5)
and
max(sf)z max( x| ) ©6)

If the variance E[| x,, 2] = 1, the theoretical PAPR (1) for the
complex OFDM signal is equal to 10log;o(N) dB where N is the
number of subcarriers [2]. The PAPR is, however, 3 dB more if
the definition (4) for the real OFDM signal is used. In any case,
with the large values of N the PAPR increases for OFDM, but
on the other hand, the peak values occur with very low
probability. This phenomenon is simulated in Fig. 2.

A Peak power ——p

Power

Average power

2

Time

Figure 2. Instantaneous power of OFDM signal.

As known, the complex MSK symbols x, have a constant
envelope, but the real bandpass signal s, has the PAPR of 3 dB
due to sinusoid. Fig. 3 shows the complex envelope model for a
linear M-ary modulator. In the case of binary phase shift keying
(BPSK, M = 1) or quadrature phase shift keying (QPSK, M =
2), the complex symbols x, have also constant envelope, but
the PAPR of the real bandpass signal s, depends on the pulse
shaping filtering, too. A common filter is a square root raised
cosine (SRRC) filter [13]

4B cos|(l+ Bzt / T+ Tsinl[(1- Byt / T1/(4 1) I
T 1—(4pt/T)

where £ is called the roll-off factor and 7 is the symbol interval.

f(=

Pulse shaping
filter
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Random data Symbol

—»

On Pulse shaping

filter

Figure 3. Complex envelope model of linear M-ary modulator.

Theoretical results without SRRC and simulated results
with SRRC are shown in the PAPR Table 1. Interestingly, 32-
QAM has slightly smaller theoretical PAPR than 16-QAM.
This can be explained by the observation that there are no
corner points in the 32-QAM constellation in Fig. 4.

TABLE L PAPR [dB] FOR LINEAR M-ARY MODULATOR.
Modulation |PAPR with no SRRC| PAPR with SRRC'
BPSK, QPSK 3.0 8.0
16-QAM 5.6 9.7
32-QAM 53 9.6
64-QAM 6.7 9.9

9,
32-QAM

@ 0 @0 16-QAM
@ ®@ |0 0|0 ¥«
@ e 00 90 I,
(CNNCENCENCENCRNG]
e/ e 0/0 0|0

®© /0 ©

Figure 4. Linear M-ary constellations.

IV. NONLINEAR DISTORTIONS

A.  Impairments in beamforming

By creating beams and nulls in the antenna array system,
we can increase the gain in the direction of wanted signals and
decrease the gain in the direction of interference and noise.
Nonlinear distortions cause, however, impairments in
beamforming. A simple way to make beamforming is to use
RF phase shifters at each antenna element. Fig. 5 presents a
complex envelope model for a linear antenna array. As the
figure shows, the linear array consists of N, radiators which are
equally spaced by a distance d [10]. When A is wavelength, the
beam can be steered to the wanted direction €, by changing
progressive phase shift

" In the simulations, S was 0.25.
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a. = 2% sin 6,. ®
A

The progressive phase shift can be digitally controlled by
multipliers v(n) and vy(n), so that

o, =arglv,(n)+ jvy (n)] ©)

and the amplitude weighting

A= i+

where i=0,1, ..., N.i.

As in the I/Q modulator (3) of IF/RF mixer, dc offset, phase
and amplitude imbalances are introduced in practical phase
shifters. The imbalances are also called as I/Q imbalance or I/Q
mismatch [14].

(10

The array factor represents the far-field radiation pattern of
an array of isotropically radiating elements. The ideal three
dimensional (3D) array factor of a phased array is given by

J(i—1)(kd sin@sin ¢ — r.) (11

Ny
F,(0,)=) 4.¢
=]
where k =2n/A and @ is the elevation angle which defines zy
and zx planes [15]. The angle ¢ describes xy plane. Two
dimensional (2D) array factor is a special case of 3D, so that ¢
is 90°. Fig. 6 shows that for a linear array F,(6,¢) is rotationally
symmetric about the axis it is placed.

In general, the isotropic antenna element antenna is a
mathematical fiction, and it can radiate or receive energy
uniformly in all directions. All practical antenna elements have
nonuniform radiation patterns. On the other hand, practical
antenna elements include, for example, conductor loss,
dielectric loss, surface wave excitation as well as losses due to
feed lines and associated feed circuitry [10]. In this paper, we
assume the ideal isotropic antenna elements.

1
Power
) amplifier
a1y ,
Power

amplifier

IF/RF
mixer

NA
Power
amplifier

T - j(N e
Ay, e

Figure 5. Complex envelope model of a linear antenna array.
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Figure 6. 2D (upper) and 3D (lower) array factors.

The main beam of an antenna radiation pattern is the lobe
containing the direction of maximum radiation power. If the
antenna element spacing d is too large compared to the
wavelength 4, a second main lobe can appear in the antenna
array factor. The extra main lobes are referred to as grating
lobes (see Fig. 7), and to prevent them, we have to select

d 1

< — .

A 1+[sing)|
In this paper, we assume ideal antenna element spacing, but in
practice the antenna element spacing has to be precise,
especially at high frequencies. For example, the wavelength 4
in (12) is only 5 mm at 60 GHz.

When there are amplitude distortions in the antenna
elements, we can rewrite the amplitude weighting as

(12)

A = Ag, (13)

where & is an amplitude error factor. If there are errors in the

progressive phase shift ¢, between the antenna elements, we

can rewrite the progressive phase shift as
’

a.=a,+v, (14)

where v; is a phase error between the antenna elements as
shown in Fig. 8.
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Figure 7. Grating lobes with element spacing d = 0.94.

T

\

Yy

Figure 8. Ideal progressive phase shift (left) and errors v;and v; i #/, in
progressive phase shift (right).

The amplitude distortion in the input of an antenna array, or
equivalently & = &, generates error in the level of the main
beam. There are also changes in the shape of sidelobes if each
antenna element has own and big enough amplitude distortion,
i.e., & # &. The direction of the main beam changes if there are
different phase errors v; # v; between the antenna elements.
The above statements are illustrated in Fig. 9 and Fig. 10.

In practice, there are always some differences between the
antenna elements even if they are designed to be similar. Thus,
the nonlinear amplifiers with different AM-AM and AM-PM
conversions generate errors in the level of main beam and in
the direction of the main beam, respectively. For the
simulations, the AM/AM and AM/PM conversions of Saleh’s
nonlinear amplifier model [16] are set to deviate maximally 20
per cent. As shown in Fig. 11 and Fig. 12, the deviations are
assumed in the 1-dB compression point where the input
amplitude results in a 1-dB decrease in gain referenced to the
amplifier’s linear gain. However, the variation of antenna
elements highly depends, among others, whether or no the
elements are integrated into the same die in silicon. A careful
device to device design on a single die may lead to deviation of
only a very few per cent.

When there is a common phase error between the antenna
elements, i.e. v; = v, the progressive phase shift remains, and
thus there is no error in the array factor. This is also true when
the oscillator exhibits phase noise in the RF mixer at the input
of the antenna array (see Fig. 1).

+180°8 165°

Figure 9. Impairments due to amplitude distortions in the antenna elements.

1657 1ggo8 165°

Figure 10. Impairments due to phase errors between the antenna elements.
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Quadrature component

B.  Impairments in signal design

Even though the array factor seems to be undistorted or
only slightly distorted, the signal constellation can be
dramatically distorted. The oscillator’s phase noise at the input
of the antenna array has a very large impact especially when
the alphabet size M is large in QAM and OFDM subcarrier
constellations. The effects of infinite power Wiener and finite
power ARMA phase noises [4] on the signal constellation are
illustrated in Fig. 13.

The effects of nonlinear amplifier with memory on the
signal constellation are shown in Fig. 14. Due to memory each
point of the signal constellation becomes a cluster showing ISI.
The saturation may mean that the constellation points are not
on a rectangular grid as in the original constellation. This
phenomenon is called as warping.

Finally, when the constellation is distorted, the bit error rate
may be significantly degraded. Also, if the signal is distorted,
this may have indirect effects also on synchronization and
estimation in the receiver.
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Figure 13. 16-ary QAM constellation distortion due to Wiener (left) and
ARMA (right) phase noises.
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Figure 14. 16-ary QAM constellation warping with clusters.

V. CONCLUSIONS

In this paper we studied the effects of nonlinear analog
parts in beamforming. The system model for the linear antenna
array was first presented, after which the signal design in the
presence of nonlinearities were discussed. Finally, the distortions
in the beamforming and signal constellation were demonstrated
using array factor graphs and constellation diagrams.

A common method to avoid distortions of nonlinear
amplifiers is to use MSK modulation whose complex symbols
have constant envelope and the real bandpass signal has PAPR
of 3 dB due to sinusoid. Linear M-ary modulations require
additional pulse shaping, and our simulation results showed
that PAPR is about 8 dB and 10 dB for QPSK and 64-QAM,

respectively. With the large values of subcarriers the PAPR
increases for OFDM, but on the other hand, the peak values
occur with very low probability.

The array factor represents the far-field radiation pattern of
an array of isotropically radiating elements. We illustrated that
when the separate antenna elements include nonlinear
amplifiers with different AM-AM and AM-PM conversions,
there are errors in the level of main beam and in the direction
of the main beam, respectively. If the antenna element spacing
is too large compared to the wavelength, a second main lobe
can appear in the antenna array factor. Finally, we concluded
that even though the array factor seems to be only slightly
distorted, the signal constellation can be dramatically distorted.
For example, the oscillator’s phase noise at the input of the
antenna array does not cause any distortions on beamforming,
but the phase noise has very large impact on the signal
constellations.

The focus of this paper was to study the effects of nonlinear
analog parts in beamforming. On the other hand, radiation from
antenna elements in an array differs from isolated because of
mutual coupling between elements [10]. For example, the
amount of coupling that is tolerable between power amplifiers
is an interesting research topic in the future.
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1. Introduction

In telecommunications the performance is normally
measured in terms of spectral efficiency and energy or
power efficiency since frequency and energy are seen as
the most important resources. Energy or power is a good
measure of the complexity [1] but it must be traded off
against the spectral efficiency. When the spectral efficiency
is increased, the energy or power efficiency is decreased
and vice versa. Tamed frequency modulation (TFM) [2] is a
known spectrally efficient constant amplitude continuous
phase modulation (CPM) scheme [3]. Spectral out of
band radiation in the TFM is very small compared with
other known CPM techniques such as the minimum shift
keying (MSK), Gaussian minimum shift keying (GMSK),
continuous phase frequency shift keying (CPFSK), and
Gaussian frequency shift keying (GFSK). An extension [4]

* Corresponding author. Tel.: +358 40 5890642; fax: +358 20 7222320.
E-mail addresses: markku.kiviranta@vtt.fi (M. Kiviranta),
aarne.mammela@vtt.fi (A. Mammela).

1874-4907/$ - see front matter © 2013 Elsevier B.V. All rights reserved.
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of TFM, called generalized tamed frequency modulation
(GTEM), provides flexibility to trade off an increased
spectrum leakage into neighboring bands for a lower bit
error rate (BER), and vice versa.

Due to the constant amplitude, TFM allows the power
amplifier to operate at or near the saturation level thus
maximizing power efficiency. Due to high spectral and
power efficiency, TFM is an attractive choice for use in
high data rate satellite, cellular, point-to-point or point-
to-multipoint links all requiring linear performance from
their RF transmitters. Deep space communications present
also special challenges including the very low signal-
to-noise ratio (SNR) caused by the limited transmission
energy of space probe and the huge energy loss by the
remote transmission [5]. Since a TFM modulator can be
simply realized by using a frequency modulator (FM), it
makes low cost small size transmitters possible, especially
for satellite downlink and terrestrial uplink from terminals
to a base station.

Single carrier frequency division multiple access (SC-
FDMA) is the uplink multiple access scheme in 3GPP
Long Term Evolution (LTE). Compared to multicarrier
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orthogonal frequency division multiple access (OFDMA)
in downlink, the SC-FDMA has the lower peak-to-average
power ratio (PAPR) due to its single carrier structure. In the
literature, suitability of CPM OFDMA [6] and CPM SC-FDMA
modulation techniques for achieving constant envelope is
studied, and the TFM is an interesting candidate [7].

The drawback of the TFM implementation via the FM
modulator is the deviation sensitivity of the modulation
index during the transmission. For TFM the index is
calibrated to have a nominal value 0.5, but it can drift
due to the temperature variations of analog components.
The deviated index generates time varying phase jitter,
which may cause substantial performance degradations
in a coherent receiver. The other type of transmitter for
TFM is based on a quadrature modulator, and in digital
implementation the in-phase and quadrature components
are read from look-up tables. The two parts of the
quadrature modulator should have the same amplitude
and phase characteristic in order to avoid the amplitude
and phase imbalances [2].

In this paper we assume simple FM implementation,
and in the original paper of TFM [2] it has been proposed
that the measuring and controlling of the modulation
index should be made in the transmitter itself. In that way
the nonidealities of the channel could be avoided at the
cost of the complex transmitter. By assuming the demand
of a simple transmitter we only concentrate on techniques
available in the receiver. In general, the estimators can
be categorized in blind or non-data aided (NDA), data
aided (DA), and decision directed (DD) methods. While DA
and DD techniques offer better acquisition and tracking
capability, NDA methods are preferred when the data or
preamble and the decisions are not available or reliable.

In the literature, blind estimators of the modulation
index are proposed, e.g., for passive listening in the military
applications [8-10]. The estimators require the prior
knowledge either of the symbol period, the time of the
arrival, the carrier frequency, or the frequency offset. The
blind techniques need usually a large number of received
samples to calculate complex statistical properties. For
example, the uses of theoretical autocorrelation functions
and higher order cumulants are proposed in [11,12], and
the methods are originally aimed for the CPFSK format
of CPM. According to [13], it seems to be extremely
intractable task to define the autocorrelation function for
the TFM.

In this paper we concentrate on coherent DA and DD
CPM receivers due to the expected better bit error rate
of detection. The estimation of the modulation index in
a noncoherent receiver is discussed in [14], and the idea
is to perform detection for a small number of different
index hypotheses and after some estimation period choose
the hypotheses yielding the maximum metric. Especially,
in a coherent CPFSK receiver [15], per-survivor processing
(PSP) carrier phase estimation [16] is used to compensate
the phase jitter caused by the deviated modulation index.
However, we show with simulations that if the modulation
index deviation of TFM is high enough, the mere carrier
phase estimation is not enough. Iterative decoding for
coded and interleaved CPFSK signals is considered in [17],
and the PSP is integrated into a Soft-Input Soft-Output

(SISO) demodulator in [18]. The fundamentally drawbacks
are the complexity of the iterative process and the problem
that the PSP SISO algorithm needs the knowledge of the
transmit modulation index value.

This work is the first to present algorithms and per-
formance results to measure and control the modulation
index of TFM especially in the coherent receiver. Since
the optimal maximum likelihood (ML) demodulation of a
TFM signal involves a complex Viterbi algorithm, a reduced
state sequence detector (RSSD) [19] is first applied and a
receiver structure for the carrier phase estimator is intro-
duced. We then show that the measured performance re-
sults meet well the theoretical bit error probability of TFM.
The principle of the modulation index estimator is origi-
nally described in our patent [20]. The idea is to measure
the phase transitions in the receiver and derive the esti-
mate by comparing the result to the coding rule of the
TFM signal. The index estimate has acquisition and track-
ing ability, and it can be used to replace the nominal mod-
ulation index value. In this work several steps are taken
to optimize the performance of the joint RSSD and PSP re-
ceiver with the modulation index estimator, and we show
that the proposed method has less than 1 dB performance
degradation compared to around 4.5 dB exploiting only the
PSP.

The paper is organized as follows. First the system
model is presented, after which the performance degrada-
tions due to the deviated modulation index are discussed in
a known additive white Gaussian noise (AWGN) channel.
Then the novel method to estimate the modulation index
inthe receiver is presented, and the performance is verified
through floating point simulations. Finally, conclusions are
drawn.

2. Signaling with joint detection and carrier phase
estimation

2.1. Transmitter structure

The complex envelope of general CPM signal [3] is given
by
s(t) = 0O, (1)

The information-bearing phase ¢(t) during the symbol
interval kT < t < (k4 1)T has the form

o) = n(t, G) + P (2)
where
k
n(t, G)=2wh Y aig(t —il) 3)
i=k—L+1
k—L
Dy = |:rrh Z a,-i| mod 2. (4)

In the above equations «; are M-ary data symbols and C;, =
(Ctk—1+1, - -+ > 0k—2, k1) and &y denote the correlative
and phase states of the modulator, respectively. The mod-
ulation index is denoted by h, and the phase pulse of the
modulator is normalized so that

() = {(1)/2t St g IT. ®)
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Fig. 1. FM modulator implementation.

The derivative dq(t)/dt = g(t) is the frequency pulse of
the modulator. The frequency pulse has the length of L
symbol intervals. If L = 1, the scheme is called full re-
sponse CPM. In other cases (L > 1), the scheme is called
partial response CPM. By choosing different frequency
pulses g(t) and varying the parameters h and M, a great
variety of CPM schemes such as MSK, GMSK, CPFSK, GFSK,
and TFM can be obtained. The TFM is a particularly inter-
esting modulation since the spectral out of band deviation
is very low [2].

TFM is a binary (M = 2) scheme with the nominal mod-
ulation index h value of 0.5. The specific coding rule for the
TFM signal at t = kT can be written as

¢(KT +T) — ¢p(kT)
(o]
=27h ) ol +T) = q(m)],
i=—00
k=1, 2,... (6)
in which
(+D)T
q(T +T) — q(T) = / g(tadt
iT
1/8 forli| =1,
{1/4 for |i| = 0, (7)
0 otherwise.
The frequency pulse g(t) is defined in [3] as
1 1 1
g = ggo(f -N+ Zg‘)(t) + ggo(t +7) (8)

where

® [t 1 2 —
~sin| — )| — —
g0 T mt

The different implementation ways of general CPM
modulators are discussed in [ 13]. Fig. 1 shows the FM mod-
ulator implementation, which has low implementation
expenses, and it is very suitable for high data rates. The dis-
advantage is the deviation sensitivity of the nominal mod-
ulation index h during the transmission.

24n¢3
T2

m _ oz
cot (3) — =3 i| ©)

2.2. Receiver structure

In a known AWGN channel the optimal ML detector of
the general CPM signal can be implemented with a bank of
matched filters and the Viterbi algorithm [21]. If the carrier
phase 6 is the only channel parameter, the input signal to
the receiver is

r(t) = &?©@e 1+ y(t) (10)

where w(t) is a complex additive white Gaussian noise.
The filter bank over one symbol interval consists of | =

1, 2, ..., M! filters with impulse responses
—in(r—t, c})
0 elsewhere.

Whenkis0,C) = (@—41, ..., a—p, a_; Yand n'(t, C})isa
realization of (3). The filter outputs are sampled at (k+ 1)T
and are used to produce the statistics

(k+1)T
zl =/ r(t) W' (T — t)dt (12)
kT

for branch metric computation. When the numbers of
correlative G, and phase @ states are denoted as M'~!
and P, the Viterbi algorithm operates totally on a trellis of
PM'1 states, of which the overall state is denoted as S, =
(Cx, ®y). There are M branches stemming from each state,
one for each possible transmitted symbol «y. The general
metric

Me(Sk, @) = Re {Zp(@)e 07} (13)

is assigned to the branch associated with bit decisions &y,
and the algorithm searches for the best path in the trellis.
In general, the bit decisions are delivered with a delay d.

In [19] an RSSD is proposed for partial response CPM
schemes. The idea is to construct a trellis with a reduced
number of states compared with the ML trellis, and to use
this reduced trellis in the Viterbi decoder. In more detail,
the Viterbi algorithm searches the data only from the
correlative state C, diagram and is thus simpler than the
full-state Viterbi algorithm. Although the phase state @ is
not included in the trellis diagram, the phase state must be
estimated from the survivors in the Viterbi algorithm.

Let us assume next that the only unknown parameter
in the receiver is carrier phase 8. When data symbols oy
are known in the receiver, the so-called data aided (DA)
method is used and the associated likelihood function
becomes

2F Lo—1
A(r]9) —exp{ = ZRe Zi(ap)e f<9+¢k>}} (14)

where L is the observation length and 6 is the carrier phase
estimate. Clearly, the maximum of A(r|6) corresponds to
the maximum of the sum in (14). Thus, setting the partial
derivative of the sum to zero yields

Lp—1

Z Im { zk(ak)e-f<9+¢k>} 0. (15)
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Fig. 2. Joint RSSD and PSP carrier phase estimation receiver.

Fig. 3. Constellation points and phase transitions when h = 0.4 (a), h = 0.5 (b)and h = 0.6 (c).

To solve (15) the k-th term in each sum is used as an error
signal to update the current estimate of 6. If the known
data symbols « are replaced with the decisions from the
best survivors &,_g4, the so-called decision directed (DD)
method is used. Finally, the next first order loop equation

Or1 = B+ yoeq (k — d) (16)

can be achieved where y; is the updating constant with
otk — d) =Im [Z_g(@ eI -atoo]. (17)

A large d entails more reliable decisions but also large
delays in the loops [21].

In [16] a PSP carrier phase estimation technique has
been proposed to be very suitable in the presence of time
varying phase jitter. In the PSP principle, the idea is to
use the Viterbi algorithm with as many carrier phase esti-
mates (16) as there are phase states P, and the estimation is
done for each survivor independently from each other. Fi-
nally, Fig. 2 shows the block diagram of the proposed joint
RSSD and PSP carrier phase estimation receiver. In order
to emphasize the subject that there are independent phase
state and carrier phase estimators in the receiver, the cor-
responding phase rotators are also presented separately,
but they can be combined in the real implementation.

2.3. Measured results in a known AWGN channel

In the original paper of TFM [2] the length of the trans-
mitter’s frequency pulse Lty is truncated to be 5 symbol
intervals. The solid lines with stars in Fig. 3 show eight con-
stellation points and phase transitions {0, £ /4, £ /2}
for the TFM signal with the nominal modulation index
value 0.5. The separate lines with circles and squares illus-
trate the modulation index values 0.4 and 0.6, respectively.
In general, the modulation index values 0.4 and 0.6 mean
the generalized TFM (GTFM) signals [4]. Since the number
of constellation points depends on the modulation index
value, it actuates the implementation of A/D and D/A con-
verters, too.

Theoretically, increasing the modulation index value h
leads to a better BER performance since the minimum Eu-
clidean distance increases, but at the cost of signal band-
width expansion [3]. For ideal coherent transmission over
the AWGN channel, the bit error probability for the binary
CPM signal at high signal-to-noise ratios can be approxi-
mated as

Py &~ Q,/d%, .Es/No (18)

where Q (+) is the Gaussian Q-function, d2.. is the squared

? “'min

minimum Euclidean distance and E/Nj is the signal-to-
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Fig. 4. Theoretical versus measured BER with different modulation index values.

noise ratio (SNR) per bit. For the TEM d2, is observed to be
1.58in [22]. Fig. 4 shows that at the high SNR the measured
BER results meet the theoretical bit error probability
(18) very well even though the length of the receiver’s
frequency pulse L is truncated to be 3 symbol intervals.
The shorter frequency pulse corresponds to a filter bank of
8 filters (11). In the simulations the bit decisions delay d
was 9 and the carrier phase estimation was deactivated. In
general, the exact error probability is difficult to analyze
because the RSSD receiver [19] requires inherently phase
state estimation with a decision feedback (see Fig. 2). The
error propagation is causing additional bit errors at the low
SNR, and especially, when the modulation index is high.

2.4. Measured results in the presence of phase jitter

Ideally, the modulation index of the TFM signal is cal-
ibrated to have a nominal value 0.5, but it can drift due
to the temperature variations. The alteration in the nom-
inal index value causes the change in the bandwidth of the
transmitted TFM signal. On the other hand, when there is
a mismatch between the modulation indexes of the trans-
mitter and the receiver, the deviation errors have a time
varying phase jitter type characteristic. In the coherent re-
ceiver the phase jitter may cause substantial performance
degradations as discussed next.

Apart from noise and some intersymbol interference
(ISI) due to the receiving filter, the phase jitter of the TFM
received signal at symbol time t = kT can be written as

3 1
eo(kT) = m(h' —h) {ak—Z %1t Zaki

k—3
Fa —h) Y e

i=—3

(19)

where I’ is the deviated modulation index and «j is the
binary data with the values of 1. Due to the central limit
theorem, the phase jitter is approximately Gaussian and its
mean is zero. The variance can be expressed as

op(k) =7 (W —h)* Y |aif? (20)

where c; are the coefficients of the binary data symbols in
(19) as

Ck—2 = +1
Ck—1 = £3/4
k—1 / 21)
Cx = :|:1/4
¢ ==1
Finally, by combining (20) and (21) we obtain
13
o (k) = m* (W — h)? {§ +k}. (22)

Since there is no modulo operation, the phase jitter
itself can be approximated asymptotically as a Wiener
process [21] since the variance is increasing linearly all the
time when k — oc.

In [15], the PSP technique is used to compensate the
phase jitter due to the deviated modulation index of the
CPFSK format of CPM. Fig. 5 shows the phase jitter caused
by the deviated modulation index " = 0.45 in TFM. The
same figure illustrates also the PSP carrier phase estimates.
Known data (DA) is assumed to be used in the receiver dur-
ing the preamble of 31 bits. The preamble is assumed to
be a pseudo-random m-sequence. Otherwise, the bit deci-
sions (DD) are used with the delay d = 9. The updating
constant ¥, = 0.49 in (16) is experimentally optimized
at the SNR per bit value 11.5 dB that corresponds the the-
oretical TFM BER at 1076, The figure shows that the PSP
can follow the shape of the phase jitter curve. On the other
hand Fig. 6 shows that the BER performance is, however,
decreased around 5.5 dB compared to the nominal index
value 0.5 and 4.5 dB if the index value 0.45 is known in the
receiver, i.e., GTFM signaling with the modulation index
0.45. A curiosity BER is approximately 0.5 if the PSP esti-
mation is not used at all for the deviated modulation index.

3. Method to estimate the modulation index in the
receiver

3.1. Principle of the novel algorithm

Next we present a novel method to measure and con-
trol the modulation index of the TFM signal at the receiver.
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Fig. 6. BERin the presence of phase jitter and PSP estimate when h’ = 0.45.

The method is based on the coding rule (6) so that, combin-
ing it with (7), we can determine the ideal phase transitions
Y1 for TFM as

Vi1 = ¢(kT +T) — ¢(kT)

1
nh(

1 1
—Q—1+ Eak + Z(xk-H) )
k=1, 2, .... (23)

4
Accordingly, the phase transition Table 1 can then be cre-
ated since TFM is a binary modulation. In the receiver, the
phase transition estimates ;1 are for one measured as

Vg1 = ST +T) — G(KT) (24)

where ¢ (kT) is the phase of the received signal at t = KT.
By comparing the estimated phase transitions with ideal
ones in Table 1, an estimate f1 for the modulation index can
be calculated. Heuristically, the next first-order loop can
also be determined

b1 = By + ney (25)

Table 1
TFM phase transitions.

01 o ey 1 Ykt

1 1 1 wh
-1 — -1 —mh

1 —1 1 0
-1 1 —1 0

1 1 -1 7hy2
-1 1 1 7hy2

1 -1 -1 —xh/2
-1 1 1 —xh/2

where 7 is the updating constant and the error signal ey, is
defined by using the relation

- ~ 1 1 1
Y1 = 7 (he + ex) (deq + % + Z(xk-H) (26)
so that
i1 — whib
e = WYiy1 — whiby (27)

ﬂbk
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transitions
t=kT
and
1 1 1
by = 2%-1 Tt %t g (28)

The calculation of (27) is neglected and the loop (25) is not
updated if by = 0. When necessary, the bit decisions &
(DD) can replace the known data bits « (DA). The updat-
ing constant 1 can be determined by using the normalized
noise equivalent bandwidth B; T of the loop as
nA

2(2 — nA)
where A denotes the slope of the S-curve at the origin [21].

Fig. 7 proposes the digital implementation for the joint
RSSD and PSP receiver with a separate modulation index
estimator. The received signal r(t) is first fed to an anti-
aliasing filter (AAF) (11) with phase equal to zero, and
the filter outputs are sampled at symbol time t = KkT.
Timing synchronization is assumed to be ideal, and the
samples are transferred to a discretized filter bank of
Fig. 2. In the DD mode, the modulation index is estimated
using bit decisions &y_g4 from the RSDD and PSP carrier
phase estimator, but there is no PSP principle in the
modulation estimator itself. The estimated modulation
index value hy, can be used for the controlling purposes in
two ways. The receiver can, of course, send information
on the current estimate to the transmitter, and based on
that information the transmitter then adjusts the current
index value towards the nominal one 0.5. On the other
hand, or in addition, the estimated index value can be
used for in the receiver itself. The ML receiver structure
for TFM signaling in Section 2 is based on the nominal
modulation index value: h is 0.5. However, we propose
that the nominal value in the ML receiver is replaced with

the current estimate flk. In more detail, and as shown in
Fig. 7, the modulation index estimates are used to adapt
the filter bank impulse responses (11) and phase states (3).
The receiver is actually tried to be matched to the current
modulation index value of the transmitter. Finally, the PSP
carrier phase estimation can be used to compensate the
residual error in the modulation index.

B,T (29)

3.2. Simulation results with open loop

Let us next assume that there is no feedback between
the receiver and the transmitter, and the iteration loop (25)
is opened as

_ Y

h :
k T[bk

(30)

The running average hy can be expressed as

- 1 -
b= 3 (31)

=1

where the parameter K denotes the number of selected bit
and AWGN sequence combinations and

i} 1 K.
hyj = —— hij. 32
k.j 1—|—k o ij ( )

Finally, the standard deviation can be determined as

1T &K
= | — hy i — hy)2. 33
Ok 1 j;( ki — M) (33)

Fig. 8 shows the simulation results for hy and hy — oy
when K = 5 and SNR per bit is 11.5 dB. The bits ay
are also assumed to be known (DA) in the receiver. As
the simulation results show, hj, approaches the current
value of h, when the averaging time increases when k —
o0. The memory of the open loop method is infinity. The
drawback of this is that the error events of the estimation
are also kept in the memory. At the end of the assumed
preamble of 31 bits, Table 2 can be created for 95%, 99%, and
99.9% confidence limits. Finally, Fig. 9 shows the simulation
results in a form of S-curve, and as the figure shows, very
accurate results are achieved for the modulation index
estimate.

3.3. Simulation results with closed loop

Let us next assume that the iteration loop (25) is now
closed, and the error signal e is calculated as presented
in (27). Using the normalized noise equivalent bandwidth
of the loop B;T (29), the updating constant 1 can be
determined. From Fig. 9 we can see that the slope A is 1
at the origin. Fig. 10 shows modulation index estimates h
when B, T = 103 or B,T = 10~*and SNR per bitis 11.5 dB.
For convenience, all the bits «; are assumed to be known
(DA)in the receiver. The simulation results show that when
the length of the transient state is increased, the jitter of
the loop decreases and vice versa. The adjustable rate of
change for the closed loop is very useful, especially in the
case of time varying h. Also a possible initial value h;,;; of
f can be efficiently used. In the presented simulations hjpj¢
is 0.5.
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Table 2
Normal distribution confidence limits at the end of preamble 31 bits.
h M h — h o 095 = 1.9607 099 = 2.5807% 0999 = 3.290%
0.55 0.57 —0.02 0.04 0.08 0.10 0.13
0.50 0.51 —0.01 0.03 0.06 0.08 0.10
0.45 0.44 +0.01 0.03 0.06 0.06 0.10

estimated modulation index

o
o

= running average
-------- running average minus standard deviation

o
o 8]
T

. Open loop modulation index estimate.

estimated modulation index

I
0.45

035 0.4

i i
05 055 06
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Fig. 9. S-curve for modulation index estimate.

Fig. 11 shows the closed loop performance results when
the DA mode has been used only during the preamble of
31 bits, and right after that the BER is measured in the
DD mode with a decision delay d of 9. The transmitter’s
deviated modulation index h’ is 0.45 and the initial
estimate hj,; in the receiver is 0.5. The simulation results
depend on the updating constant y; in the PSP algorithm
(16) and the value B;T. In more detail, the PSP carrier
phase estimation is used to compensate the residual error
in the modulation index. For the simulations the value yj is
experimentally optimized at the SNR per bit value 11.5 dB
so that yy = 0.17 when B;T = 1073, 9 = 0.16 when
B,T = 10~*and y, = 0.25 when B,T = 107>,

As the figure illustrates, the performance degradation is
less than 1.0 dB at BER 1076 compared to the results when
the index value 0.45 is known in the receiver, i.e.,, GTFM
signaling with the modulation index 0.45. Especially at the
low SNR, error propagation is causing additional bit errors.
As Fig. 2 shows, the RSSD inherently includes the phase
state estimation with a decision feedback. On the other
hand, Fig. 7 illustrates that the modulation index estima-
tion is based on the bit decisions in the DD mode. There
is also an interaction between the two estimators, and the
loops influence each other. The estimators’ performance
can be improved by increasing the length of the pream-
ble in the DA mode, but on the other hand, the overall
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data throughput decreases since the ratio between the
transmitted preamble data and the transmitted payload
data is getting larger. Increasing the decision delay d in-
creases the likelihood of correctly decoding the sequence,
but at the same time incurs a greater delay in the decoded
bits. With the presented compromise parameters values,
the advantage of a separate modulation index estimator
over exploiting only PSP carrier phase estimation is, how-
ever, evident. Based on Fig. 6, the performance gain is about
3.5dB.

Related to Figs. 11 and 12 shows in more detail the
closed loop modulation index estimates as a function of
time. As the estimates show, the compromise between the
length of the transient state and the loop jitter has to be
made. If the transient state is lengthened, more bit errors
can occur during that time, but the loop is less sensitive to
AWGN. If the transient state is shortened, the loop is more
sensitive to AWGN. On the other hand and clearly, the more
accurately the modulation index is known in the receiver,
the slower the estimation loop can operate with a smaller

5 6 7 8 9 10 11 12
SNR per bit

13 14 15 16 17

DA and DD BER performances for modulation index estimation.

value of B; T, and the better BER performance result can be
expected.

Finally, even better BER performance results could be
expected if a feedback between the receiver and the
transmitter exists. In that case the receiver sends the
information on the current estimate of the modulation
index to the transmitter, and based on that information
the transmitter adjusts the current index value toward
the nominal value 0.5. This additional control would also
adjust the bandwidth of the transmitted TFM signal toward
the ideally expected one. The drawback is, however, the
increased complexity of the transmitter.

4. Conclusions

We have presented algorithms and performance results
to measure and control the modulation index of TFM es-
pecially in the coherent receiver. Since the optimal ML
demodulation of a TFM signal involves a complex Viterbi
algorithm, a receiver structure for the low complex RSSD
was first introduced, and we showed that the simulated
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performance results and the theoretical bit error proba-
bility meet well in a known AWGN channel. In simple
FM transmitter implementation, the nominal modula-
tion index value can drift due to the temperature varia-
tions of analog components, and the deviation generates
time varying phase jitter causing substantial performance
degradations. We illustrated with simulations that if the
modulation index deviation is high enough, the earlier pro-
posed mere PSP carrier phase estimation is not enough for
the jitter compensation. A novel particular modulation in-
dex estimator was then presented, and it measures phase
transitions in the receiver and derives the estimate by com-
paring the result to the coding rule of the TFM signal. The
proposed estimator has acquisition and tracking ability,
and the receiver actually tries to be matched with the cur-
rent modulation index value of the transmitter. The pro-
posed modulation index estimator is thus not valid only
for TFM but for GTFM signaling, too. Finally, several steps
were taken to optimize the performance of the RSSD and
PSP receiver with the modulation index estimator, and we
observed that the proposed method has less than 1 dB per-
formance degradation compared to around 4.5 dB exploit-
ing only the PSP carrier phase estimation. The performance
could even be more improved by the use of coding tech-
niques, but this task is left for further work.
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considered in an additive white Gaussian noise (AWGN) channel, in which phase offset
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1. Introduction

According to the Shannon-Hartley law the basic re-
sources of a transmission system are the transmitted
power and the bandwidth. In general, the resources are
tried to economize by using error control coding and mod-
ulation methods which have historically been treated as
distinct subjects [1]. However, in his visionary paper of
1974 Massey [2] surmised that treating error control cod-
ing and modulation as an integrated entity would al-
low significant coding gains to be achieved over power
and bandwidth limited systems. The first practical coded
modulation scheme was proposed by Imai and Hirakawa
1977 [3], followed by Ungerboeck 1982 [4], who intro-
duced first the term TCM. The original trellis codes based

* Corresponding author. Tel.: +358 40 5890642; fax: +358 20 7222320.
E-mail addresses: markku.kiviranta@vtt.fi (M. Kiviranta),
aarne.mammela@vtt.fi (A. Mdmmeld).
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1874-4907/© 2015 Elsevier B.V. All rights reserved.

on one- and two-dimensional signal constellations and
from the 1980s to the present numerous publications have
appeared in the literature. Multidimensional trellis codes
were first used by Wei [5] and Calderbank and Sloane [6].
The TCM schemes have applied for satellites, cellular and
personal communications services (PCS), as well as for HF
tropospheric long range and high speed short range com-
munications among others. A recent paper [7] studies the
TCM also for flash memories. In this work, we concen-
trate on a two-dimensional 32-CR TCM scheme that has the
asymptotic coding gain of 4 dB compared to 16-quadrature
amplitude modulation (16-QAM), and which is adopted by
the ITU Telecommunication Standardization Sector (ITU-T)
in the V.32 standard for high speed modem:s.

PSP provides a general framework for the approxima-
tion of maximum likelihood sequence estimation (MLSE)
algorithms whenever the presence of unknown channel
parameters prevents the precise use of the classical Viterbi
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algorithm. In the classical PSP estimation, the symbol se-
quence associated to each survivor is used as the data-
aided (DA) sequence [8]. In multiple survivor technique,
aka joint data and channel estimation (JDCE) [9], each trel-
lis state can have more than one survivor each having own
estimator. The multiple state techniques [10] in turn, con-
vey the idea that for every known channel state, there are
several states in an expanded trellis. In contrast a reduced
survivor technique at the cost of decreased performance is
proposed in[11].In this work we assume that the unknown
channel parameter for the PSP estimation is carrier phase.

According to [12], TCM schemes are more sensitive to
phase error than the corresponding uncoded modulations.
At a given energy, the signal points in the constellation
are close to each other as the alphabet size M for the
transmitted symbols gets larger, which for a given phase
perturbation is more likely to cause errors. In multiple
trellis-coded modulation (MTCM) [13] different alphabet
sizes M for the transmitted symbols are used, and the
carrier phase estimation is obtained only from the smaller
alphabet sizes symbols, which are less sensitive to phase
error. The concatenation of TCM with outer RS coding has
been studied, e.g., in [7]. Each incorrectly chosen path in
the Viterbi algorithm produces an error burst, and the RS
codes are well suited to handle these errors.

The novelty of this paper lies in a simple combined
MTCM, PSP and RS scheme. According to our knowledge,
this is the first paper which considers the performance
of the fully integrated MTCM, PSP and RS system in the
presence of phase noise. The starting point for the study is
the 8-state 32-CR TCM modulation, and the analysis in an
AWGN channel determines the performance boundaries.
For comparison the results for a 16-state scheme is
illustrated, too. When we introduce phase offset or time-
varying phase noise to the system model, the latter type of
noise is assumed to be slowly varying, and it is modeled as
a zero mean, nonstationary, asymptotically infinite power
Wiener process. Phase acquisition (transient state) and
tracking (steady state) performances are studied. To get
better results, the MTCM principle is then applied in a
simple manner, and the method is complemented with
the RS coding. For performance analysis of the combined
MTCM, PSP and RS system a convenient semianalytical
method is presented. Finally, the conclusions are drawn.

2. System model

2.1. General structure of a transmitter and receiver

In this work we concentrate on two-dimensional trellis
codes. Assume that m information bits are to be TCM
encoded per transmitted symbol x, = I,, + jQ,, in which
symbols I, and Q, denote the real and imaginary part,
respectively. In the encoder, m < m bits are expanded
by a rate m/(m + 1) binary convolutional encoder into
m + 1 coded bits. These coded bits are used to select one
of 2™1 subsets of a redundant 2™*!-ary signal set. The
remaining m — m uncoded bits determine which of the
2M~M signals in this subset is to be transmitted [12,14].
Since the V.32 standard serves as a benchmark for other
power and bandwidth efficient schemes, it is a natural base

for this paper, too. A rate-2/3 encoder has the constraint
length v = 3 and the corresponding 8-state trellis code is
used in conjunction with the 32-CR constellation. In fact,
the trellis code of the V.32 is a variant of Ungerboeck’s
original one [4] so that Ungerboeck’s trellis code is linear
while the convolutional encoder in the V.32 modem is
nonlinear [13]. With the linear trellis code, it is only
possible to have either no or s rotational invariance.
Since many carrier phase synchronization methods exhibit
multiples of 7 /2 rad phase ambiguity in the recovered
carrier phase, it is desirable to have fully rotationally
invariant trellis codes [15,16].

If the transmitted pulse of unit energy is selected by
using the Nyquist criterion [17], there is no intersymbol
interference (ISI), and the time discrete model at symbol
interval T at the output of the receiver matched filter can
be expressed as

Zn = Xp + Un (1)

where v, is a discrete time sample of AWGN. The Viterbi
algorithm as an asymptotically optimum decoding tech-
nique for convolutional codes can be used to determine
the coded sequence {fcn} closest to the received sequence
{z,} provided that the generation of sequence {x,} € C
follows the rules of a finite-state machine. In PSP, param-
eters are estimated by incorporating DA estimation tech-
niques into the structure of the Viterbi algorithm. Each
state has a separate estimator based on the survivor, and
the estimators are updated without decision delay. Finally,
a system model is shown in Fig. 1, and the combination of
blocks marked with dotted lines emphasizes the novelty of
this paper. The serially concatenated convolutional and RS
codes are based on the assumption that in an inner con-
volutional code each incorrectly chosen path produces an
error burst that is corrected by the RS. On the other hand,
uncoded M-QAM symbols can be used for synchronization
purposes, and in this work they are employed in the PSP
carrier phase estimation when the MTCM is applied in the
presence of phase noise.

2.2. Performance in AWGN channel

At high signal-to-noise ratios (SNRs), the bit error
probability of linear trellis coding is generally well
approximated [13] by

Nree
P~ SR (a2, mEy /2Ny ) 2)

where Nj is power spectral density of white Gaussian
noise and Nge. denotes the average number of nearest
neighbor signal sequences with free distance dg. that
diverge at any state from the transmitted signal sequence,
and remerge with it after one or more transitions. The
squared normalized free distance can be determined as

> _
__ “free
dfv” - mEb (3)

where E, is average bit energy. For simplicity, we assume
that (3) is 1, and according to [ 18], Nfee is 16 which is also
the limit of large two-dimensional signal “Z,” sets of lattice
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Fig. 1. System model for MTCM, PSP and RC coding.

type with 8-state trellis-code. As a comparison, an uncoded
M-ary QAM, for which m is even, and Gray coded bits are
used [17], is upper bounded at high SNR per bit (E,/Np)
values as

Py ~ %{1—[1—2(1—1/«/271)
< Q/amEm@ - 1)] | @)

Theoretical asymptotic coding gain between 16-QAM
and the linear 8-state 32-CR TCM approaches the value
4 dB [4]. It is also roughly speaking possible to gain
nearly 5 dB with 16 states, and up to 6 dB with 128
or more states [18]. According to [19] the upper bound
(2) error probability is not accurate for the nonlinear
trellis codes such as V.32, and so called distance profile
invariant transformations (DPIT) scheme is used to analyze
performance. For simplicity and since the AWGN channel
determines the performance boundaries for further study
Fig. 2 presents simulation results for the nonlinear 8-
state 32-CR TCM. At high SNR values the performances
of nonlinear and linear trellis codes approach each other
asymptotically, and the asymptotic coding gain 4 dB over
the uncoded 16-QAM modulation can be achieved. Similar
observations have been made in [19]. As a curiosity Fig. 2
shows also the simulated bit error rate (BER) for nonlinear
16-state trellis-coded 32-CR [20]. The code is also invariant
to multiples of /2 but it seems to be difficult to obtain
the asymptotic coding gain 5 dB of the linear one. In the
receiver, the decoding delay D for the Viterbi algorithm is
five times the constraint length of the encoder v and the
differential decoder is used.

3. Joint decoding and carrier phase synchronization

The optimal MLSE receiver represents the optimum de-
coding strategy in a known linear band-limited AWGN
channel [8]. Unfortunately, in many practical communica-
tion systems this ideal situation is not encountered, and a
simplified receiver must be adopted to combat excessive
complexity. We next consider the case where the carrier
phase has to be estimated. According to (1), the time dis-
crete model at the receiver can now be expressed as

Zy = Xneien + vy (5)

where 6, denotes the carrier phase that is assumed to
change slowly during the symbol interval. The standard
approach to approximate MLSE decoding in the presence
of uncertainty is based on DA parameter estimation
techniques using some known symbols. A decision-
directed (DD) carrier phase synchronization loop uses

sim. nonlinear 8—state 32—CR TCM

E =1 linear B-state 32-CR TCM

E=3 uncoded 16—QAM

B Ky . sim. nonlinear 16—state 32—CR TCM
oy g

BER

D“.O ‘ ‘ ‘ ‘ 5‘.0 ‘ ‘ ‘ ‘ 1(‘].0 15‘.0
SNR per bit [aB]

linvsnonl14.cht

Fig. 2. Performances boundaries in an AWGN channel.

tentative decisions from the Viterbi algorithm [4,8]. In this
paper, we concentrate on joint TCM decoding and PSP
carrier phase synchronization. Especially, we consider the
phase acquisition (transient state) and tracking (steady
state) performance of such an application.

For the formal description of the joint TCM decoding
and PSP carrier phase synchronization, let us now denote
the state in the trellis diagram by o, [8] at the nth epoch.
Associated with the state transition o, — 0,41 there is
now a subset, which we denote as X(o, — 0y,41). The
branch metrics are evaluated according to

2

Aoy = Opr1) = min zye 00 _ (6)

xneX(on—>opy1)

where é(an) denotes the per-survivor phase estimate.
Denoting the survivor metrics with I'(o;,), for all succes-
sor states o, 1, the accumulated metrics I"(0y,41) are de-
termined by performing a minimization over the current
states oy,

I'(0p1) = min[I"(on) + A(0n = Ont1)]. (7
n

The survivors terminating in the current states are then

extended by incorporating the transitions that comply

with (7). Finally, per-survivor estimates @(on) are updated
for the transitions that extended the survivors according to

0(0ns1) = B(oy) + nim {znx;e—f%n)} )

where the symbol x, € X(0, — 0,,4+1) minimizing (6) is
used and 7 is a suitable real valued constant.
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3.1. The acquisition performance

First we will concentrate on the phase acquisition
performance in the presence of phase offset. At high SNR,
we assume [8,21] that the best surviving path at any given
time is the correct path. As a result, the loop Eq. (8) can be
expressed in the following compact form

én+] = én + nep (9)
where
e, = Im {znxze’jé”} . (10)

The error signal e, provides a measure of the difference
between the carrier phase 6, and its current estimate én.
The error signal serves to steer the loop (9) and keeps
the above mentioned difference as small as possible. The
average of the error signal, conditioned on a fixed phase
error ¢=0 — 0, is referred to as S-curve, i.e.,

S(¢) =E{en|$} (11)

where 6 and & denote the phase offset and the phase off-
set estimate, respectively. In general, the S-curve provides
information about loop acquisition capability. S-curves
may have several stable points, separated by some fixed
quantity from each other. According to literature the rect-
angular and cross shaped constellations in general have the
periodicity of 7t /2. In general, this kind of phase ambiguity
can be resolved with differential encoding and decoding.
For TCM schemes, S-curves are usually derived by simu-
lations since analytical methods are too complex [23]. Ex-
perimentally S(¢) is obtained by opening the loop (9) and
measuring the time average of the error signal e, in (10),
so that e = 1. The PSP algorithm is thus switched off,
and it has no influence on the simulated results. Finally,
Fig. 3 shows the S-curves of the nonlinear 8-state trellis-
coded 32-CR with error signal (10). The figure confirms
the 7 /2 periodicity, and between the stable points, the
S-curves have extensive dead zones and spurious equilib-
ria that cannot be resolved by differential encoding and de-
coding. If the initial phase error lies in a dead zone, there
is no steering force to lead the loop (9) toward the nearby
correct lock condition and the system will perform a
long random walk before locking. In general these kinds
of occurrences are called as hang-up phenomena, which
occasionally occur during phase acquisitions. Due to the
phase error the 32-CR TCM scheme becomes a catastrophic
code [22]. Similar observations are presented in [23] where
the S-curves for the linear trellis coded M-ary phase shift
keying (PSK) are illustrated. The main difference is that the
PSK constellations have a periodicity of 27 /M.

From Fig. 3 we can observe that the two-sided
operational range of the S-curve has roughly the value
0.4 rad, if no AWGN has been assumed. From Fig. 1 we
can for one note that the minimum angle between two
signal points, which have the same amplitude is also about
0.4 rad or 23°. As a conclusion, the phase error of about
0.2 rad or 11.5° can cause undesired results, as Fig. 3
shows. In the presence of noise, the situation can be even
worse. In [23] it is mentioned that changes in the error

E=3 s-curve, no AWGN
E =13 s-curve, SNR per bit 11 dB

S—curve [rad]

| ' ' ' ' | ' ' ' ' | ' ' ' '
0.0 0.5 1.0 1.5

phase error [rad]
origscul4.cht

Fig. 3. The S-curve of the 32-CR TCM.
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S—curve [rad]

| ' ' ' ' | ' ' ' ' | ' ' ' ' |
0.0 0.5 1.0 1.5

phase error [rad]
tem4psk14.cht

Fig.4. The S-curve of the 32-CR MTCM.

signal e, (10) are needed to prevent spurious equilibria,
which may exhibit in the S-curves. For example, in [24-26]
several error signals are proposed. However, after several
simulations and analyses we can claim that the changes in
the error signal do not give any better results.

Fig. 4 shows the S-curve when the earlier mentioned
MTCM [13] principle is applied in such a way that every
ninth symbol is a non-coded 4-QAM symbol, and the
amplitude of the added symbols is equal to peak amplitude
of the 32-CR in Fig. 1. As the S-curves show, we can avoid
the problems of the extensive dead zones and spurious
equilibria.

3.2. The tracking performance

We next consider the performance of the joint TCM
decoding and carrier phase synchronization scheme in the
presence of time varying phase noise. In order to determine
the updating constant 5 for the phase tracking algorithm
(9), let us determine the normalized noise equivalent
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Fig. 5. The Lorentzian PSD with different standard deviation o values.

bandwidth of the loop as

T 22 —1nA)
where A denotes the slope of the S-curve at the origin, and
can be determined as follows: If we ignore the noise term

v, in (5) and assume that e = 1in (10), as in the case
of S-curve simulations, we can rewrite the original error
signal (10) as

BT (12)

en = Im {zx7e” } = Im {x,xe” } = Im {E;e”} . (13)
By taking into account that ¢ = cos(@) + jsin(9), we can
express (13) as

en = Essin(f). (14)

The slope A can be finally determined at the origin of the
S-curve as

d
A= £E5 sin(f) = Es cos(0) ~ Es,

The phase noise is modeled as an asymptotically infinite
power Wiener process

0] < 1. (15)

Oni1 =0 1+ ¢n (16)

where ¢, are independent and zero mean Gaussian
random variables with the same standard deviation o [23].
According to (5) the phase noise 6, causes a disturbance
e on the input signal [27]. When the phase noise is
nonstationary Wiener process (16), the spectrum of e’ is
Lorentzian

S(f) = 2/7[7’3""‘2 (17)

1+ (2f/Ben)

where the normalized two sided 3-dB bandwidth or the
phase noise rate is

BenT = 02/27. (18)

As Eq. (18) and Fig. 5 show, the Lorentzian power spectral
density (PSD) becomes wider or narrower with increasing
or decreasing the value of the standard deviation o in (16).
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Fig. 6. The simulated BER for the nonlinear joint 32-CR TCM and PSP.

In the presence of phase noise, the performance of the
PSP algorithm with linear 4- or 8-state trellis-coded 8-
PSK [4] is considered in [23]. In those simulations the
standard deviation is assumed to be 0 = 1.3° and the
normalized noise equivalent bandwidth of the loop (9)
is assumed to be B;,T = 1072, which corresponds a
memory length of 100 symbols. These parameters are also
the starting point for our nonlinear 8-state 32-CR TCM
scheme and in the simulations the transient-state of the
synchronization algorithm is assumed to be overtaken. The
BER results in Fig. 6 show that the performance is bad
when o = 1.3° If the standard deviation is halved, i.e.,
o = 0.65°, somewhat better results are achieved, and the
results are excellent when o = 0.3°. As a rule of thumb
we can also say that fpy < B, i.e., phase noise changes
should be slow compared to the estimator memory length.
In practice, the achieved results indicate stringent phase
noise requirements for oscillators. On the other hand, we
can conclude that 32-CR TCM is more sensitive to phase
noise than the 8-PSK TCM in [4]. As stated earlier, this is
obvious since for a given energy, the constellation density
increases as the alphabet size M gets larger.

When the phase noise is strong, the reason for the bad
performance results seems to be a phenomenon called
cycle slipping [23]. Briefly, assume that the loop (9) isin the
tracking mode and the estimate é,, is fluctuating around the
true carrier phase 6,. Fluctuations are usually small. If the
phase error deviates enough from a stable point in the S-
curve, 6, will be attracted toward some nearby equilibrium
point. When this happens we say that a phase slip has
occurred. A slip implies a net change of én by multiples of
7 /2 rad in the case of nonlinear 32-CR TCM (see Fig. 3). As
a consequence of the phase slip, a burst of errors in the data
detection process occurs. Cycle slips must be rare events in
a well-designed loop.

Fig. 7 shows the phase noise 8, (16) and the correspond-
ing estimate én (9) as a function of symbol intervals, when
o is 1.3° in (16) and SNR per bit is 11 dB in an AWGN. As
the figure illustrates the estimated phase noise én is first
fluctuating around the phase noise 6,, but then a very slow
phase slips starts, and a net change of 0, by 7 /2 rad occurs.
As a consequence of the slow phase slip, a long error burst
is generated, as Fig. 8 shows. The length of burst appears
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Fig. 8. TCM error burst caused by the cycle clipping.

to correspond to one order of magnitude longer than the
estimator’s memory.

In general, phase noise cannot be tracked fast enough
if the estimator’s loop bandwidth (12) is too small. On the
other hand, a large bandwidth makes the loop more sensi-
tive to noise. The PSP algorithm with the same simulation
parameters is used for linear 8-PSK TCM in [23]. Both the
theoretical and the simulation results show the superiority
of the PSP algorithm. For example, the difference is 2-3 dB
in the presence of phase noise witho = 1.3°. However, the
problem of slow phase slips is enounced in [21]. In general,
the PSP algorithm is useful to reduce the slip rates and to
shorten the reacquisition when the loss of tracking has oc-
curred [8]. Therefore, it is obvious that if the conventional
carrier phase synchronization algorithm is used with the
current nonlinear 32-CR TCM, even worse performance re-
sults are achieved.

3.3. Phase tracking with MTCM

Fig. 9 shows the TCM symbol errors when the
MTCM [13] principle is applied so that the carrier phase
tracking is obtained from both 32-CR TCM and 4-QAM
symbols. As the results illustrate, significantly shorter er-
ror bursts are observed and thus, e.g., additional burst error
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no symbol error: 0, symbol error: 1

0.0 T T T T T T
200 400 600 BOO 1000

o

symbol intervals
mtemerrorsl4.cht

Fig. 9. Error burst in MTCM principle.

correction RS could be efficiently used. In the simulations,
every ninth transmitted symbol is an uncoded 4-QAM sym-
bol (see Fig. 1), and the corresponding acquisition S-curve
is presented in Fig. 4. For each state o, of the trellis diagram
in the receiver, the minimum squared Euclidean distances
are now evaluated according to

A 2

A(0n)agav = min ‘zne"s(””-”—pn‘ - (19)
Pn€Pagam

After that per-survivor estimates 9(0,,) are updated

according to

bonr) = bon) + nim {zppe i or-v] (20)

where symbol p, € Psgan minimizing (19) is used. The
suitable constant 5 equals with (8), but may also be un-
equal. When M-QAM symbols are added to the frame of
symbols, the total number of information bits can be ex-
pressed as (F — 1)m 4 mqam in which F is the total number
of symbols in a frame and mgaw is the number of informa-
tion bits in one QAM symbol. In our simulations, the 4-QAM
symbols are used only for phase tracking, and thus they in-
crease the average energy for one information bit. In more
detail, the average energy for one information bit can be
given as

(F — 1E; + Es—qam
(F—1)m
where E4_qam is the energy of one 4-QAM symbol. When
E4_qam is set to equal with the peak energy of 32-CR signal

set, and (3) is 1, the decrease in SNR per information bit is
10 10g10 (Eb/Eb,inf) ~ 0.8 dB.

Epinf = (21)

3.4. Performance with outer RS coding

RS codes are well suited to correcting error bursts.
Therefore, it is expected that MTCM scheme based on
convolutional coding and RS code together will have a
better performance in the presence of phase noise. The
concatenated codes require also a symbol interleaver
between them, and in the case of channels with memory
we may be far from the ideal performance with all tolerable
interleaver sizes.
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According to [28] a very accurate approximation on the
RS bit error probability can be given as

I 7 .
Py, gs ~ % Z (5) %Psi,: (1- Ps.l)l_l (22)

i=t+1

where [ is the length of RS(l, s) code word with k-
bit information symbols s and P ; is the symbol error
probability at the RS decoder’s input. The parameter y
refers to expected number of bit errors in an incorrect RS
symbol at the inner decoder output. The unbiased estimate
can be easily obtained by simulations as
e
g~ (23)
es,l
where e, | and e ; are the total numbers of occurring bit
and symbol errors. Using (23), we can also write

k
Ps ;= —Pp. (24)
14
For the linear 32-CR TCM, the theoretical P, is determined
by means of (2), but for the nonlinear modulations we can
use the simulated BER in Fig. 2. The measured y varies with
the changes of E, /Ny, but as stated in [28], the variation is
not large, and especially in the most interesting range of
BER, it is almost a constant. According to our simulations
y is approximately 2.08 in both AWGN channel and in the
presence of phase noise.

Fig. 10 shows both the semianalytical (22) and mea-
sured BER for the combined MTCM, PSP and RS scheme. In
general, the low redundancy high rate codes are the most
attractive ones, and since the maximum code word length
[ for a RS code is | = 2% — 1, the RS(15, 11) code is se-
lected for simplicity as well as the ideal interleaver. As in
the case of MTCM principle in Section 3.3, the RS coding has
the similar decrease in SNR per information bit, and it can
be expressed as 10 log;, (s/I) ~ 1.3 dB. The MTCM and RS
cause also some increase in bandwidth, if we want to keep
the information bit rate as a constant, and thus there is a
trade-off in parameterization. Finally, as a summary, it can
be said that the combined MTCM, PSP and RS scheme has
around 3 dB advantage at the BER level of 10~7 compared
to the pure TCM and PSP in the presence of phase noise.
Since the measured results meet the semianalytical ones
very well, the proposed approach can be used to determine
the rate of RS coding in detail.

4. Conclusion

The starting point for the study was a 32-CR TCM
scheme for which the theoretical performance analysis and
simulations in an AWGN channel determined the perfor-
mance boundaries. In the presence of phase error, both
phase acquisition and phase tracking performances were
studied. The open loop S-curve simulation results showed
that there are spurious equilibria and extensive dead zones
which may cause a long random walk for the estimator
before locking. The PSP phase tracking was considered in
the presence of a time varying phase noise, modeled as a
Wiener process. In general, the phase noise changes should
be slow compared to the estimator memory length. In
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Fig. 10. Combined MTCM and PSP and RS coding in the presence of phase
noise.

practice, this would mean stringent phase noise require-
ments for oscillators. On the other hand, the results indi-
cate that the 32-CR constellation is itself more sensitive
to a phase error rather than the PSP algorithm. The MTCM
principle was then proposed in a simple manner, and the
method was complemented with the RS coding. Our simu-
lation results show that the fully combined MTCM, PSP and
RS scheme has around 3 dB advantage in the presence of
phase noise. A semianalytical approach was used for per-
formance evaluation, and the method is particularly con-
venient tool to determine the rate of RS coding in detail.
Finally, the work can be extended to any two-dimensional
constellations, and future research will cover the multidi-
mensional trellis codes.
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ABSTRACT

This paper considers constant envelope orthogonal frequency-division multiplexing (CE-OFDM) that is an attractive can-
didate for the future Long Term Evolution over satellite and device-to-device communications in merging public safety and
commercial networks. The constant envelope modulation allows power amplifier (PA) to operate near saturation levels thus
maximizing power efficiency. Because the phase noise transforms just into an additive noise term after the phase detector,
the CE-OFDM has significant advantage compared with phase noise sensitive OFDM. The transceiver power efficiency is
evaluated by measuring the bit error rate as a function of average PA input signal-to-noise ratio so that the effects of the PA
nonlinearities are taken into account in the performance evaluation. Our simulation results show that with a typical non-
linear satellite amplifier, the CE-OFDM has up to 6.0 dB gain compared with the OFDM. This is beneficial especially in a
channel having high attenuation. The consistent gains for the ideally linearized amplifier and common terrestrial three-way
Doherty amplifiers are 2.2 and 2.5 dB, respectively. The enhanced PA efficiency enables battery to be smaller or last longer
in mobiles devices. For CE-OFDM implementation, a simple transmitter and receiver structure with novel direct current
offset removal is presented by keeping in mind that the key factor for the rapid uptake of the future fifth generation systems

is the maximization of technology commonalities with existing systems. Copyright © 2016 John Wiley & Sons, Ltd.
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1. INTRODUCTION

The spectrally efficient multicarrier orthogonal frequency-
division multiplexing (OFDM) is the modulation method
in most of the new wireless standards such as the terrestrial
Long Term Evolution (LTE) downlink. The convergence
of commercial and public safety communications is ongo-
ing. Device-to-device (D2D)-enabled LTE devices may act
as a fallback for rescuer. LTE over satellites will have an
emerging role whenever there is a need for a long-lasting
local area network and no other communication channels
are available. The OFDM is very resistant to frequency
selective fading, but, as a stand-alone high peak-to-average
power ratio (PAPR) modulation, it may be overkill for
the relatively benign line of sight satellite channels and
long battery life D2D communications. The vulnerabil-
ity of OFDM to nonlinear distortions increases the power
consumption in terminals and satellites. In any case, the
key factor for the rapid uptake of the LTE D2D and LTE
over satellite systems is the maximization of the technol-
ogy commonalities. Although commercially launched LTE
over satellite networks exist (e.g. from LEMKO Corp.),

Copyright © 2016 John Wiley & Sons, Ltd.

they are not yet mature and practical. The low (LEO) and
geostationary (GEO) earth orbit satellites have problems
of stability and attenuation, respectively. Single carrier
frequency division multiple access (SC-FDMA) is a low
PAPR variant of OFDM that is used in the LTE uplink and
it is adopted for the digital video broadcasting (DVB) - next
generation handheld (NGH) satellite standard, too. The
constant envelope (CE) OFDM is another candidate where
the frequency modulation (FM) or phase modulation (PM)
creates a fully CE, and compared with the SC-FDMA, it
maximizes PA efficiency. The OFDM-FM was originally
[1] proposed for mobile radios to retrofit inexpensively and
simply existing FM systems, and nowadays, it has potential
for the LTE D2D and LTE over satellite. The D2D was first
limited to critical applications, but it will have an emerging
role in the fifth generation (5G) millimetre wave commu-
nication [2]. The CE-OFDM was studied for the digital TV
over satellite in Japan [3], and in general, the LTE broad-
casting will enable authority information to citizens in the
future.

In general, the FM can be viewed also as PM, and the
spectrum of wideband FM and PM is known to be Gaus-
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sian shaped [4]. Digital narrowband FM signals without
memory have a spectral peak at the carrier [5, 6]. The spec-
tral peak vanishes when memory is added via continuous
phase modulation at the cost of complex maximum likeli-
hood Viterbi receiver, but for simplicity, we are focusing
on the memoryless coherent receiver. The spectral peaks
may create co-channel interference with other signals [7],
and the spectral flatness is one quality parameter in the
LTE. In OFDM, frequency domain equalization is used,
and the estimation is accomplished by transmitting known
pilots with both flat spectrum and CE [8]. The CE-OFDM
has a CE, but there is strong peak at the carrier. High-pass
filtering of the peak distorts the CE nature of the trans-
mitted signal and introduces intersymbol interference [7].
Because the direct current (DC) offset is a mean value, it
can be subtracted [9] from the transmitted signal, but the
subtraction distorts again the CE property. According to
our knowledge, this is the first paper in the literature to
present a dedicated DC offset removal technique for the
CE-OFDM signals at all, and especially at the transmitter.
The proposed novel method is verified via spectrum and
performance simulations.

While the subcarrier data modulation in the terrestrial
OFDM systems is usually quadrature amplitude modula-
tion, the satellite standard supports also binary data mod-
ulation. For example, binary phase shift keying (BPSK) is
a modulation used typically when the signal-to-noise ratio
(SNR) is low and when the robustness is more important
than the high data rate. The recent DVB forward link sec-
ond generation extension (S2X) proposes BPSK for the
very low signal-to-noise ratio GEO scenarios. Because the
BPSK does not belong to the terrestrial LTE family, our
aim is to consider and propose a simple way to add it,
and retrofit existing FM satellite systems for the LTE over
satellite. Recently, the BPSK is seen as also a modulation
candidate for the 5G air interfaces [10], and thus, the binary
modulated CE-OFDM can be investigated for the public
safety and commercial D2D communication.

As a major novelty, we are discussing the CE-OFDM
power consumption in the transmitter and the effects of
the phase noise in the receiver. The transceiver power
efficiency is evaluated by measuring the bit error rate
(BER) as a function of average PA input SNR so that the
effects of the PA nonlinearities are taken into account in
the performance evaluation. Typical nonlinear models for
both satellite and terrestrial PAs are used. We demonstrate
with analysis, block diagrams, and simulations that CE-
OFDM allows for a significant advantage compared with

DC offset
removal .

l X

data

o LTE . FM .

the OFDM, which is well known to be very phase noise
sensitive and requires a highly linear PA.

The paper is organized as follows. First, simple transmit-
ter and receiver structures for the CE-OFDM system are
proposed, after which performance is verified in an addi-
tive white Gaussian noise (AWGN) channel with the LTE
parameters. Then spectral peak caused by the DC offset is
discussed, and a novel removal method is illustrated with
simulation results. Power consumption in CE-OFDM and
OFDM is analysed and simulated using typical models for
both satellite and terrestrial amplifiers. Before conclusions,
the advantage of CE-OFDM structure compared with the
OFDM structure is shown in the presence of phase noise.

2. SYSTEM MODEL AND
PARAMETERS

The system model for the LTE OFDM over satellite is
shown in Figure 1. During an OFDM symbol period 0
< t < T, discrete time multicarrier signal can be given
using the N-point inverse fast Fourier transform (IFFT) as

Xy = %ZL; X, 2N = 0,1, ,N=1 (1)
where n and k are discrete time and subcarrier indices,
respectively, N is the number of subcarriers and Xj are
either uncorrelated frequency-domain M-ary data carriers
of which number is Ny or virtual zero carriers (X = 0).
Because real OFDM signalling is required at the input of
the phase modulator, the frequency-domain OFDM sym-
bols have to satisfy the Hermitian symmetry property
by assuming that N is an even number and by making
the transformation

Xo = Re (Xo)

Xy =X k=1,2,...,N/2—1
Xn/2 = Im (Xo)
Xy—k = X;k=1,2,...,N/2—1

(2

The symmetry means that the spectral efficiency is
halved, but if the binary data modulation is assumed
[11], the Hermitian symmetry can be used at the receiver
through maximum-ratio combiner (MRC). The discrete
cosine transforms [12] and the fast Hartley transforms
(FHT) [13] are also used to furnish a real OFDM signal.
FHT can be simply implemented and expressed as

®

M-ary
decisions

Satellite link - FM . LTE .

Figure 1. Long Term Evolution over satellite via constant envelope orthogonal frequency-division multiplexing.
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XFHT = Real {X;} — Imag {X;} 3)

and the FHT has the property of being its own inverse. The
discrete cosine transforms and the FHT have no symmetry
requirement, but only real constellations such as BPSK and
ASK can be used as in this work.

In PM, the angle is varied linearly with x,, as

¢n = mhxn (C))

where £ is the modulation index, and thus, the resulting
continuous time domain 7 carrier wave at frequency w, can
be given as

rpm (1) = cos [wet + whx(1)] )

Correspondingly, the FM wave can be expressed as

t
repm (f) = cos I:wct + hf x(a)da] (6)
—00
and it is apparent that PM and FM are inseparable as
demonstrated in Figure 2, and PM modulator can be imple-
mented also via FM. In the receiver, the PM wave can be
detected by an FM discriminator followed by an integrator.

By adjusting the modulation index value, there is a trade-
oft between detection performance and spectral spreading.
The need and content of the DC offset removal block
(Figure 1) is presented in detail in the next section of this
paper. In a fading channel, a frequency domain equalizer
is needed prior to phase or frequency demodulation [8],
and the demodulator makes decisions qS,, at the data rate,
and those time domain samples are the input for N-point
OFDM demodulator. For the constant phase error, the fre-
quency transform generates just a DC value to be ignored.
Finally, the system parameters, similar to the values of the
LTE uplink, are shown in Table I.

2.1. Complexity consideration

Single carrier frequency division multiple access is known
to have similar performance compared with OFDM [14].
Because of its inherent single carrier structure, it has lower
PAPR, and it is adopted in the uplink of the LTE. The

Tom(?)

x(t)

Figure 2. Phase modulation modulator via frequency modulation.

Tablel. LTE system parameters for 10-MHz channel bandwidth.

Carrier spacing, 15 Sampling 15.36
Af (kHz) rate (MHz)
Number of data 600 Length of FFT 1024
carriers, Ny and IFFT, N

LTE, Long Term Evolution; FFT, fast Fourier transform; IFFT,
inverse fast Fourier transform.
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main complexity impact in SC-FDMA is the need of addi-
tional FFT and IFFT at the transmitter and the receiver,
respectively. In OFDM, each data symbol occupies a sin-
gle subcarrier, while in SC-FDMA, the energy of each data
symbol is spread over several subcarriers. In CE-OFDM,
there is no additional FFT in the transmitter, but an addi-
tional FFT and IFFT are needed for the frequency domain
equalization in the receiver. FHT-based implementation
requires an extra OFDM symbol addition operation (3) in
the transmitter. Compared with the SC-FDMA, the com-
plexity is thus moved from the transmitter to the receiver.
However, depending on the channel condition such as the
line of sight in the satellite communications, the equaliza-
tion might not be required at all, therefore reducing the
receiver complexity.

2.2. Performance consideration

Theoretically, the single carrier data modulation and the
corresponding multicarrier OFDM signal have an equiva-
lent performance in an AWGN channel. Binary BPSK and
2-ASK are identical, and they have about 4-dB gain over
4-ASK [15]. For CE-OFDM, the error probability is, how-
ever, more difficult to derive because of the presence of
nonlinear phase operation [6], and Figure 3 shows the sim-
ulated BER as a function of SNR per bit for OFDM-PM.
The modulation index values are experimentally optimized
by searching the minimum BER at level 1074, As the
figure shows, there is < 0.5dB performance degradation
compared with the OFDM in the case of the binary sub-
carrier modulation, and the performance is reduced much
more for the 4-ASK. The number of CE-OFDM constel-
lation points depends on the parameters M and N, of data
modulation as 2MNd¢  and thus, the increased constellation
deteriorates the performance. At higher and lower mod-
ulation indices, the phase wrapping at +m [16] and not
evenly spaced constellation [11] degrade the performance.
From now on, we will focus on the binary data-modulated

10°

theoretical OFDM

107

102
& 10°
\:B

107

10%

10%

2 4 6 8 10 12 14
SNR per bit [dB]

Figure 3. Bit error rate for OFDM-PM with optimized modula-
tion index values.
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OFDM-PM. FFT and FHT implementations have no dif-
ference in the BER performance.

3. SPECTRUM AND ELIMINATION
OF DC OFFSET

Figure 4 shows the phase modulator output signal
(Figure 1) mapped onto a unit circle and histogram for the
real axis when the earlier (Figure 3) optimized modulation
index value £ is 0.23 is used. As the left-hand side subfig-
ure shows, the constellation is not symmetric with respect
to the origin. Furthermore, the points in the constellation
are not all equally probable because the large values corre-
spond OFDM signal peak values with low probability and
vice versa. Because the mean value of the signal is not 0,
the DC offset is appearing as a peak in the spectrum as
demonstrated at the left-hand side of Figure 5. In general,
the DC offset Apc is the mean of phase modulator output
signal, that is,

1
© 0.5
3 5
a. =
g o g
5 £
g 3
-0.5
-1 =
-1 -0.5 0 0.5 1

real axis

Apc = E [sn] @
As discussed in the introduction, the high-pass filtering
and subtraction of the mean of the signal distort the CE
nature of the transmission. We next present a novel DC off-
set removal technique for CE-OFDM signals. The method
is based on the assumption that when the constellation is
symmetrical, it generates signal with 0 mean, and the DC
offset is disappearing. The requirement is fulfilled when
every second CE-OFDM symbol is rotated 180° as

’

remod(i _
Spi =50 /7m0D =12 L Ni=1.2.... )

where mod(i, 2) is the modulo operation and i is the index
of the transmitted symbol. In order to better retrofit the
existing FM and PM systems, we can place the DC offset
removal block prior to phase modulator, and

¢;,,~ =¢ni+moemod(i,2),n=1,2,...N,i=1,2,...

©)
120
100

80

20 l
0

-1 -0.5 0 0.5 1
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Figure 4. Constellation (left) and histogram (right) at the output of phase modulator.
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Figure 5. CE-OFDM spectrum with the peak and with the DC offset removal.
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Figure 6. Constellation (left) and histogram (right) after rotation.

An inverse constellation rotation is accomplished at the
receiver before the phase demodulation. Equation (8) can
be also interpreted as the use of a short DC balanced code
sequence [+1 — 1] containing an equal number of minus
and plus ones. In contrast, long pseudonoise sequences
would cause increased averaging time for the transmitted
symbols to achieve the 0 mean.

The signal after constellation rotation is presented in the
left hand subfigure of Figure 6, and constellation mirroring

0
-5
)
= .10
E
=
8
@ -15
§ ~——— BPSK/2-ASK OFDM-PM
8 SEM
& 20
|
251
-30
-15 -10 -5 0 5 10 15
frequency [MHz]

Figure 7. OFDM-PM spectrum and uplink spectrum emission
mask.

X' Het Vi

X Nk Hyat Vi

*

H i

in the unit circle preserves the CE property, too. As the
right hand subfigure histogram shows, the signal points
are not uniformly distributed, but because of symmetry
property, the mean value is 0. Finally, the spectrum for
CE-OFDM with the DC offset removal is presented in the
right-hand side of Figure 5, and as the subfigure shows, the
peak energy is distributed smoothly over the subcarriers.
Figure 7 shows the LTE spectrum emission mask (SEM)
example defining the out of band emission limit. As the
figure shows, the BER optimized modulation index value
h = 0.23 for the binary modulated CE-OFDM (Figure 3)
meets also the spectrum mask. A smaller index value
means lower side lobes and vice versa. Because the PM is
a nonlinear operation, it generates also in-band distortions.

3.1. Impact of DC offset on
channel estimation

Without equalization, the DC offset has no effect on the
BER performance in an AWGN channel because every sec-
ond CE-OFDM symbol is just rotated 180° in (8) in the
transmitter and an inverse operation is performed in the
receiver. When an equalizer is needed, it has to be placed
in front of the nonlinear phase detector in Figure 1. If
binary modulated CE-OFDM and symmetry property in (2)
are assumed, the MRC can be applied [11] as shown in
Figure 8.

In the figure, Hy, k = 1,2,...,N/2 — 1, denotes the N-
point FFT of the discrete channel impulse response, and Vi

1
|Hi >+ Hy |+

Figure 8. Frequency domain equalizer with maximum-ratio combiner for subcarrier k.
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is the frequency domain AWGN sample with variance 2.

The minimum mean square error equalizer minimizes the
combined effect of intersymbol interference and the addi-
tive noise. If the noise variance term o2 is ignored, zero
forcing equalizer is achieved. The zero forcing equalizer-
type equalizer is simply the inverse of channel response
that leads to infinite noise enhancement at frequencies
corresponding spectral nulls.

‘When the channel coefficients are not known in advance
and are changing over time in a time-varying channel,
the channel estimation prior to equalization is needed for
coherent detection. The estimation can be accomplished by
transmitting known pilot symbols whose structure influ-
ences the quality of the channel estimate. It is desirable to
have pilots with a flat spectrum over the frequency band
and a CE in the time domain [8]. By assuming that the sig-
nals are wide-sense stationary, a tool to evaluate channel
estimation is mean-square error (MSE)

MSE = E {|Hy, - ik} (10)

where I:Ik,,-k =0,1,...,N—1isthe channel estimate at the
kth  subcarrier of the ith symbol. The simple least squares
estimate is commonly used as an initial estimate, and it is
obtained by dividing the received symbols by the known
reference symbols Dy, that is,

Hy = H + D'y an

Figure 9 shows the measured MSE results for OFDM-
PM channel estimation with or without the proposed DC
offset removal (8). In the simulations, the parameters in
Table I are used, and the observation interval for chan-
nel estimation is 120 symbols, and the interval is divided
into eight segments with 50% overlap, and each section is
windowed with a Hamming window. As the figure shows,
the DC offset removal yields superior results, and the gain
is around 2.1 dB. Without removing the DC offset, the
effect of additive noise Vi in (11) is minimum at the chan-
nel estimate corresponding the strong power carrier and

a no DC offset compensation
' & a #  DC offset compensation
10 2 3
* o
- o
* a
* o
* o
* o
@ *» o
= * g9
0 * o
10 - a
* =]
* o
* o
* o
* o
* o
*
*
107
0 5 10 15 20

SNR per bit (dB)

Figure 9. Mean-square error (MSE) with or without DC offset
compensation.

more severe for those subcarriers around the dominating
one. When the DC offset is removed, the signal peak power
is smoothly spreading out over the entire frequency range
of subcarriers. The increased accuracy of channel esti-
mates inherently leads to a better detection performance
and error rate. When there is equal disturbance of additive
noise samples over subcarriers, we can also assume that
applying bit and power loading with water filling becomes
more favourable.

4. NONLINEAR POWER AMPLIFIER
AND POWER CONSUMPTION

The PA is one of the most power-consuming analogue
component in the transmitter, and as discussed in [17],
power consumption can be approximated when the knowl-
edge of PAs efficiency, distribution of input signal envelope
and the amount of input back-off (IBO) are known. From
the central limit theorem, it follows that for large values N,
the OFDM signal becomes Gaussian distributed, and the
amplitude of the signal has therefore Rayleigh distribution
with average power

1 N—1
E[lnl] = 53 2oy X (12)
and the PAPR

max(|x, \2)

E [l ]

If a binary data modulation is assumed and by choosing
Xy = ++/N, the variance (12) and the PAPR (13) are equal
to 1 and 10log;o(N) dB, respectively. In practice, the IBO
is less than the PAPR because the OFDM peak values have
low probability. On the other hand, the CE systems do not
require any IBO, and thus, they have the capability to trans-
mit roughly IBO decibels more energy into the channel for
a given PA. This is beneficial especially in the very low
signal-to-noise ratio channel and if the increase in transmit
power is allowed by the standard. The CE-OFDM can also
reduce the power consumption of the PA. The average PA
efficiency determines the PAs ability to convert DC power
Ppc from supply into alternating current output power
PRF as

Ppapr = 10log;, (13)

_ ElPrr]
E[Ppc]

(14)

The power (1 — n)Ppc not converted to the radio fre-
quency (RF) signal is wasted as heat. In general, common
PAs can be classified into A, B, AB and C classes, and
the class B amplifiers have higher maximum efficiency of
78.5% than the class A amplifiers of 25-50% efficiency
and better linearity than the class C amplifiers that have
99% efficiency. In practice, there is an interconnection
between the PA input signal envelope and PA efficiency,
and in [17], the average efficiencies for linearized and non-
linear travelling-wave tube (TWT) amplifiers have been
drawn in the presence of OFDM signal. In general, the
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TWT amplifiers are commonly used in satellite communi-
cations, and for them, the class B average efficiency can be
expressed as

VAE{(1+4) M (45) - 1

NTWT = (15)
1 —2/mEe*erfc (2\/5)
where £ is the required IBO and
oo
M= [ ety (16)
1

The corresponding average efficiency for the ideally lin-
earized PA model is

ﬁ 1—e¢ ¢
2 \/gerf(\/g)

Finally, Table II shows the IBO requirements for the
binary data-modulated OFDM to obtain the same BER
below 10~* as the corresponding OFDM-PM with modula-
tion index value / is 0.23 in Figure 3. In general, nonlinear
operation generates both in-band and out-of-band distor-
tions, and in this work, we have confirmed that both the
OFDM and the OFDM-PM signals for Table II meet the

Nin = a7

Table Il. Average efficiency and power consumption difference
for linearized and nonlinear PAs.

Linearized PA Nonlinear TWT

OFDM £ [dB] 25 1.0
n% 59 24

CE-OFDM (class B*) Pa [dB] 12 5.0

versus OFDM (class B)

CE-OFDM (class C**) P [dB] 2.2 6.0

versus OFDM (class B)

*Class B:max = 78.5%.

**Class C:fmax = 99%.

PA, power amplifier; TWT, travelling-wave tube; OFDM, orthog-
onal frequency-division multiplexing; CE-OFDM, constant enve-
lope orthogonal frequency-division multiplexing.

AM/AM conversion

SEM of the LTE uplink shown in Figure 7. The power con-
sumption differences P are defined as the ratios between
the amplifier’s maximum 7max and the average (15)—(17)
power efficiencies

P = 10logy, (ﬂmax)
n

For the simulations, amplitude modulation (AM—-AM) and
AM-PM curves for the nonlinear TWT amplifier are illus-
trated in Figure 10, and they are based on the well-known
Saleh model [18]:

18)

ax

F =— 19
AM/AM (%) 5 p 19
2

anx
F =— 20
AM/PM (¥) % o (20)

where the coefficient values «, o, B and B, are found
by fitting these equations to the experimental data through
a minimum MSE procedure.

If the aim is a multi-standard architecture with a com-
mon class B amplifier, we can summarize from Table II that
with the CE-OFDM, we can save in the power consump-
tion. This is beneficial in a mobile device or in the satellite
enabling a battery to be smaller or last for a longer time.
On the other hand, if the aim is, for example, the LTE over
satellite retrofitting existing FM systems, the CE-OFDM
would also allow using the very nonlinear but very power-
efficient class C amplifiers. The modulation index value
has no effect on the CE property of the signal, and if the
index value is not the optimized 7 = 0.23, the BER perfor-
mance just decreases, and the OFDM needs also less IBO
to meet that poorer performance (Figure 3). As a conse-
quence, the corresponding power consumption differences
in Table II decrease and in that sense the measured values
in Table II correspond to the maximum values. As dis-
cussed in Section 3, adjusting the modulation index is also
affecting the spectrum (Figure 7).

There are also many other common PA architectures that
have a potential for significant improvement of efficiency

AM/PM conversion

1
& 06 =
S 08 g
= @
[=% [%]
:_E, 0.6 0.4 =
e o
[=% =}
E 0.4 o =10 02 a, =1 /12 £
8,=025 ’ 8,=025 o
0.2 1 2
0 0
0 0.5 1 1.5 2 25 0 0.5 1 1.5 2 25

input amplitude

input amplitude

Figure 10. The AM/AM and AM/PM conversions for Saleh’s nonlinear amplifier [18].
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but in turn at the cost of increasing other analogue and digi-
tal circuit complexity. For example, a very popular Doherty
PA is examined in [19] for the terrestrial LTE, and with our
parameters, the instantaneous DC power is

4 Vil

where b is a positive integer determining that there is one
carrier amplifier and b-1 peaking amplifiers in parallel.
This is a simple approach to acquire b times larger-sized
peaking amplifier compared with the carrier amplifier. The
average PA efficiency can be determined using (14). When
the power efficient Doherty technology is applied, a dis-
tortion compensation circuit is still necessary to correct
its nonlinearity. Assuming a solid state power amplifier
implementation, AM to PM conversion is not so large, and
Rapp’s model can be used for AM to AM characteristic as

X

where the smoothness of the transition from the linear
region to limiting region is controlled by the positive
parameter p. The Rapp model is commonly used in the
case of the OFDM, and in our simulations, the AM-—
AM curve of Figure 11 is used. As earlier, Table III
shows the measured IBO requirement and PA efficiency
for the OFDM-PM as well as the power consumption ben-
efit compared with the OFDM. Recently, Doherty ampli-
fiers have gained attention especially in the millimetre
wave communications [20], and therefore, the CE-OFDM
is attractive for both commercial and public safety LTE
D2D communication.

Fam/am(x) = (22)

AM/AM conversion

0.8

0.6

0.4

output amplitude

0.2

0 0.5 1 1.5 2 25
input amplitude

Figure 11. The AM/AM conversion for Rapp’s nonlinear
amplifier.

So far, the transmitter energy efficiency is evaluated
using the average PA efficiency, and as presented in
Figure 3, the BER performances of the OFDM and CE-
OFDM are compared in an AWGN channel as a function

0< |X,1|2 < é:lxnlz/bz

T b | b+ D) PE - 1,

@n

E‘xnlz/bz < |xn|2 < Elxn‘z

of the average SNR at the receiver. The transmitted and
received powers are equal if the channel attenuation is nor-
malized to unit. We next evaluate the transceiver energy
efficiency using the BER as a function of average PA input
SNR [21] so that the effect of the PA efficiency is taken
into account in the performance evaluation. For this task,
the BER curves need to be shifted by 10log;(n) decibels
in order to take into account the loss in the PA efficiency.
Then Tables II and IIT show the measured efficiency values
for the OFDM, and for the CE-OFDM, the 99% efficiency
of the class C amplifier can be used. Finally, the BER
results as a function of the PA input SNR are shown in
Figure 12, and the figure confirms that the CE-OFDM out-
performs the OFDM by the amount of the last row values

Table Ill. PA efficiency and power consumption
difference for the three-way Doherty PA.

Doherty PA
OFDM £ [dB] 4
n% 56
CE-OFDM (class C **) Pa [dB] 25

versus OFDM (Doherty)

**class C:fmax = 99%.

PA, power amplifier; OFDM, orthogonal frequency-
division multiplexing; CE-OFDM, constant envelope
orthogonal frequency-division multiplexing.

10
L] N\
-
& p— OFDM
104 TWT PA, Class B
«
14
4 * oFpM
inearized PA —— ___OFDM
Class B \ Doherty PA
10° «
OFDM-PM, h=023 __
TWT, Class C
L
10°
A a4
6 8 10 12 14 16 18

PA input SNR per bit [dB]

Figure 12. Transceiver efficiencies as bit error rate (BER) for
orthogonal frequency-division multiplexing (OFDM) and con-
stant envelope (CE)-OFDM.
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in Tables II and III. The performance gain decreases when
the PA linearity increases and vice versa. However, the lin-
earization is achieved at the cost of increasing other circuit
complexity, and roughly speaking, the power consump-
tion is moved from one place to another. In any case, the
presented performance gains for the CE-OFDM could not
have been seen with traditional SNR metrics because they
do not take into account the efficiency of the PA. The aver-
age transmitted power is equivalent to the average PA input
power only when the PA has ideal 100% efficiency over its
whole output power range.

5. EFFECTS OF PHASE NOISE

As commonly known in the literature, for example, in [22],
oscillator’s phase noise has a very large impact on OFDM,
and similar conclusions are also drawn for SC-FDMA, for
example, in [23]. When we assume that the discrete time
domain OFDM signal (1) is only affected by phase noise
6,,, the received signal can be expressed as

P 23)

If 6, is assumed to be sufficiently small for all n [22], we
can write

0
——+— DVB-RCS2 Mask
I Simulated phase noise
-20] —O— DVB-S2X Mask
Simulated phase noise
-40
@ -60
o
-80
-100
D
+
-120
104 1072 10° 102 10*

kHz
Figure 13. The DVB-RCS2 phase noise mask.

Phase noise

O 146, (24)

After the FFT in the receiver, the discrete frequency
domain signal can be given as

N—1 N—1 . _
Re~ Xp +Jj Zmo X, ano 0,/ QTN =k 75y

When r=k, the latter sum term in (25) corresponds to
a multiplicative common phase error for each subcarrier.
In more detail, the error is an average of phase noise sam-
ples, and it can be corrected by some phase rotation. If
r # k, the second term in (25) is the sum of the infor-
mation in other N-1 subcarriers each multiplied with the
average of phase noise with a spectral shift. In general, the
additive error is known as loss of orthogonality or intercar-
rier interference (ICI). When the ratio of 3 dB phase noise
bandwidth B3, and subcarrier spacing Af is small, the
common phase error dominates over ICI and vice versa.
In the literature, a common conclusion, for example, in
[24], for the OFDM signal phase noise tolerance is that
the subcarrier constellations up 64-quadrature amplitude
modulation can be supported as long as

B3gp K Af (26)

As a concrete example, Figure 13 shows both theoretical
and simulated finite power phase noise masks for the DVB-
RCS2 and DVB-S2X standards for which the SC-FDMA is
amodulation candidate. In the figure, the mask is expressed
in decibels relative to the carrier, and it represents the phase
noise power relative to the carrier signal power. In the sim-
ulations, experimentally obtained autoregressive moving
average model [25] of phase noise is used. Because the 3-
dB-phase noise bandwidth is around 15 and 150 Hz for the
RCS2 and S2X standards, the effect of ICI is severe with
the presented LTE parameters, and a separate compensa-
tion method is needed. The ICI is even worse when the
minimum bit rate requirements of 8 kbps are targeted in
the RCS2.

Figure 14 demonstrates that the impact of phase noise
is different in OFDM-PM from the one in OFDM. In both
systems, the phase noise is multiplied with the transmit-
ted signal, but as illustrated in the lower subfigure, the

Figure 14. Impact of phase noise in orthogonal frequency-division multiplexing (OFDM) (upper) and OFDM-(PM) phase modulation
(lower) systems.

Trans. Emerging Tel. Tech. (2016) © 2016 John Wiley & Sons, Ltd.
DOI: 10.1002/ett



M. Kiviranta, A. Mammela and O. Apilo

o o
5 theor. OFDM ®
o . :

1 O meas. OFDM with phase noise
%  meas. OFDM-PM
©  meas. OFDM-PM with phase noise

o . . . ., . . \e

0 1 2 3 4 5 6 7 g 9 10 N1 12

SNR per bit (dB)

Figure 15. Bit error rate (BER) performance of orthogonal
frequency-division multiplexing (OFDM) and OFDM-(PM) phase
modulation in the presence of phase noise.

phase noise transforms just into an additive noise term
after the phase detector. For example, in Figure 13, the
phase noise mask is negative in terms of decibels relative
to the carrier, and it represents the number of decibels the
phase noise power is below the carrier power. As a conse-
quence, when the phase noise 6, is sufficiently below the
signal (Figure 14), the phase noise has no notable effect to
the BER performance. This phenomenon is illustrated in
Figure 15 where the OFDM-PM is simulated in an AWGN
channel with or without the presented phase noise mask for
the DVB-RCS2. When phase noise varies fast compared
with the OFDM symbol rate, it makes generally tracking
and compensation more difficult. As in the case of AWGN,
channel coding could be used to obtain better performance
results in the presence of disruptive additive phase noise.
When the phase noise mask covers only the small part of
the OFDM bandwidth, only the subcarriers at low frequen-
cies are interfered by the phase noise. If these distorted
subcarriers are removed, the CE-OFDM signaling would
not need a separate phase noise correction. When there
is a constant phase error during the OFDM symbol, the
FFT generates just a DC value, and by avoiding the zero
carriers, there is no degradation in the BER performance
at all.

6. CONCLUSIONS

In this paper, we have considered the binary data-
modulated CE-OFDM that is an attractive candidate for the
future LTE over satellite and D2D communications, espe-
cially when the SNR is low and when the robustness is a
more important design criteria than the high data rate. A
simple transmitter and receiver structure for the CE-OFDM
is presented by keeping in mind that the practical key factor
for the rapid uptake of the LTE enabled public safety and
commercial 5G systems is the maximization of the tech-
nology commonalities. We have presented a novel method
for removing the DC offset in the CE-OFDM. The DC

offset generates a spectral peak at carrier, causing a harm-
ful interference and reduces the performance of channel
estimation at the receiver. The proposed simple technique
spreads out the peak power over the entire frequency band
and preserves the CE nature of the signal. The simulation
results show that the proposed technique can provide sev-
eral decibels of improvement in channel estimation. We
have compared the power consumption in the CE-OFDM
and OFDM using typical models for both satellite and ter-
restrial amplifiers. The CE-OFDM allows the use of more
power-efficient class C amplifiers, while the class B ampli-
fiers are typical for the OFDM. We have measured the
transceiver energy efficiency using the BER as a func-
tion of average PA input SNR so that the effect of the PA
efficiency is taken into account in the performance evalu-
ation. With the nonlinear TWT amplifier, the CE-OFDM
has up to 6.0dB gain compared with the OFDM (Figure
12). This is beneficial especially in the VL-SNR satellite
channel. The corresponding gains for the ideally linearized
PA and three-way Doherty amplifiers are 2.2 and 2.5dB,
respectively. The linearization and more power-efficient
Doherty implementation are achieved at the cost of increas-
ing other circuit complexity. Finally, we have illustrated
with block diagrams that the structure of the CE-OFDM
system fundamentally allows for a significant advantage
compared with the very phase noise-sensitive OFDM. The
phase noise has no notable effect to the BER performance
of CE-OFDM because the phase noise transforms just into
an additive noise term in the phase detector. The next
step of work will be the real implementation of complete
transmitter—receiver chain using the CE-OFDM.
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