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Abstract 

In this paper, an iterative receiver that performs 

nonlinear distortion noise cancellation is presented. 

The performance is assessed for time division multiple 

access (TDMA), orthogonal frequency division 

multiple access (OFDMA) and single-carrier frequency 

division multiple access (SC-FDMA) waveforms. Even 

though a return link setup is considered, the receiver is 

equally applicable in the forward link, taking into 

account the differences in the data multiplexing and 

the channel. Analytical modeling of the received 

electrical signal-to-noise ratio (SNR) is carried out for 

OFDMA with one iteration of non-linear distortion 

noise cancellation. The performance is assessed in 

terms of power efficiency and spectral efficiency, where 

the total degradation (TD) of the received SNR in a 

non-linear channel is minimized. The modulation 

formats of the DVB-RCS2 satellite return link standard 

and a respective non-linear channel have been used. 

OFDMA shows the highest power efficiency gain of 

1.1–2.5 dB with 2 iterations of non-linear noise 

cancellation across the different modulation orders. In 

SC-FDMA, the gain is in the range of 0.3–1.1 dB, 

while gains of 0.1–0.8 dB and 0.2–1.9 dB are presented 

in TDMA with 20% roll-off and 5% roll-off, 

respectively. 

 

Index Terms—Non-linear distortion, OFDMA, SC-

FDMA, TDMA, power efficiency 

 

I. INTRODUCTION 

Nowadays, broadband access is considered a 

commodity. To provide coverage to all households on 

the territoryof the European Union and Turkey, the 

project on Broadband Access via Integrated Terrestrial 

and Satellite Systems (BATS) [1] develops an integrated 

network solution, merging the benefits of terrestrial 

mobile networks, digital subscriber line (DSL) networks 

and satellite communication systems. In particular, 

intelligent network and user gateways are designed 

which can classify the traffic of different types of 

applications and route it via low-latency terrestrial 

networks or high-bandwidth satellite links to maximize 

the quality of experience. Due to the ongoing shift 

towards more bandwidth demanding applications and 

services, next generation networks need to offer higher 

system throughput and user data rates, flexibility to 

adapt to traffic demand across the coverage area, and at 

the same time decrease the cost per transmitted bit. For 

this purpose, a higher spectralEfficiency without a 

significant increase in the computational complexity of 

the air interface is imperative. 

 

The utilization of larger pieces of bandwidth in the 

higher frequency bands, such as Ka, Q and V radio 

frequency(RF) bands, imposes significant hardware 

implementation challenges, and imperfections cause 

signal distortion. Therefore, suitable signal processing 

techniques at the transmitter or receiver side that 

maximize the information rate of the link are still an 

open issue. For example, communication over the 

satellite channel suffers from linear and non-linear 

distortion. The linear distortion is attributed to mismatch 

of the signal spectrum and the spectral response of the 

filters along the chain, while the non-linear distortion 

originates from the non-linear transfercharacteristic of 

the high-power amplifiers (HPAs) onboard the satellite 

and at the user terminal. These adverse effects reduce the 

power and spectral efficiencies of the transmission 

waveform. Time division multiplexing (TDM) is the 



 
 

 Page 440 
 

waveform of choice in the latest DVB-S2X   standard for 

the satellite forward link, while TDMA is employed in 

the return satellite link according to the DVB-RCS2 

standard. Waveforms such as OFDMA and SC-FDMA 

are at the heart of terrestrial mobile long-term evolution 

(LTE) networks due to their high spectral efficiency and 

flexible traffic allocation. These waveforms have also 

been recently considered for application over satellite for 

the sake of vertical network hand-over. The performance 

of TDM for the forward satellite link has been studied. 

In addition, SC-FDMA and OFDMA have been 

compared for the return satellite link for amplifier 

characteristics in the K and S bands. In this study, a 

novel receiver is developed that performs iterative 

cancellation of the inter modulation interference (IMI) 

from the non-linear distortion, and it is tested for 

practical amplifier characteristics in Ka band with 

TDMA, OFDMA and SC-FDMA waveforms. 

 

The aim of state-of-the-art communication systems to 

achieve higher data rates and throughput, and at the 

same time to use low cost consumer devices, results in 

the increase of the interference levels in the physical 

layer. The application of wideband signals in channels 

with in sufficient coherence bandwidth due to frequency 

selectivity or dispersion results in inter-symbol 

interference (ISI). Similar effects are introduced also by 

imperfections in the frequency responses of the filters 

employed along the transmission chain. In addition, non-

linear distortion effects, such as IMI, are introduced by 

the non-linear transfer characteristics of HPAs. In state-

of-the-art systems, a common approach to handle the ISI 

is equalization, where the knowledge of the channel, 

obtained for instance by channel estimation, is used to 

counter the ISI. The IMI is handled bymeans of power 

control, such as input and output back-off (OBO) . This 

approach is known to penalize the power efficiency of 

the system when high OBO is applied. In state-of the-art 

systems, signal detection is performed in the presence of 

the interfering component and the additive white 

Gaussian noise (AWGN). A major shortcoming is that 

no measure is taken to extract the information carried in 

the interfering component, since the interference is 

treated as an additional component to the noise. 

However, the transfer characteristics of the non-linear 

devices in the system are generally well known and 

easily obtainable through measurements. Therefore, the 

knowledge of the mechanisms causing the IMI can be 

used for interference cancellation. Cancellation of the 

IMI has been first proposed for OFDMA systems with 

an extension for coded OFDMA signals. 

 

The approach has been adopted for SC-FDMA .The 

interfering component is estimated by means of a model 

for the received constellation centroids based on the 

Bussgang decomposition, where the attenuation of the 

transmitted symbols in the channel is exploited. In the 

estimation of the interfering component, a single 

attenuation factor is used for all the symbols in the 

constellation. This approach is applicable in systems, 

where the non-linear distortion noise is uncorrelated 

with the symbols, such as in OFDMA.However, when 

the IMI is correlated with the signal, such as in 

SCFDMA and TDMA, individual scaling factors for 

each constellation point need to be computed. 

 

In this paper, an improved receiver design is proposed. 

The received constellation centroids are individually 

estimated and used for maximum likelihood (ML) signal 

detection. In addition, individual scaling factors are 

applied to the detected symbols, to improve the 

estimation procedure for the interfering component in 

systems such as SC-FDMA and TDMA. The improved 

estimate is iteratively re-estimated and subtracted from 

the signal for the sake of an improved bit error rate 

(BER). In general, only a few iterations are sufficient to 

significantly improve the performance of the receiver, 

resulting in an increased power and spectral efficiency. 

The performance of this receiver is compared with static 

data pre-distortion at the transmitter which is used in 

state-of-the art systems as a nonlinearity compensation 

technique. In addition, an analytical model for the 

received SNR and TD is developed and validated for 

OFDMA with oneiteration of IMI cancellation. In a 

model is presented for an optical system with a soft 
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limiter amplifier with ideal clipping for a 16-

quadratureamplitude-modulation-(QAM)constellation. 

 

In this paper, a general model is developed which is 

applicable to any nonlinear transfer characteristic and 

any constellation of a digital modulation scheme in an 

RF OFDMA system. The improved receiver enables 

operation with optimum TD at a much lower OBO, 

providing significant gains in the power efficiency. In 

the considered modulation setup, gains of up to 2.5 dB 

are expected for OFDMA, 1.1 dB for SC-FDMA, 0.8 dB 

for TDMA with 20% roll-off and 1.9 dB for TDMA with 

5% roll-off. The gains of IMI cancellation are shown to 

increase for higher order modulations due to their higher 

sensitivity to non-linear distortion. 

 

II. DIGITAL TRANSMISSION SCHEMES 

Commercial digital communication systems include 

mobile wireless communications, DSL and cable 

communications, satellite communications and optical 

wireless communications such as infrared and visible 

light communications (VLC). In a digital transmission 

scheme, streams of bits are mapped to information 

symbols from a given constellation at the modulator. To 

provide protection from the impairments in the channel, 

the bits can be encoded by a forward error correction 

(FEC) code. Common modulation formats include pulse 

amplitude modulation (PAM), pulse position modulation 

(PPM), QAM, phase shift keying (PSK), amplitude and 

phase shift keying (APSK),etc. It is assumed that the 

receiver knows the modulation order on the received 

symbols for every user through information in the frame 

preamble or control channel information. The modulated 

symbols are multiplexed in accordance with the 

underlying transmission format. TDMA is the common 

transmission format in satellite and ethernet 

communications, while frequency division multiple 

access (FDMA), such as OFDMA and SC-FDMA are 

used in the fourth generation (4G) LTE mobile wireless 

communications. In addition, SC-FDMA has been 

proposed as an option in the DVB-RCS2 satellite return 

link standard, due to its moderate peak-to-average-power 

ratio (PAPR) and high spectral efficiency. 

In TDMA, the sequence of symbols dedicated to 

different users in the system is time multiplexed. In 

OFDMA, the signal bandwidth is split in orthogonal 

subcarriers, resulting in a high spectral efficiency. The 

inverse fast Fourier transforms (IFFT) and the FFT are 

employed as multiplexing and demultiplexing 

techniques at the transmitter and the receiver, 

respectively. Due to the commonly applied cyclic prefix 

(CP), multi-path fading effects in the form of ISI, as well 

as multiple access interference (MAI), are mitigated, 

reducing the equalization effort to a single-tap equalizer. 

The multiple access is realized by assigning a number of 

subcarriers to a user. The assignment can follow a 

localized allocation in the form of sub bands or an 

interleaved allocation. In SC-FDMA, the frequency 

domain symbols are pre-coded by means of an-point 

FFT. After subcarrier mapping, a N-point IFFT (N>n)is 

used for multiplexing, and a CP is inserted. The multiple 

access realizations of SC-FDMA are commonly known 

as localized FDMA (LFDMA) and interleaved FDMA 

(IFDMA). Since the analog IFDMA and LFDMA 

signals exhibit similar PAPR, the focus in this study falls 

on LFDMA, due to its better applicability with 

synchronization techniques. 

 

After symbol multiplexing according to the 

transmissionformat, the information symbols are pulse 

shaped by meansof a square root raised cosine filter 

(SRRCF) to ensure signaland spectrum integrity for RF 

transmission. In opticalcommunication systems with 

intensity modulation and directdetection (IM/DD), this 

digital pulse shaping block is generallyomitted due to the 

unipolar signal constraint. Next, the signal is passed 

through a digital-to-analog converter (DAC) andpossibly 

through a transmit filter, e.g. during up-conversion tothe 

carrier frequency. The transmitter device can introduce 

nonlineardistortion, due to the non-linear transfer 

function of theHPA in RF systems or the light emitting 

diode (LED) or laserdiode (LD) in optical systems. This 

distortion is particularlyprominent with amplitude 

modulated signals. Here, the distortion is described 

through a generalized non-linear transfer function, F(·). 

The signal is then passed through the channel. The 
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channel can be RF wired, RF wireless, optical fiber or 

optical wireless, and it is characterized by its impulse 

and frequency responses. Multi-path effects in terrestrial 

communication channels introduce a linear distortion 

such as ISI. Similar effects are also introduced by the 

imperfect frequency responses of the filters along the 

transmission chain. In this study, it is assumed that the 

channel effect can be compensated by means of 

sufficiently frequent channel estimation and equalization 

atthe receiver. In general, the channel can be a cascade 

of linear and non-linear devices as in relay systems with 

amplify and forward operation, such as in satellite 

communications. Without loss of generality, the signal at 

the receiver can be expressed as h * F(x), where h is the 

cumulative impulse response, F(x) is the cumulative 

non-linear transfer function, and * is the linear 

convolution operator. At the receiver, the signal is 

distorted by AWGN, w. As a result, the received signal, 

y, can be expressed as follows[1]: 

𝑦 = ℎ ∗ 𝐹 𝑥 + 𝑤          1  

The receiver can include a receive filter, e.g., during 

down-conversion back to baseband. The signal is then 

passed throughan analog-to-digital converter (ADC) and 

a matched SRRCFis applied. In optical systems, the 

digital matched filter isgenerally omitted, if no pulse 

shaping filter is applied at thetransmitter. The transmitter 

and receiver are assumed to be finesynchronized. This 

assumption is shown to be valid even indemanding 

applications such as synchronization over 

satellite.Suitable synchronization acquisition and 

tracking algorithmshave been proposed in to maintain 

the fine synchronizationof the transmitted and received 

signals. Next, an equalizeris applied to counter the 

channel effect and the linear distortion. Here, zero 

forcing (ZF) or minimum mean squarederror (MMSE) 

criteria are generally applied. The symbols are then 

demultiplexed, demodulated and decoded, to obtain the 

received bits. 

 

III. ITERATIVE CANCELLATION OF NON-

LINEAR DISTORTION 

In this section, the non-linear distortion in the channel 

iselaborated; a suitable iterative receiver is presented that 

performsiterative IMI cancellation for the sake of the 

maximizationof the received SNR, followed by 

analytical modeling ofthe performance. 

A. Non-Linear Distortion Effects 

The non-linear distortion in a digital communication 

system introduces constellation warping and symbol 

clustering at the input of the demodulator at the receiver. 

The IMI is dependent on the signal waveform, and 

therefore it contains useful information of the 

transmitted signal. In digital transmission schemes, 

where a low number of analog carriers are modulated, 

such as TDMA, the interfering component is generally 

correlated with the transmitted symbols. 

 

Therefore, each constellation point at the receiver can be 

individually warped, scaled and rotated with respect to 

the original transmit symbol constellation at the 

modulator. In OFDMA systems, where the analog 

carrier is digitally subdivided in a large number of 

subcarriers, as well as in multi-carrier systems with a 

large number of analog carriers, the large degree of 

symbol multiplexing results in a signal with a close to 

Gaussian distribution. According to the Bussgang 

theorem, the interfering component is in this case 

uncorrelated with the signal component. Therefore, 

multicarrier systems are robust to the constellation 

warping effects. In state-of-the-art systems, common 

approaches to compensate the non-linear distortion 

include pre-distortion at the transmitter and equalization 

at the receiver. Signal pre-distortion can be used to 

linearize the amplifier characteristic. It generally 

involves additional analog electronics which implement 

the inverse of the amplifier characteristic. Signal pre-

distortion is known to introduce unwanted out-of-band 

radiation. Data predistortion, on the other hand, is a 

purely digital technique which preserves the signal 

spectrum. Here, the transmit constellation is modified 

such that the received centroids coincide with the 

original transmit constellation. At the receiver, the 

knowledge of the non-linear transfer function can be 

used in the design of an equalizer. In addition, it also 

performs automatic gain control (AGC), where the 

received constellation symbols are collectively scaled, to 
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minimize the error with respect to the original transmit 

constellation according to ZF or MMSE criteria. Next, 

the demodulator and the decoder perform maximum 

likelihood (ML) detection with respect to the original 

transmit constellation. In state-of-the-art systems, the 

receiver does not attempt to extract the useful 

information from the IMI, and the interfering component 

is treated as noise.In this paper, the following 

decomposition of the signal andthe interfering 

component is employed, where the output of thenon-

linear device is given as[1]: 

𝐹 𝑥 = 𝑘𝑥 + 𝑑             2  

Here, the output signal, F(x), is an attenuated and 

possiblyrotated replica of the information-carrying 

signal, x, plus nonlineardistortion noise, d. The scaling 

factor K can be complexvaluedor real-valued based on 

the non-linear distortionfunction. It is obtained as the 

covariance of the transmitted andreceived symbols 

normalized by the average transmit symbolpower. There 

is no general assumption on the distribution ofthe non-

linear distortion noise, and it can be correlated ornot 

with the signal. Memory effects can be modeled by 

theintroduction of an additional dimension in this model 

to accountfor preceding and following symbols.In this 

study, a practical model of a non-linear Ka-band 

solidstate power amplifier (SSPA) of a user terminal in a 

satellitereturn link is considered. The input 

amplitude/output amplitude(AM/AM) and input 

amplitude/output phase (AM/PM) characteristics are 

presented in Fig. 1. 

 
Fig. 1. AM/AM and AM/PM transfer characteristics of 

an SSPA. 

The effects of the nonlinear distortion on the received 

16-QAM symbols are presented in Figs. 2 and 3 for 

TDMA, SC-FDMA and OFDMA according to (2). In 

TDMA, roll-off factors of 5% and 20% are assumed. In 

addition, a block of 2048 symbols is assigned to 32 users 

with 64 localized symbols per user. A similar setup of 

the subcarrier frame, number of users and subcarriers per 

user is considered in SC-FDMA and OFDMA. As a 

result, a large degree of symbol multiplexing is achieved 

in the latter two schemes, to obtain a stable signal 

distribution. 

 
Fig. 2.Attenuation factor of the non-linear distortion for 

16-QAM with an SSPA in return link. 

 
Fig. 3.Variance of non-linear distortion noise for 16-

QAM with an SSPA in return link. 

 

In Figs. 2 and 3, the amplitude of the attenuation factors 

and the variance of the non-linear distortion noise are 

presented as a function of the OBO. TDMA and SC-

FDMA experience an almost identical warping of the 

amplitude of the received centroids. The three distinct 
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symbol amplitudes in the 16-QAM constellation have 

three distinct attenuation factors and noise variances. 

The degree of attenuation and the noise variance 

correspond to the PAPR of the schemes. TDMA with 

20% rolloff experiences the least distortion, followed by 

TDMA with 5% roll-off, SC-FDMA and OFDMA. It 

can be noticed that received symbols in OFDMA are 

expectedly scaled by a single attenuation factor and have 

the largest noise variance. It should be noted that the 

truncation of the SRRCF impulse response(16 periods 

considered with an oversampling factor of 8) to reduce 

the processing complexity and latency in TDMA 

contributes additional non-linear distortion noise which 

is evident in the high OBO region, and it is more 

prominent in TDMA with 5% roll-off. 

 

B. Iterative Receiver for Cancellation of Non-Linear 

Distortion Noise 

The receiver can extract the useful signal information in 

the IMI by means of interference cancellation. It has 

been first proposed  for systems with OFDMA. A set of 

received symbols, e.g. a received frame, is buffered. In 

the first iteration, the symbols are demodulated. Based 

on the knowledge of the distortion function along the 

transmission chain, the demodulated symbols are used to 

obtain an estimate of the received symbols, which is 

subtracted from the scaled demodulated symbols to 

obtain an estimate of the interfering component. It is 

then subtracted from the buffered symbols to obtain a 

new set of received symbols as an output of the first 

iteration of IMI cancellation. In the original approach, 

one factor is used to scale all the constellation symbols. 

In the second iteration, the newly obtained received 

symbols are demodulated and used to better estimate the 

interfering component which is again subtracted from 

the originally buffered received symbols. 

 

The output of this process are the newly obtained 

received symbols after a number of iterations. Finally, 

the buffer is released and a new set of received symbols 

is processed. The IMI cancellation approach has been 

studied for coded OFDMA signals  and adopted for 

systems with SC-FDMA.However, the same estimator 

for the interfering component based on a single scaling 

factor for all symbols from (2) is applied. This approach 

is suboptimum for SC-FDMA and TDMA, where 

individual scaling factors for each constellation point 

need to be computed as shown in Fig. 2. 

 
Fig. 4. Block diagram of a digital transmission scheme 

with an iterative receiver, performing cancellation of the 

non-linear distortion noise. 

 

The block diagram of the proposed modified receiver is 

presented in Fig. 4. This block diagram can be 

considered asrepresentative for all types of commercial 

digital communication systems. In addition, it describes 

the forward as well as the return links, where the major 

differences are related to the data framing and signal 

multiplexing, as well as the resulting channel and 

distortion functions. Due to the added processing 

complexity, the receiver is more suitable for application 

in the return link, where the complexity is confined at 

the server side. However, when user equipment for 

professional applications is considered, a higher 

computational load can be afforded at the user side, and 

the system can benefit from the application of the 

proposed receiver in the forward link. After the symbol 

demultiplexing stage, the received symbols are buffered 

for further processing. At this point, estimates of the 

received constellation centroids and the respective 

scaling factors, K cm, are calculated for every 

constellation point, cm, m =1,...,M, where M is the 

modulation order. This can be performed inseveral ways.  

 

First, training frames can be used at the beginningof the 

transmission, involving a number of symbols for 

everyconstellation point. This method can be used in a 
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time invariantchannel. In slow fading or mobile 

channels, pilot symbols inthe frame can be employed, 

e.g. in the preamble, given the pilotoverhead is tolerable. 

In the case when the transmitter is themain contributor to 

the non-linear distortion and if the channel state 

information is available, the transmitter can estimate 

thedislocation of the constellation centroids in an offline 

setup andsignal it to the receiver. Finally, if the 

dynamics in the systemprohibit the application of the 

above methods, the receivedcentroids can be estimated 

directly from the received data usingmode estimation 

techniques for the M modes of thereceived probability 

distribution function. The scaling factors,Kcm, can be 

obtained as the ratio of received centroid andtransmitted 

constellation point. 

 

The received centroids and theassociated scaling factors 

are stored in a look-up table forevery user, so they can 

be used in the subsequent processing blocks. In satellite 

communications, where TDM(A) is used, the 

demodulation is performed over long symbols frames, 

e.g., 1616 symbols per burst (of which 140 symbols are 

in header) in DVB-RCS2 return link and 16984 symbols 

per physical layer frame (of which 784 symbols are 

pilots and header) in DVB-S2X forward link. In such a 

setup, stable statisticsof the constellation warping can be 

obtained, which impliesstable scaling factors over time. 

In addition, a single modulationformat is employed on 

the frame to be demodulated, and thechannel is static. 

Therefore, the scaling factors can be estimatedin an 

offline setup and stored in look-up tables for the 

differentmodulation orders. 

 

The received constellation centroids are used as a 

reference for the ML demodulator or in the calculation 

of the log-likelihood ratios (LLRs) in the case of a 

subsequently applied decoder. The detected symbols 

(obtained by encoding and modulation of the decoded 

bits in the case of coded transmission) are used to obtain 

an estimate of the interfering component and cancel it 

from the signal in an iterative fashion. The vector of 

detected symbols used in thei-th iteration can be 

expressed as follows[3]: 

 𝑖 − 1 𝑥
∧ =Det 𝐷𝑒𝑚𝑢𝑥  𝐸𝑞 𝐴𝐷𝐶 𝑦    (3) 

where the ADC block accounts for the receive filter, the 

ADCand the SRRCF. The order of the equalizer and the 

demultiplexermay vary in the different systems. For 

example, timedomain equalization in TDMA is 

performed before demultiplexingof the symbols, 

frequency domain equalization in SCFDMAcomes 

between the FFT and the IFFT operations, whilethe 

equalizer in OFDMA is applied after the FFT 

block.Using the model from (2), an estimate of the non-

linear distortionnoise can be obtained by subtracting the 

suitably scaleddetected symbols from an estimate of the 

received symbols: 

𝑑 𝑖 

= 𝐷𝑒𝑚𝑢𝑥  𝐸𝑞  𝐴𝐷𝐶 ∗ 𝐹 𝐷𝐴𝐶 𝑀𝑢𝑥  𝑖 − 1 𝑥
∧            

−  𝑖 − 1 𝑥
Λ  4  

     

This is essential to account for the constellation warping 

effects in systems, where the non-linear distortion noise 

is correlated with the signal, such as TDMA and SC-

FDMA. From the detected symbols, an estimate of the 

receivedsymbols can be obtained using the knowledge of 

the distortion sources and the processing blocks along 

the chain. First, the detected symbols are passed through 

the known multiplexing block according to the 

employed transmission scheme. Next, the known 

SRRCF and the transmitter filter function are applied, 

followed by the function of the non-linear device. The 

signal is then passed through the known channel 

function obtained by means of channel estimation at the 

receiver, e.g., by means of dedicated pilots in the frame. 

In the receiver chain, the known receiver filter function 

and the SRRCF are applied, followed by the known 

equalizer function to counter the linear distortion in the 

system and the symbol demultiplexing stage. Knowledge 

of the linear and non-linear distortion mechanisms is a 

common assumption in state-of-the-art communication 

system. The measured frequency response of the filters 

along the chain and the estimated channel taps are used 

in the design of the equalizers, e.g., the linear equalizer 

in DVB-S2X, or the pre-coding techniques, e.g., bit-and-

power loading techniques in OFDMA for 4G LTE. The 
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transfer characteristics of SSPAs can be considered 

relatively stable over time and are commonly used in the 

linearization electronics that implement signal 

predistortion techniques. 

 

The estimate of the interfering component is subtracted 

from the buffered received symbols, and the 

demodulation and possibly decoding stages are repeated.  

 

The improved received vector of symbols after the i-th 

iteration can be expressed as follows: 

𝑥 𝑖 = 𝐷𝑒𝑚𝑢𝑥  𝐸𝑞 𝐴𝐷𝐶 𝑦   − 𝑑 𝑖  5  

The iterations continue until no further change is 

observed at the output of the demodulator and decoder.  

 

C. Analytical Modeling 

The performance of the IMI cancelling receiver is 

analyzedin the non-linear channel with AWGN. In 

OFDMA, the signalfollows a close-to-Gaussian 

distribution for a large number ofsubcarriers which does 

not depend on the underlying digitalmodulation format 

and modulation order. In addition, the 

nonlineardistortion noise component is uncorrelated 

from thesignal. These two facts allow for the derivation 

of a semi analyticalmodel. In this paper, the effective 

electrical SNRat the detector and the TD metrics are 

derived for a standardreceiver without IMI cancellation 

and for 1 iteration of IMIcancellation. Iteration is 

sufficient toachieve the majority of power efficiency 

improvement.  

 

In SCFDMAand TDMA, due to the modulation 

dependent signaldistribution [and the fact that the non-

linear distortionnoise component is correlated with the 

signal resulting in individualscaling factors for the 

received constellation centroidsillustrated in Fig. 2, the 

analysis is performed only in a MonteCarlo simulation. 

 

To quantify the power efficiency penalty induced by the 

IMI,the TD metric[3] is defined as follows: 

𝑇𝐷 𝑑𝑏 = 𝑂𝐵𝑂 + 𝑆𝑁𝑅 𝑟𝑒𝑞𝑢𝑖𝑟𝑒𝑑  𝑖𝑛
𝑛𝑜𝑛 −𝑙𝑖𝑛 .𝑐ℎ𝑎𝑛 .

− 𝑆𝑁𝑅𝑟𝑒𝑞𝑢𝑖𝑟𝑒𝑑  𝑖𝑛
𝑙𝑖𝑛 .𝑐ℎ𝑎𝑛 .

 (6) 

In addition to the OBO penalty, the TD incorporates the 

penalty on the SNR requirement to achieve a target BER 

in the nonlinear channel with respect to the SNR 

requirement in the linear channel with AWGN. Using 

the effective received SNR expression, the SNR 

requirement to achieve a target BER in the non-linear 

channel can be expressed by means of the inverse 

function G-1(·) as G-1(γ). Therefore, the TD can be 

derived in the linear domain as a function of the required 

SNR for a target BER in the linear channel, γ, as 

follows: 

𝑇𝐷 = 𝑂𝐵𝑂
𝜍−1  γ 

𝛾
=

𝐵

𝑅𝑠

𝑂𝐵𝑂

 𝐻 2
   𝐾 2 − 𝛾

𝜎𝐷
2

𝜎𝑥
2 

−1

   7  

In the case of the soft limiter amplifier, the OBO is 

derived as follows: 

𝑂𝐵𝑂𝑐𝑙𝑖𝑝  = 𝑃𝑚𝑎𝑥
𝑜𝑢𝑡   𝐺𝜎𝑥

2  1 − 𝑒𝑥𝑝  −
𝑝 𝑜𝑢𝑡
𝑚𝑎𝑥

𝜎𝑥
2    

−1

 (8) 

The derived SNR after the first iteration, can be used to 

derivethe TD as follows[4]: 

𝑇𝐷 1 =
𝐵

𝑅𝑠

𝑂𝐵𝑂

 𝐻 2
𝛽  𝛼 𝐾 2 − 𝛾

𝜎
𝐷𝑡𝑜𝑡
 1 

2

𝜎𝑥
2  

−1

(9) 

The analytical model is verified against a Monte Carlo 

BER simulation. For this purpose, the amplifier 

characteristics from Fig. 1 are assumed, and 2048 

OFDMA subcarriers are shared among 32 users in a 

return link setup with 64 subcarriers per user. The 

subcarriers are modulated by means of M-QAM 

symbols. The derived expressions for the effective 

received electrical SNR are inserted in the analytical 

model for the BER in M-QAM [5] 

𝐵𝐸𝑅 =
4  𝑀 −1  

log 2 𝑀  𝑀
𝑄   

3 log 2 𝑀 

𝑀−1
Γ           (10) 
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V.CONCLUSION 

In this paper, an iterative receiver has been presented 

which performs cancellation of the IMI that originates 

from the nonlinear distortion in the channel. The 

performance of single carrier transmission schemes such 

as TDMA and SC-FDMA is maximized by the joint 

application of ML detection with respect to the received 

constellation centroids and non-linear noise cancellation 

using individual scaling factors for the detected symbols. 

The proposed receiver can be applied in all types of 

commercial digital communication systems. These 

include terrestrial mobile wireless communications, DSL 

and cable communications, satellite communications and 

optical wireless communications such as infrared 

communications and VLC. In addition, it can be applied 

in both the forward andthe return links. The receiver has 

been tested with TDMA, SCFDMA and OFDMA 

transmission formats, and it has demonstrated significant 

gains in the power efficiency. 

 

An analytical model has been developed for 1 iteration 

of IMI cancellation in OFDMA. It has been shown that 

even 1 iteration is sufficient to present the majority of 

the gain of IMI cancellation in the tested transmission 

schemes. In the considered modulation setup, gains of up 

to 2.5 dB are expected for OFDMA, 1.1 dB for SC-

FDMA, 0.8 dB for TDMA with 20% roll-off and 1.9 dB 

for TDMA with 5% roll-off. The receiver is particularly 

suitable for application with higher order modulation 

formats which are more vulnerable to non-linear 

distortion, and as a result higher gains are expected. 

Consequently, higher spectral efficiency can be achieved 

which can be translated into higher throughput and lower 

cost per transmitted bit. 
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