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In constrained interleaving (CI), the flexibility of the frame size is limited and the interleaving 

gain is lowered as the number of rows increases because of the row/column structure of 

traditional CI. We propose a single row constrained interleaving technique and apply it to turbo 

product codes (TPCs) to construct the single row constrained interleaving TPCs (SRCI-TPCs). 

SRCI-TPCs have higher interleaver gain and much more flexible frame size. 

Constrained interleaved coded modulation (CICM) maps coded bits on to a higher order 

constellation using reverse Gray coding (RGC) and a constrained interleaver to significantly 

improve performance. In this dissertation, CICM is applied to outer convolutional codes (OCCs) 

to construct CICM-OCCs. A CICM-OCCs interleaver is designed to achieve the highest possible 

minimum squared Euclidean distance (MSED) and virtual codeword is introduced to reduce the 

design complexity. 

Non-orthogonal multiple access (NOMA) allow different users of a muti-user system to share the 

same bandwidth while differentiating signals of different users in transmitted power. In this 

dissertation, similarly, a building blocks sparse constellation based orthogonal multiple access 

(BOMA) is proposed and applied to the downlink of the long term evolution (LTE). BOMA is 

constructed by use of the building block approach used in the design of multilevel code. Both 

NOMA and BOMA can enhance the overall throughput by additionally transmitting bits of a 

strong user when transmitting bits of a weaker user. However, they all have an issue that the 

performance of the weaker user suffers. To overcome this drawback, improved BOMA 



 

(IBOMA) is proposed by applying CICM-OCCs technique. It is shown IBOMA significantly 

lower the performance loss for the weaker user. 

Besides BOMA and IBOMA, another two throughput enhancing methods, throughput enhancing 

concatenated codes (TECCs) with block component code and simultaneous packet transmission 

(SPT), are proposed. TECCs are constructed by transmitting the explicit sequence with one 

inverted coded bit which is based on the implicit sequence. It is demonstrated that at high SNR, 

TECCs can increase the throughput of C by 37.5% without sacrificing the performance of both 

explicit and implicit sequence. SPT technique is proposed to transmit multiple streams to 

increase the throughput of a communication system. A SPT scheme employs multiple levels and 

employs multiple streams at each level above the first level. With proper constellation 

partitioning, higher rate code can be employed to the level-2 without sacrificing the overall 

performance; thereby the throughput can be enhanced. SPT technique can be used in high order 

constellation with 2 or more levels. 
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CHAPTER 1 

INTRODUCTION 

1.1 Current Status and Challenges 

    Due to the increasing demand, all communication systems are looking into increasing the 

throughput while maintaining high level of performance. For example, the current 4G-LTE 

system is moving into 5G transmission to meet with the demand. Similarly, optical transport 

network (OTN) is planning on expanding 100G systems into 1T systems in the near future. Even 

though the current systems strive to expand their capacity to meet the increasing demand, they 

face many challenges in achieving their actual goal. In order to overcome these challenges, it is 

necessary to search for novel transmission techniques that can increase the throughput within a 

limited bandwidth subjected to a power constraint.  

    Traditionally, throughput enhancement has been primarily achieved by the use of higher order 

modulation techniques and the use of different types of multiplexing. Even though higher order 

modulation can theoretically keep increasing the throughput with the order of modulation, 

practically, the order of modulation should be selected based on the required level of 

performance. For example, in 4G LTE, if the channel is weak, the modulation selected for 

transmission is 4-ary QPSK modulation, while 64-QAM is usually selected when the channel is 

strong. Different forms of multiplexing allow efficient use of the available resources to achieve a 

higher throughput. For example, in orthogonal frequency division multiplexing (OFDM), the 

spacing between the different frequencies can be lowered to the signaling rate thereby efficiently 

using the available bandwidth. Multiple input multiple output (MIMO) systems employ spatial 

multiplexing to transmit different signals from different antennas by separating signals in the 

spatial domain to enhance throughput. However, the number of antennas that can be used in a 

MIMO system is limited by the ability to correctly decode all transmitted signals correctly and 

other practical considerations. 
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1.2 Non-orthogonal Multiple Access (NOMA) 

    Non-Orthogonal Multiple Access (NOMA) has been recently introduced to transmit multiple 

signals within the same allocated bandwidth. Even though the NOMA technique increases the 

throughput it introduces many additional challenges at the receiver to correctly detect all signals 

that were transmitted within a given bandwidth. As a result, in NOMA the number of different 

signals that can be transmitted within the same bandwidth is limited. NOMA usually separates 

signals within the same bandwidth by allocating different powers to different signals. In other 

words, the signals with the same bandwidth are separated in power domain. This separation in 

power is used at the receiver to decode all signals correctly, The NOMA signals are usually 

decoded by using successive interference cancellation (SIC). Usually, the following decoding 

strategy is used in NOMA: (a) the signal with the highest power is first decoded, (b) the signal in 

(a) is regenerated and subtracted from the received signal, (c) the subtracted signal in (b) is used 

to detected the signal with the next highest power and (d) this process is continued up the signal 

that has the lowest power. As a result in the detection of NOMA, all signals with lower power 

are considered to be interference during the detection of any signal. Therefore in NOMA it is 

necessary to maintain a reasonable difference between signals in order to assume that the 

interference is negligible. 

    By observing, the transmission of signals within the same bandwidth and differentiating the 

signals in power is equivalent to the use of a building-block based signal constellation, a build-

block orthogonal multiple access (BOMA) has been introduced. BOMA originates from the 

building-block based design of multilevel code present in. Therefore, in both BOMA and 

NOMA, the transmitted signal constellation originates from the building-block based 

constellations presented in. However NOMA and BOMA differ in the selection of signals and 

allocation of power to the signals within the same bandwidth. Since BOMA views multiple 

signals on an overall building-block based constellation, it is capable detecting all signals 

simultaneously by extracting the information of each signal separately using the overall 

constellation. As a result, BOMA does not require the use of SIC as it is commonly proposed for 

the detection of NOMA. 
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1.3 Literature Review  

Parallel concatenated codes (PCCs) and serial concatenated codes (SCCs) are widely studied in 

error control coding [1]-[7]. Turbo codes [8] are parallel concatenated convolutional codes that 

can performance very close to the Shannon limit. In [8], turbo codes have been constructed using 

recursive convolutional component codes and a uniform interleaver. In [1], the bit error 

probability of PCCs has been evaluated to demonstrate that turbo codes can perform close to the 

Shannon limit. It has been shown that both the interleaver length and constituent codes influence 

the overall performance of PCCs [1]. The interleaver length of a PCC should be chosen to 

achieve sufficient interleaver gain, and the component codes of PCC should be chosen to 

maintain sufficient effective free distance in order to lower the error floor to the desired value. 

The performance of parallel concatenated block codes (PCBCs) has also been analyzed [1], [9]-

[11]. 

    Serially concatenated codes (SCC) have been studied and it has been shown that the 

interleaver gain can be made significantly higher than that of turbo codes by using a properly 

designed interleaver [1]. The interleaver design in serial concatenation differs from that of 

parallel concatenation. That is because in a PCC, information bits which are usually uncorrelated 

are interleaved, whereas in a SCC, the output of the outer code which is correlated is interleaved. 

Usually uniform interleaver is used in both PCCs and SCCs [1] and it achieves interleaver gain 

as frame size increases. In a turbo product code (TPC), row column interleaver (RCI) is used to 

achieve the product distance [4], [5]. A class of deterministic interleavers for turbo codes has 

been proposed by introducing permutation polynomial method to design the interleaver. These 

deterministic interleavers can be algebraically designed to fit a given set of component codes. 

The performance of deterministic interleavers is similar or even better than that of random and 

semi-random interleavers. Recently constrained interleavers have been introduced [7] to achieve 

interleaver gain similar to that of uniform interleaving while maintaining the MHD at the product 

distance. In [12], [13], a constrained interleaving technique has been proposed to improve SCCs 

with inner recursive convolutional codes (IRCCs). Constrained interleaving presented in [12] can 

be used to design SCCs with MHD higher than of the product distance while simultaneously 

maximizing the interleaver gain. Constrained interleavers in [12] have been constructed using a 
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row column structure subject to a selected set of constraints. Based on the constrained interleaver 

in [13] single row constrained interleaver (SRCI) has been proposed in [14] for both SCCs and 

PCCs. SRCI interleavers have been derived from constrained interleavers by realizing that the 

same constraints of constrained interleavers in [12] with a single row. SRCI technique has been 

used to construct single row constrained turbo product codes (SR_CTPCs) and single row 

constrained turbo block-convolutional (SR-CTBC) codes. These codes have more flexible frame 

size than those of traditional TPC with RCI and it has been shown that the SRCI interleavers 

perform better than TPCs because of the higher interleaver gain introduced by SRCI.   

    Interleaving techniques have also been applied to coded modulation [15]-[17] to map coded 

bits onto signal constellation. It has been shown in [15] that bit-interleaved coded modulation 

with iterative decoding (BICM-ID) cam improve performance over both Rayleigh flat-fading 

channel and an additive white Gaussian noise channel. The results in [15] have been presented 

when the outer code is an 8-state, rate 2/3 convolutional code and when the selected modulation 

technique is 8-PSK. Chindapo and Ritcey have also provided a comprehensive analysis of 

BICM-ID with Square QAM constellations. Even though BICM-ID has a higher diversity order 

due to bit interleaving it has a smaller minimum squared Euclidean distance (MSED). 

Constrained interleaved coded modulation (CICM) [17] has been proposed to achieve both the 

highest possible minimum symbol Hamming distance (MSHD) and the highest possible MSED 

by introducing reverse Gray coding (RGC) policy for constellation mapping. In [17], a 

constrained interleaver has been designed with the selected RGC mapping to achieve the highest 

possible MSED and MSHD. It has been demonstrated that CICM schemes constructed with 

simple block codes perform better than traditional TCM and BICM-ID.  

    Multilevel codes (MLCs) have been proposed in [18] to transmit multiple coded streams 

simultaneously using a higher order signal constellation. In [18] MLCs have been constructed 

according to balance distance design rule to maintain roughly the same MSED at all levels 

thereby maintaining similar performance at all levels. The MLC transmitted symbols are formed 

by taking one bit each from each level. Specifically, if a MLC employs L levels, L bit long 

symbols are formed by taking one bit from each level to map onto a 2
L
-ary signal constellation. 

In addition to the balance distances rule, MLCs have been constructed according to the capacity 
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rule, coding exponent rule, cutoff rate rule and equal error probability rule. The MLCs are 

usually decoded using multistage decoding (MSD) which decodes the first level and moves up 

one level at a time by assuming all previous decisions have been made correctly [18]. It has been 

shown that the performance of MSD can be improved by using soft or hard iterative decoding. A 

traditional MLC designed under the balanced distances rule requires a set of carefully selected 

code at each level limiting the flexibility of the MLC. To solve this problem, a building block 

(BB) approach for designing multilevel codes [19], [20] has been proposed. The traditional 

method starts from an overall signal constellation and then uses a mapping policy, while the BB 

approach starts by designing a BB constellation for the first level of MLC and the use two copies 

of this BB to build a second level constellation. This BB design method provides more flexibility 

on the selection of component codes on each level. It has been shown that MLCs constructed 

using the BB approach perform better than the MLCs constructed according to the balanced 

distances rule [20]. 

    NOMA has been introduced in [21]-[26] to improve the overall throughput in communication 

system. Unlike orthogonal frequency division multiple access (OFDMA), NOMA allows users to 

share the same bandwidth, however, signals are separated by the allocation of power to different 

user equipment (UEs). This power allocation should be determined to achieve the balance 

between system capacity and user fairness. It has been shown that NOMA can achieve capacity 

gains compared with OFDM [21]. NOMA signals are usually decoded using successive 

interference cancellation (SIC) at the receiver [27]. The performance of NOMA in 5G systems 

with randomly deployed users has been analyzed in [22]. It has been demonstrated that NOMA 

can achieve better outage performance than OFDMA if the rates and the power allocations of 

users are carefully chosen [26]. In [21], the system-level performance of NOMA in the LTE has 

been analyzed by taking into account of adaptive modulation and coding (AMC), hybrid 

automatic repeat request (HARQ), time/frequency-domain scheduling and outer loop link 

adaptation (OLLA), in addition to specific functionalities of NOMA such as dynamic multi-user 

power allocation. It has been shown in [21] that the overall cell throughput and cell-edge user 

throughput of NOMA are all superior to those of other orthogonal multiple access (OMA) 

systems. Two main multiplexing techniques used in NOMA are: power-domain multiplexing and 
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code-domain multiplexing [23]. A comprehensive comparison of different NOMA schemes has 

been discussed in [23]. Cooperative NOMA has been proposed to improve the outage probability 

and the outage capacity [22]. Cooperative NOMA uses the fact that users with better channel 

conditions have prior information about other users in SIC at UE receiver [27], [28]. NOMA 

technique has also been applied to MIMO [22]. A new design of precoding and detection 

matrices for MIMO-NOMA has been proposed [24]. MIMO-NOMA can outperform 

conventional MIMO-OMA and the performance gain of MIMO-NOMA can be further improved 

with joint design of precoding and power allocation [24]. 

1.4 Scope of the Dissertation 

    This dissertation consists of three parts. It first consists of interleaver design. In particular, it 

presents a single row constraint interleaver structure for serially concatenated codes. It has been 

done by modifying the constraint interleaver that has been designed in [12] with a row/column 

structure into a single row structure while maintaining all required constraints. As a result, it is 

demonstrated that a single row constraint interleaving is better than the original constraint 

interleaving. The second part of this dissertation compares (NOMA) with (BOMA) and 

introduces an improved version of BOMA which is referred to as improved-BOMA (IBOMA). It 

is demonstrated that both NOMA and BOMA employ a sparse signal constellation for 

transmission. It is also pointed out that such sparse signal constellations are identical to the 

constellations obtained for multi-level codes using the building-block design approach that has 

been presented in [20]. The third part of the dissertation deals with throughput enhancing 

methods of a communication system. Specifically, throughput enhancing concatenated codes 

(TECCS) are constructed using block component codes. In addition, a simultaneous packet 

transmission (SPT) method is introduced to transmit a higher number of packets using multiple 

transmission streams. It is demonstrated that a throughput of a communication scheme can be 

increased by about 20%-25% using TECC technique and by about 20%-30% using the SPT 

technique. 
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CHAPTER 2 

SINGLE ROW IMPLEMENTATION OF CONSTRAINED INTERLEAVERS IN 

SERIAL CONCATENATION 

2.1 General Description 

    Figure 2.1 shows the general structure of a turbo product code (TPC) constructed using two 

component codes C1 (n1, k1) and C2 (n2, k2) and an interleaver π. It has been discussed in the 

literature that the interleaver plays an important role in the design of a SCC [12]. It is known that 

as the interleaver size increases the performance of a SCC can be improved by increasing the 

interleaver gain. In the literature [12], different forms of interleavers such as random interleavers, 

deterministic interleavers, row/column interleavers have been discussed. The performance of a 

TPC depends on the interleaver gain and the minimum distance of the concatenation [28]-[31]. 

However, optimizing performance with respect to both the interleaver gain and the minimum 

distance is almost impossible for a large interleaver [1]. As a result, the interleavers are usually 

designed either focusing on the interleaver gain or on the minimum distance. For example, 

random interleavers focus on the interleaver gain while row/column interleavers focus on 

achieving the highest possible minimum distance. In [7], a constraint interleaver has been 

designed to achieve the highest possible minimum distance while simultaneously achieving an 

interleaver gain close to that of uniform interleaving. The constraint interleavers in [7] however 

employ a row/column structure with number of rows L=k2. As a result, the row length of an 

interleaver is lowered by a factor equal to the number of rows, thereby lowering the interleaver 

gain. Hence it is desirable to design constraint interleavers using a single row while satisfying all 

constraints of a constrained interleaver constructed in a row/column form. 

 
 

Figure 2.1. General structure of a TPC 
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2.2 Single Row Construction of Constrained Interleavers in TPCs 

    In [7], constrained interleaving (CI) based TPCs, (CITPCs), are formed as a concatenation of 

an (n1, k1) outer block code (OBC) with minimum Hamming distance (MHD) do and an (n2, k2) 

inner block code (IBC) with MHD di. Interleaving in CTPCs is performed by: a) feeding coded 

bits of ρk2 (ρ>1) number of codewords of the OBC along rows into a k2 by ρn1 array; b) 

uniformly interleaving each row r, r = 1, 2,..., k2, independently; c) uniformly interleaving each 

column c, c = 1, 2, ..., ρn1, independently; and d) reading the interleaved sequence, u, along 

columns. Similar to standard TPCs that use row/column interleaving (RCI), the MHD of CITPCs 

equals to the product distance, dodi [7]. However, CITPCs also benefit from the CI’s interleaver 

gain, which is similar to that of uniform interleaving (UI). A performance lower bound of CTPCs 

derived in [7] can be reached by increasing ρ, which is proportional to the frame size. 

    The selected values of L of traditional CI-TPCs are L = k2 and L used by CI-2 must be large 

enough to obtain the target value of MHD [12]. However, for any fixed frame size, increasing 

the number of rows L causes the number of codewords per row ρ to decrease, which leads to a 

lower interleaver gain. Also, since the frame size is equal to Lk1ρ message bits, each valid frame 

size must be a multiple of Lk1. Hence, the frame size selection is most flexible and the interleaver 

gain is maximized when L = 1. However, the CITPC and CI-2 interleavers are row/column 

structures whose parameter selections generally force L > 1. In this paper, a single row (L = 1) 

implementation of CITPC, referred to as SRCI-TPC, is introduced. 

2.3 Construction of SRCI-TPC 

    Consider a single frame of a SRCI that consists of ρ codewords of the (n1, k1) OBC. To 

compare SRCI with traditional CI, let ρ = Lρ’, where ρ’ is the number of codewords on each of 

the L rows of the CI. Let aj = (aj0, aj1, ..., aj(k1−1) ) and cj = aj[G] =(cj0, cj1, . . . cj(n1−1) ), j = 0, 1, 2, 

..., ρ− 1, respectively, denote the set of ρ independent message blocks and the corresponding 

codewords in the frame, where G is the generator matrix of the OBC. Let b be the sequence of 

coded bits formed as b(i) = cjp , where i = 0, 1, ..., (ρn1 − 1), j = ⌊𝑖/𝑛1⌋, p = i − n1j, and ⌊𝑥⌋ is the 

standard floor function of x. The SRCI interleaver π places b(i), 0 ≤ i < ρn1, at an interleaved 
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position on the interleaved sequence u, i.e., u(π(i)) = b(i). The sequence u is fed to the inner code 

to generate the sequence.  

    The following Lemma (Lemma 1) establishes the construction of the SR-CTPC: 

Lemma 1: Divide the input of the interleaver (i.e., sequence b) into blocks of n1 coded bits each 

and its output sequence u into blocks of k2 interleaved coded bits each. The SRCI-TPC constraint 

is that any two coded bits of any input block cannot be placed into the same output block. The 

SRCI-TPC constraint guarantees that the CI-TPC constraints imposed by CTPC will also be 

satisfied. 

Proof: Following the design steps in [7], CI-TPC randomizes the contents of b independently 

along rows and columns of a k2 by ρn1array subject to the constraint that every coded bit of a 

codeword of the OBC is fed into a different codeword of the IBC. Note that every block of b is a 

codeword of the OBC, and every block of u is a message block of the IBC. Hence, feeding 

different coded bits of an input block into different blocks of the output guarantees that different 

coded bits of a codeword of the OBC are fed into different codewords of the IBC, without using 

k2 by ρn1 row/column array, thereby proving Lemma 1. 

    Instead of using the k2 by ρn1 array, the SRCI-TPC interleaver places each coded bit cjp at 

position i = (jn1 + p) on b, where j=0, 1, 2, ..., ρ− 1, p = 0, 1, ..., n1 − 1, at an interleaved position 

π(i) on u by using the following steps: 1) For every q, 0 ≤ q < p, identify positions from X(q) to 

Y(q) (including X(q) and Y(q)) on u, where X(q) = ⌊𝑘2𝜋(𝑞)⌋/𝑘2 and Y (q) = X(q) + k2−1; and 2) 

Randomly select a position π(i) among the remaining positions on u that are vacant. Note that 

X(q) and Y(q), respectively, represent the starting and the ending positions of the block in which 

the coded bit cjp is placed on u, and hence the above steps ensure that cjp is placed on a block of u 

that has not yet been used by the codeword cj . 

 

2.4. Performance Analysis of SR-CITPC 

    We analyze the performance of a concatenated code constructed according to SRCI that 

transmits a uniformly interleaved version of its coded sequence v using a QPSK constellation. As 

in [28]-[31], starting from the union bound and approximating it to only the contributions made 
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by minimum weight sequences of v, which are originated from one and two codewords of the 

OBC, the asymptotic bit error rate (BER) of SRCI scheme can be expressed as 

𝑃𝑒 ≤ ∑ ∑ 𝑝𝑒(𝑑, 𝑛𝑐) = 

𝑛𝑐𝑑>𝑑𝑡

∑ ∑ 𝐴(𝑑, 𝑛𝑐)𝑃(𝑑, 𝛾𝑑)

𝑛𝑐𝑑>𝑑𝑡

 

                                              ≈   𝐴(𝑑𝑡, 1)𝑃(𝑑𝑡, 𝛾𝑑) + 𝐴(𝑑𝑡, 2)𝑃(𝑑𝑡, 𝛾𝑑)       (2.1) 

where Pe (d, nc ) and A(d, nc ) are, respectively, the BER contribution and the corresponding 

error coefficient of coded sequences v of weight d generated by nc nonzero codewords of the 

OBC, each with weight do, and P(d, γb ) is the pair-wise probability of that weight d coded 

sequence at a bit signal-to-noise ratio of γb = Eb/N0. To express A(d, nc ), we denote: 

1) the total number of ways a single weight do codeword of the OBC can be placed in the SRCI          

by N1; 

2) the number of ways a weight do codeword of the OBC can generate a coded sequence v of the 

concatenation with weight dt by Ne (1); 

3) the total number of ways two codewords of the OBC, each with weight do , can be placed in 

the SRCI by N2; 

4) the number ofways two codewords of the OBC, each with weight do , can generate a coded 

sequence v of the concatenation with weight dt by Ne (2), subject to all constraints of the SRCI 

interleaver. Furthermore, denoting the number of weight do codewords of the OBC by 𝐶𝑑𝑜
 and 

the average number of message bits in a single codeword of the OBC with weight do by μ, the 

error coefficient A(d, nc ) can be expressed as  

𝐴(𝑑, 𝑛𝑐) =
𝜇𝑛𝑐

𝑘𝜌
(

𝜌

𝑛𝑐
) 𝐶𝑑𝑜

𝑛𝑐
𝑁𝑒(𝑛𝑐)

𝑁𝑛𝑐

   (2.2) 

The expressions for N1, Ne (1), N2, and Ne (2) of SR-CTPC are given by 

𝑁1 = (
𝜌𝑛/𝑘2

𝑑𝑜
) 𝑘2

𝑑𝑜 

𝑁𝑒(1) = (
𝜌𝑛/𝑘2

𝑑𝑜
) 𝑘2

𝑑𝑜 

𝑁2 = ∑ (
𝜌𝑛/𝑘2

𝑦
)

𝑑𝑜

𝑦=0

 (
𝑘2

2
)

𝑦

(
𝜌𝑛/𝑘2 − 𝑦

2(𝑑𝑜 − 𝑦)
) 𝑘2

2(𝑑𝑜−𝑦)
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𝑁𝑒(2) = (
𝜌𝑛/𝑘2

𝑑𝑜
) (

𝑘2

2
)

𝑑𝑜

   (2.3) 

Furthermore, noticing that every coded bit placed in a different block generates a codeword of 

the IBC with at least weight di , and every single weight do codeword of OBC generates a weight 

dodi coded sequence v, which results in Ne (1) = N1. Hence, single codewords of the OBC do not 

achieve any interleaver gain, and the error rate contribution made by all single codewords of the 

OBC with weight do is given by 

𝑃𝑒,𝑙 = 𝑃(𝑙, 𝑑𝑜 , 𝑑𝑖) =
𝜇𝐶𝑑𝑜

𝑘
𝑃(𝑑𝑜, 𝑑𝑖, 𝛾𝑏)   (2.4) 

which acts as a lower bound of SR-CTPC and is the same lower bound of the CTPC presented in 

[7]. Similarly, when nc = 2, noticing that: 

1)  the sequence u is divided into ρn/k2 number of blocks, each with k2 coded bits of the OBC; 

2) the two codewords of the OBC, each with weight do , can share any number of blocks 

between zero and do on u; and 

3)  a weight dodi sequence v results only when both codewords choose the same set of do blocks 

on u, we obtain the expressions for N2 and Ne (2) above.  

    Figure 2.2 shows the simulated BER variation over a Gaussian and an independent Rayleigh 

fading channel with ρ = 8 of an SR-CTPC code whose OBC is the (8, 7) SPC and whose IBC is 

the (8, 4) extended Hamming code as per the 802.16aWiMax standard. The simulated BER 

variations of the corresponding standard TPC with RCI and CTPC schemes with the same frame 

size are also plotted in Figure 2.2. It is seen that SR-CITPC that employs a single row performs 

better than CITPC that employ L=k2 rows and they both perform better than traditional RCI. 
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Figure 2.2. BER variation of SR-CTPC constructed from an (8, 4) OBC and (8, 7) IBC along 

with those of standard TPC and CTPC over a Gaussian and an independent fading Rayleigh 

channel 
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CHAPTER 3 

CONSTRAINED INTERLEAVED CODED MODULATION (CICM) OF OUTER 

CONVOLUTIONAL CODES 

3.1 Introduction 

    In [17], constrained interleaved coded modulation (CICM) has been presented to map coded 

bits onto a higher order signal constellation. CICM first selects a reverse Gray coding (RGC) 

mapping policy on the signal constellation and then designs an CICM interleaver to interleave 

the coded bits to achieve the highest possible MSED of transmitted signals according to the 

selected RGC mapping policy. A systematic way to derive the RGC mapping policy and to 

construct the CICM interleaver has been documented in [17]. The CICM technique presented in 

[17] is however limited to an outer block code. In this chapter the CICM interleaver design is 

technique is extended to outer convolutional codes (OCCs) by properly modifying the constraints 

in CICM. In addition, the CICM of OCCs is used to best derive the puncturing of convolutional 

codes to achieve the highest possible MSED on a higher order signal constellation. 

3.2 CICM of OCCs (CICM-OCCs) 

3.2.1 General Description 

    Puncturing is a well-known technique discussed in the literature to generate a higher rate code 

starting from a lower rate mother code [31]. Traditionally, a simple puncturing policy is selected 

heuristically to remove coded bits of the mother code periodically to achieve the highest possible 

minimum Hamming distance (MHD) of the punctured code. However, when punctured codes are 

mapped onto a higher order signal constellation, the performance of the coded scheme depends 

on the minimum squared Euclidean distance (MSED) that can be achieved by the coded scheme. 

Hence, selecting the puncturing policy to achieve the highest possible MHD does not necessarily 

guarantee the best possible performance of the overall punctured coded scheme. Related to the 

mapping of coded bits onto a higher order constellation, a constrained interleaved coded 



 

14 

modulation (CICM) technique has been recently proposed in [17]. The CICM design is done in 

two steps. First, a reverse Gray coding (RGC) mapping policy is used to map combinations of m 

coded bits onto a 2
m

-ary signal constellation so that (a) the highest possible Euclidean distance is 

maintained for all one bit differences, and (b) the Euclidean distance is gradually lowered for 

higher bit differences [17]. For example, Figure 3.1 illustrates RGC mapping on the QPSK and 

16-QAM constellations. A CICM interleaver is then selected based on the chosen RGC mapping 

policy to (a) achieve the highest possible minimum symbol Hamming distance (MSHD), ds, 

thereby spreading the coded bits of every coded sequence into at least ds number of transmitted 

symbols, and (b) to achieve the highest possible MSED value, 𝐷𝑚𝑖𝑛
2 , of the transmitted signal. 

For a given outer block code (OBC) and a given 2
m

-ary signal constellation, a systematic way to 

select a RGC mapping policy and a CICM interleaver has been presented in [17].  

 
Figure 3.1. Signal constellation of CICM with RGC 

 

    In this study, using appropriate adjustments, the CICM design technique that was presented in 

[17] for OBCs is first extended for outer convolutional codes (OCCs) to achieve the highest 

possible values of ds and 𝐷𝑚𝑖𝑛
2 . The CICM schemes developed with the mother code according to 

the CICM construction rules are then used to generate punctured codes by identifying the best 

positions on the coded stream that should be punctured out. 
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3.2.2 CICM with Outer Convolutional Codes (CICM-OCC) 

    The CICM technique has been introduced in [17] for OBCs. Block codes have the attractive 

property that every coded bit belongs to its own well defined codeword. Hence, the CICM 

interleaver in [17] has been designed as a m by ρn/m array to map coded bits of a given number 

of ρ codewords of a (n; k) OBC on to the 2
m

-ary constellation by feeding columns of   to form 

symbols on the constellation. The coded bits of codewords of the OBC are placed in the CICM 

interleaver subject to the following two constraints: (a) place the coded bits of every codeword in 

as many different columns as possible, and (b) distribute the coded bits of every codeword 

among rows as evenly as possible to achieve the highest possible 𝐷𝑚𝑖𝑛
2  value. In addition, the 

following third constraint: (c) coded bits from any two different codewords are not allowed to 

share more than a pre-selected number of columns, is introduced to limit the number of columns 

in Γ two different codewords of the OBC can share in Γ. The constraints (a) through (c) of the 

OBC can be viewed as the interleaver Γ is designed to place coded bits of every codeword along 

as many columns as possible and as evenly as possible among rows, while limiting the number 

of columns two different codewords can share with each other. 

    Due to the memory and the absence of well-defined codewords of a convolutional code, the 

CICM design technique should be modified when used with an OCC. Throughout this paper, low 

weight coded sequences are defined as coded sequences of the OCC with Hamming weight 

lower than a pre-selected Hamming weight dl> d0, where, d0 is the free distance of that OCC. 

Note that any coded bit of an OCC can be involved with a low weight coded sequence only 

within a limited segment of the coded sequence. Specifically, in an N bit long coded sequence of 

an OCC, for every i
th

 coded bit b(i), i = 1, 2, …, N , the set of coded bits up to λ coded bits on 

each side of b(i), A(i), can be considered as the set of coded bits responsible for generating low 

weight coded sequences that include the coded bit b(i). The value of λ for a given OCC can be 

chosen numerically based on the pre-selected value of dl. Throughout this paper, the set A(i) of 

coded bit b(i) is defined as the virtual codeword of the coded bit b(i). Based on the above 

definition, the virtual codeword of the coded bit b(i) can be specifically written as, 
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𝐴(𝑖) = {

{1,2, … , 𝑏(𝑖 + 𝜆)}
{𝑏(𝑖 − 𝜆), 𝑏(𝑖 − 𝜆 + 1), … , 𝑏(𝑖 + 𝜆)}     
{𝑏(𝑖 − 𝜆), 𝑏(𝑖 − 𝜆 + 1), … , 𝑁}

1 ≤ 𝑖 ≤ 𝜆
𝜆 ≤ 𝑖 ≤ 𝑁 − 𝜆
𝑁 − 𝜆 ≤ 𝑖 ≤ 𝑁

   (3.1) 

 

 
Figure 3.2. Illustration of the virtual codeword of coded bit b(i) 

 

    Figure 3.2 illustrates the virtual codeword A(i) of the coded bit b(i), i > λ, that contains (2
λ
 + 

1) coded bits within it. With the introduction of virtual codewords A(i); i = 1, 2, …, N , of the 

OCC according to (1), the CICM technique in [17] can be applied to OCCs. First the same RGC 

mapping policy, illustrated in Figure 3.1, is used on the constellation. Then the interleaver Γ is 

designed as a m by N/m array for mapping the coded bits of the OCC onto the 2
m

-ary signal 

constellation. Specifically, the interleaver Γ is designed by (a) distributing coded bits of every 

A(i) in as many columns as possible, (b) distributing coded bits of every A(i) as evenly as 

possible among rows to achieve the highest possible 𝐷𝑚𝑖𝑛
2 , and (c) limiting the maximum 

number of columns any two nonoverlapping virtual codewords A(i) and A(j), i ≠ j , can share to 

a preselected value na, where, non-overlapping virtual codewords are those that do not share any 

common coded bits. This pre-selected value na can be chosen to ensure that any combination of 

two or more nonoverlapping codewords result in a MSED value greater than 𝐷𝑚𝑖𝑛
2 . By 

identifying the coded bits by their respective positions on the coded stream, Figure 3.3 illustrates 

the placement of coded bits of an OCC in the interleaver Γ , when λ = 2 and na = 1 for QPSK 

signaling. In Figure 3.3, every virtual codeword, that contains (2
λ
 + 1) = 5 coded bits, places at 

least 2 of its coded bits on the first row while also placing all its five coded bits in different 

columns. Specifically, the virtual codeword A(3) = {1, 2, 3, 4, 5}, that is highlighted in Figure 

3.3, places all its bits in different columns with 3 bits on the first row and 2 bits on the second 

row. As a result, the placement of coded bits shown in Figure 3.3 along with the selection of na = 
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1 achieves the highest possible MSHD and MSED values on the constellation shown in Figure 

3.1(a). 

 
Figure 3.3. Interleaver Γ of QPSK with λ = 2; na = 1 

3.2.3 Puncturing Derived from Γ 

    In this section, the best puncturing policy of the coded schemes constructed above is derived 

to achieve the highest possible MSED for a given code rate of the resulting punctured code. This 

is done by first evenly dividing the coded bits of the OCC into blocks of (λ + 1) bits and then 

finding the number of positions p< (λ + 1) that need to be removed from these (λ + 1) coded bits 

to achieve the desired final code rate r(λ+1)/(λ+1-p) of the punctured code, where r is the rate of 

the mother code. Then, p number of coded bits from every block are identified on the interleaver 

Γ to be removed while (a) maintaining the same number of identified positions on each of the m 

rows of Γ, and (b) maintaining the highest possible MSED achieved by the remaining coded bits 

on Γ. This can be systematically done by identifying coded bits on Γ that would lower the MSED 

by the least amount when removed, while maintaining the same number of identified positions 

on every row. These positions are then removed from Γ, which however, leaves empty positions 

(holes) in it. The final step is to fold the interleaver Γ to have reduced number of completed 

columns with no holes. This can be done by combining two or more columns with holes that do 

not have any aligning holes. For example, when m = 4, a column with holes in the first two rows 

can be combined with a column with holes in the last two rows. The columns with holes should 

be combined as much as possible to also form completed columns with coded bits from different 

virtual codewords. Hence, the resulting coded scheme would maintain the highest possible 

MSHD in the resulting punctured code in addition to achieving the highest possible MSED. The 

CICM-OCC signaling schemes and the punctured signaling schemes discussed above can be 

decoded similar to the decoding of any bit-interleaved coded modulation signaling scheme with 

iterative decoding (BICM-ID) [16]. Specifically, all schemes constructed here employ iterative 
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decoding by soft decoding the OCC and exchanging extrinsic information between the 

demodulator and the OCC.  

3.2.4 Numerical Results  

    In this section, the effectiveness of the CICM-OCC design technique described above is 

demonstrated using a (5, 2) rate 1/2 convolutional mother code that has MHD dm = 5, along with 

QPSK and 16-QAM constellations in Figure 3.1. These schemes are then used to generate two 

separate punctured codes, one with rate 2/3 and the other with rate 3/4, using the puncturing 

technique outlined above. Figure 3.4 and 3.5 show the bit error probability (BEP) variations over 

an additive white Gaussian noise (AWGN) channel with power spectral density N0=2 when 

transmitted over the QPSK channel and 16-QAM channel respectively. 

 
Figure 3.4. BER variation of CICM-OCC and punctured CICM-OCC schemes constructed with 

QPSK 
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Figure 3.5. BER variation of CICM-OCC and punctured CICM-OCC schemes constructed with 

16-QAM 

 

    For comparison, the BEP variation corresponding to the rate 1/2 mother code with traditional 

uniform interleaving and Gray coding is also plotted in Figure 3.4 and 3.5. All BEP variations 

have been obtained using iterative decoding with 12 iterations. It is seen from Figure 3.4 and 

Figure 3.5 that the CICM-OCC technique is significantly better than the traditional method of 

mapping coded bits onto a higher order constellation. It is also seen that the proposed puncturing 

technique is very effective as it degrades the performance by only 1.2dB and 1.0dB from the 

mother code in QPSK and 16-QAM constellations respectively even for the rate 3/4 punctured 

code. Note that in the traditional puncturing which is done based on MHD, the highest 

achievable MHD is MHD=3 for both rate 2/3 and rate 3/4 punctured codes. As a result 

traditional schemes with rates 2/3 and 3/4 would degrade by about 10log10(5/3) = 2.22dB from 

the rate 1/2 mother code which is much higher than the degradation caused by the proposed 

puncturing technique. In fact, it is seen from Figure 3.4 and 3.5 that puncturing according to the 

proposed puncturing technique generates schemes that are significantly better than traditional 

schemes generated by even the rate 1/2 mother code. 
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3.3 Chapter Summary 

    The CICM technique known to map coded bits of outer block codes onto a higher order 

constellation has been extended with proper adjustments for outer convolutional codes. A novel 

puncturing technique based on the mapping onto the constellation has been proposed to generate 

powerful punctured coded schemes. Numerical results demonstrate that the proposed mapping 

and puncturing techniques perform significantly better than traditional methods. 

    Due to the increasing demand, all communication systems are looking into increasing the 

throughput while maintaining high level of performance. For example, the current 4G-LTE 

system is moving into 5G transmission to meet with the demand. Similarly, optical transport 

network (OTN) is planning on expanding 100G systems into 1T systems in the near future. Even 

though the current systems strive to expand their capacity to meet the increasing demand, they 

face many challenges in achieving their actual goal. In order to overcome these challenges, it is 

necessary to search for novel transmission techniques that can increase the throughput within a 

limited bandwidth subjected to a power constraint.  
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CHAPTER 4 

COMPARISON OF NOMA, BOMA AND INTRODUCTION OF IBOMA 

4.1 Introduction  

    With the increase in demand, it is highly desirable to search for throughput enhancing 

techniques, particularly on the downlink of 4G and 5G wireless systems. The current 4G long 

term evolution (LTE) system employs adaptive modulation by selecting a particular modulation 

technique among quadrature phase shift keying (QPSK), 16-QAM, 64-QAM and 256-QAM, for 

each user depending on its channel condition. In addition, the code rate of the turbo code used in 

the LTE is also varied in each constellation. As a result, 4G LTE employs a lower code rate with 

QPSK modulation when the channel is very weak and a higher code rate with a bigger 

constellation when the channel is strong.  

    In order to increase the system throughput on the downlink of the LTE, it is desirable to 

transmit signals from different users within the same resource element (RE). Currently, the 

multi-user multiple input multiple output (MU-MIMO) employed in the LTE 

allows transmission of signals from more than one user within the same RE. However, MU-

MIMO has practical limitations as it requires users for MU-MIMO to have uncorrelated channels 

(ideally orthogonal at both the transmitter and the receiver). Further, the signals used with the 

same RE should have similar channel parameters including the channel rank indicator (RI), 

channel quality indicator (CQI) and precoding matrix indicator (PMI) to minimize inter-user-

interference. Compared with MU-MIMO, non-orthogonal multiple access (NOMA) [21]-[24] 

and building block sparse constellation based orthogonal multiple access (BOMA) can much 

easily transmit signals from different users within the same RE. In addition, both NOMA and 

BOMA can be used with MU-MIMO to further increase the throughput. Several forms of 

NOMA have been proposed to transmit multiple signals simultaneously over the same 

bandwidth. The form of NOMA that differentiates signals in power is considered here to transmit 

more than one signal within the same RE on the downlink of the LTE. Recently, in [19], [20], 

BOMA has been proposed to again transmit more than one signal within a single RE on the 
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downlink. For example, when a user with a weaker channel that is assigned to use QPSK 

modulation to transmit its information, both NOMA and BOMA can additionally transmit two 

bits of a second user with a stronger channel that is assigned to use 64-QAM. Both NOMA and 

BOMA techniques can be employed in a system that employs adaptive modulation and coding 

by identifying the intervals during which these techniques can be employed to transmit bits of a 

stronger user while transmitting bits of a weaker user. Hence, both NOMA and BOMA 

techniques can be used on the downlink of the LTE that employs adaptive modulation and 

coding. 

    In this study, NOMA and BOMA techniques are compared on the downlink of the LTE for 

simultaneous transmission of more than one user in the same RE. It is explained that both 

BOMA and NOMA employ a sparse signal constellation similar to those derived using the BB-

MLC design principle described in [19], [20]. It is demonstrated that BOMA performs slightly 

better than NOMA, and further, the decoding complexity of BOMA is significantly lower than 

that of NOMA. It is further demonstrated that the overall throughput increase of BOMA and 

NOMA using simultaneous transmission is however achieved by degrading the performance of 

the weaker user. In order to reduce the performance loss of the weaker user, an improved BOMA 

(IBOMA) technique is proposed in this study. IBOMA employs the constrained interleaved 

coded modulation (CICM) principle presented in [17] for the weaker user to mitigate its 

performance loss.  

4.2 BB-MLC, BOMA and NOMA 

4.2.1 Building Block Construction of Multilevel Codes (BB-MLC) 

     In [20], the BB-MLC technique has been introduced for the construction of multilevel codes 

(MLCs). BB-MLCs adopt a signal constellation based on the coding power of different codes 

employed at different levels of a MLC. The constellation is developed systematically by starting 

with a chosen constellation for the lowest (1
st
) level of the MLC that has the highest coding 

power. Using that constellation as a building block (BB), the signal constellation for the first two 

levels is developed by selecting a tiling constellation for the 2
nd

 level and placing that BB at all 
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points of that tiling constellation. The spacing between the tiling points is determined based on 

the coding power of the component codes to maintain the same minimum Euclidean distance 

(MED) for both levels. This process is continued up to the highest level of the MLC by 

considering the current constellation as a BB and placing copies of that at tiling points of the 

newly introduced level, and adjusting the spacing between the tiling points to achieve the same 

MED for all levels. MLCs constructed according to the BB-MLC principle are decoded by using 

iterative decoding and exchanging extrinsic information between levels as described in [20], 

[32]. 

4.2.2 Building Block Sparse Constellation Based Orthogonal Multiple Access (BOMA)      

     By observing the similarity between the use of different coding powers at different levels of a 

MLC and the unavoidable variation of channel quality among users in a multi-user application, 

BOMA uses the BB-MLC principle to increase the overall throughput of the downlink of the 4G 

LTE systems. BOMA allows the construction of a signal constellation to transmit information of 

multiple users simultaneously by transmitting coded bits of a user with a stronger channel while 

transmitting coded bits of a user with a weaker channel. Figure 4.1 shows an application of 

BOMA with two users. Specifically, a user equipment (UE) with a higher quality channel that is 

assigned to use 64-QAM, UE1, can additionally transmit two of its LTE turbo coded bits, b1b2, 

when a weaker UE that is assigned to use QPSK, UE2, transmits two of its LTE turbo coded bits, 

a1a2, on the downlink of the LTE. Following the BB-MLC approach, a 16-ary sparse 

constellation shown in Figure 4.1 can be used to transmit two bits of UE2 while additionally 

transmitting two bits of UE1. Following [20], the 16-ary sparse constellation has been derived as 

illustrated in Figure 4.1 by (a) considering a smaller square QPSK constellation with 

constellation points at (±b, ±b), and (b) using the constellation in (a) as a BB and placing four 

copies of it at the bigger square tiling constellation points (±a', ±a'). The smaller building block 

constellation is used for the two coded bits b1b2 of UE1 (that has a stronger channel) and the 

bigger tiling constellation is used for the two coded bits a1a2 of UE2 (that has a weaker channel). 

As illustrated in Figure 4.1, both the building block constellation and the tiling constellation 

individually employ Gray coding to result in the mapping policy on the 16-ary sparse 
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constellation shown in Figure 4.1. This example of two users UE1 and UE2 that employs the 16-

ary sparse constellation shown in Figure 4.1, referred to as the “two-user example”, is used 

throughout this study to compare NOMA and BOMA, and to introduce IBOMA.  
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Figure 4.1. Generation of BOMA signals in the two-user example 

 

     Due to the displaced nature of users in a multi-user system, unlike in MLCs, iterative 

decoding among users is not possible, except for the user with the best channel which is capable 

of decoding signals of all other users. Hence, in BOMA, each user preferably extracts bit metrics 

of its own bits once from the received signal and decodes without ever going back to the 

constellation during decoding. In addition, each user could extract its bit metrics using the 

overall sparse constellation used. The user with the weakest channel can optionally extract its bit 

metrics as if its tiling constellation was used during transmission to simplify the decoding at the 

expense of minimal performance degradation. Hence, in the two-user example, the bit metrics of 

UE1 are extracted using the 16-ary sparse constellation in Figure 4.1 while those of UE2 are 

extracted either by (a) method 1: using the QPSK tiling constellation with constellation points 

(±a', ±a') or (b) method 2: using the 16-ary sparse constellation in Figure 4.1. Specifically, UE1 

extracts the bit metrics of the last two bits of every transmitted symbol while UE2 extracts those 

of the first two bits of every transmitted symbol.   

4.2.3 Non-orthogonal Multiple Access (NOMA)      

     NOMA can transmit multiple signals simultaneously over the same bandwidth by 

differentiating them in power. The distribution of power among signals is decided to maximize 
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the overall capacity [25]. In NOMA, signals are decoded using successive interference 

cancellation (SCI). During decoding, NOMA (a) decodes the signal with the highest power by 

considering every other signal present in the transmitted signal as interference, (b) regenerates an 

estimate of that signal with the highest power based on the decoded signal in (a), (c) subtracts the 

estimate found in (b) from the received signal to remove the component of the signal decoded in 

(a), and (d) repeat steps (a) through (c) down to the last signal that has the lowest transmitted 

power. 

     Let us consider the application of NOMA in the two-user example discussed in section 4.2.2 

to transmit two bits each of UE1 and UE2 simultaneously on the downlink of the LTE. Since 

each user transmits two of its coded bits during each interval, both UE1 and UE2 would employ 

a QPSK constellation, however, with different transmitted powers. Since the channel for UE2 is 

weaker, the power employed by UE2, P2, would be higher than the power employed by UE1, P1, 

i.e., P2>P1. Interestingly, the two individual QPSK constellations with different powers 

employed by UE1 and UE2 results in an overall sparse signal constellation similar to that in 

Figure 4.1. Therefore, in terms of the transmitted signal format, both BOMA and NOMA are the 

same, and further, they both result from the BB-MLC design principle in [20]. However, the 

spacing between tiles in BOMA is determined based on the Euclidean distance while that in 

NOMA is based on a more complicated capacity based approach. As a result, compared with 

NOMA, BOMA can adopt a simpler policy to combine users (like UE1 and UE2 in the two-user 

example) for simultaneous transmission based on their channel conditions. 

     Decoding of UE1 in NOMA begins by decoding of UE2 to estimate the transmitted signal 

component of UE2. Then using the SIC principle, the estimated signal component of UE2 is 

subtracted from the received signal to obtain an estimate of the transmitted signal component of 

UE1 which is used to decode UE1. On the other hand, UE2 decodes its information using the 

QPSK constellation used for UE2 as if the signal component of UE1 is interference. Hence, the 

receiver adopted by UE2 in NOMA is in fact the same as the receiver adopted in BOMA with 

decoding method 1 discussed in section 4.2.2. However, in BOMA, UE1 does not require 

detection of UE2 or to employ SIC, and hence, BOMA can decode UE1 and UE2 independently 

with significantly lower decoding complexity. 
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4.3 Analysis of BOMA and NOMA  

     This section compares BOMA and NOMA with respect to the two-user example. In order to 

analyze BOMA, let us first consider the transmission of the standard QPSK and 64-QAM 

constellations. Let the separation between two adjacent constellation points of the standard 

QPSK constellation be 2a and that of the standard 64-QAM constellation be 2b. In order to 

maintain the same transmitted power for both the standard QPSK and 64-QAM constellations, 

a
2
=21b

2
. Now let us consider the 16-ary sparse constellation in BOMA shown in Figure 4.1 that 

is capable of transmitting two additional coded bits of UE1 during transmission of two coded bits 

of UE2. In order to maintain the same transmitted power for the 16-ary sparse constellation in 

Figure 4.1 as for the standard QPSK or 64-QAM constellations, a' has to satisfy the condition, 

a'
2
+b

2
=a

2
, and hence, a'

2
=20b

2
. 

     Since the 16-ary sparse constellation in Figure 4.1 maintains the same minimum Euclidean 

distance (MED) for UE1 as in the standard 64-QAM constellation, the constellation in Figure 4.1 

offers bit metrics with the same quality as those obtained using the standard 64-QAM 

constellation for UE1. Hence, the performance of UE1 with the 16-ary sparse constellation in 

Figure 4.1 remains almost the same as if it used the standard 64-QAM constellation for 

transmission. However, since the MED of UE2 in Figure 4.1 can be lower than that of the 

standard QPSK constellation, the quality of bit metrics obtained for UE2 using the 16-ary sparse 

constellation in Figure 4.1 can be lower than those obtained using the standard QPSK 

constellation. In order to quantify the degradation of UE2 due to lowering of the MED, let us 

consider the case when the received and transmitted signals are the same. The bit metric of any 

bit c of UE2 can be approximately calculated as  

𝐿 =  𝑙𝑛 (
𝑝(𝑐 = 1)

𝑝(𝑐 = 0)
) = ln (

𝑒−𝑑1
2/𝜎2

𝑒−𝑑2
2/𝜎2)  = (𝑑2

2 − 𝑑1
2)   (4.1) 

where, 𝑑1
2 and 𝑑2

2 are the squared Euclidean distance from the received signal to the nearest 

symbol with c=1 and c=0 respectively of the constellation used for decoding, and σ
2
 is the 

channel noise variance. When the received and transmitted signals are the same, 𝑑1
2 and 𝑑2 

2  can 

be easily extracted from the transmitted constellation in Fig4.1 and the detection method (method 

1 or method 2) which determines the constellation used for detection. For example, let us 
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consider the L values in (1) when c=1 was transmitted. It is seen that d1=0 when the transmitted 

constellation is used for detection (method 2), while 𝑑1
2 = 𝑏2when the tile constellation of UE2 

is used for detection (method 1). Similarly, 𝑑2
2  depends on the exact transmitted constellation 

point in the 16-ary sparse constellation in Figure 4.1, whether it is an outer constellation point 

(like point A in Figure 4.1) or an inner constellation point (like point B in Figure 4.1), and the 

detection method. Noticing that the L value in (1) when c=1 is transmitted is L=4a
2
 if the 

standard QPSK constellation was used for UE2, the degradation in the quality of bit metrics 

obtained for the bits of UE2 when the constellation in Figure 4.1 is used can be found as 

10𝑙𝑜𝑔10 (4𝑎2/(𝑑2
2 − 𝑑1

2))dB. 

     Table 4.1 lists the highest value of 𝑑1
2  and 𝑑2

2 (resulting from points like point A), the lowest 

value of 𝑑1
2  and 𝑑2

2  (resulting from points like point B), and the corres-ponding L values 

according to (1) for the two detection methods when c=1 was transmitted. Table 4.1 also lists the 

degradation realized by UE2 for transmitting two additional bits of UE1 along with its own two 

bits by using the 16-ary sparse constellation in Figure 4.1 instead of only transmitting its own 

two bits using the standard QPSK constellation. It is seen from Table 4.1 that UE2 would suffer 

noticeably. The simulation results shown later demonstrate that the overall degradation in 

performance for UE2 is about 1.2 dB in the two-user example. Hence, BOMA increases the 

overall throughput at the expense of further deteriorating the performance of the weaker user.  

Table 4.1 Calculation of bit metrics in (4.1) using Figure 4.1 

Decoding 

method 

Constellation 

point 
𝒅𝟏

𝟐 𝒅𝟐
𝟐 L in (4.1) 

Degradation 

(dB) 

Method 1 
A 0 4 4 0.1703 

B 0 2.56 2.56 2.1085 

Method 2 
A 0.08 4.88 4.8 -0.6215 

B 0.08 3.28 3.2 1.1394 

 

     Let us consider the performance of UE1 with NOMA which employs SIC as explained in 

section 2.3. The best achievable performance of UE1 with NOMA, reached with error free SIC, 

is the same as that of UE1 in BOMA. This is because if the interference from UE2 is perfectly 

removed by SIC the remaining constellation will be the building block QPSK constellation with 

2b spacing between adjacent points. However, in practice, due to errors in SIC, the performance 
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of UE1 will be worse with NOMA than with BOMA. As stated before, the decoding of UE2 with 

NOMA is the same as that of BOMA with decoding method 1, and hence, they both have the 

same performance too. According to Table 4.1, UE2 performance with BOMA can be slightly 

better with decoding method 2 than with the decoding method 1. However, as seen from Table 

4.1, the performance of the weaker user UE2 suffer due to the simultaneous transmission of 

additional bits of the stronger user UE1 in both BOMA and NOMA. 

4.4 Improved BOMA (IBOMA) 

     This section presents an improved BOMA (IBOMA) technique that is capable of significantly 

lowering the performance loss experienced by the weaker user in BOMA, however, at the 

expense of decoding complexity of that user. 

4.4.1 Review of CICM and CICM-OCC 

     It has been shown in [17] that coded bits of an outer block code can be best mapped onto a 

2
m
-ary signal constellation using constrained interleaved coded modulation (CICM) to 

significantly improve performance over bit interleaved coded modulation with iterative decoding 

(BICM-ID). CICM employs a properly designed CICM interleaver to ensure that (a) coded bits 

of every low weight coded sequence are fed into different transmitted symbols to achieve the 

highest possible minimum Euclidean distance (MED), and (b) all higher weight coded sequences 

generate an Euclidean distance at least equal to the MED achieved by the low weight sequences. 

In addition, the constellation employs reverse Gray coding (RGC) to maximize the MED of low 

weight sequences. In [17], it has been shown that CICM can be used with higher-dimensional 

mapping and map coded bits on the basis of multiple intervals to further improve performance. 

In [33], a CICM-OCC technique has been introduced for outer convolutional codes (OCCs) by 

extending the CICM technique for block codes presented in [17] to convolutional codes. The 

CICM-OCC technique is developed by defining a virtual codeword for every coded bit of a 

convolutional and using the same design rules of CICM in [17] on the virtual codewords and 

employing RGC mapping. A virtual codeword of any i
th

 coded bit b(i) of a convolutional code is 

defined as the set of coded bits from  (i-λ) to (i+λ) which considers up to λ coded bits on each 
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side of b(i), where the value of λ can be found based on the memory of the convolutional code. 

The performance gain of CICM and CICM-OCC is realized by using iterative decoding and 

running iterations between the outer code and the constellation mapper by exchanging extrinsic 

information. 

4.4.2 Description of IBOMA 

    IBOMA employs the CICM-OCC method used in [33] for the weaker user to mitigate its 

performance loss. IBOMA employs the same signal constellation points employed by the 

corresponding BOMA scheme, however, the mapping on the constellation is modified on the 

tiling constellation to realize RGC mapping for the weaker user. Further, the weaker user can use 

RGC mapping to map on an interval by interval basis (2D mapping) or employ higher-

dimensional RGC mapping. Figure 4.2 illustrates the structure of IBOMA on the downlink of the 

LTE in the two-user example. In that example, as in BOMA, UE1 maps its coded bits on an 

interval by interval basis onto the BB constellation that employs Gray coding to form the last two 

bits of every symbol of the 16-ary sparse constellation in Figure 4.1 UE2 separately maps its 

coded bits according to CICM-OCC, using a CICM-OCC interleaver π’, to form the first two bits 

of every symbol of the 16-ary sparse constellation in Figure 4.1. UE2 can either employ RGC 

mapping on an interval by interval basis or employ higher-dimensional RGC mapping. To limit 

decoding complexity, higher-dimensional mapping on the basis of only two intervals (4D 

mapping) is considered here for UE2. When mapped on the basis of two intervals, every 

combination of four bits is mapped onto a pair of symbols on the tiling constellation to be used 

during those two intervals. Figure 1(b) of [17] shows the mapping policy used in interval by 

interval based RGC mapping and Table I of [17] shows the mapping policy used in RGC 

mapping based on two intervals. Coded bits of UE2 select the specific tiling constellation point, 

while coded bits of UE1 select the specific building block constellation point thereby identifying 

the specific constellation point of the 16-ary sparse constellation in Figure 4.1 during every 

interval. 
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Figure 4.2. Generation of IBOMA signals in the two-user example 

 

4.4.3 Interleaver Design 

    In this study, an efficient way to design the CICM-OCC interleaver π’is shown in Figure 4.2. 

Specifically, the interleaver π’ is designed as two separate interleavers, π1 and π2 for the two 

component codes of the LTE turbo code respectively. Since both component codes are 

convolutional codes, π1 and π2 are separately designed by following the interleaver design 

method of CICM-OCC to achieve the highest possible MED according to the selected RGC 

mapper. The interleavers π1 and π1 are each designed with a row/column structure to separately 

generate tiling symbols (a1a2 pairs) to identify the tiling points on the 16-ary sparse constellation 

in Figure 4.1. When UE2 maps its coded bits on an interval by interval basis (2D mapping), 

interleavers π1 and π2 are each designed with two rows. Similarly, when UE2 maps coded bits on 

the basis of two intervals (4D mapping), the interleavers π1 and π2 are each designed with four 

rows. In general, if mapping of coded bits of UE2 is done on the basis of ND intervals, the 

number of rows of each interleaver π1 and π2 will be 2ND, and each column identifies ND tiling 

symbols for those ND intervals. Note that the output of π1 has twice as many tiling symbols than 

the output of π2, and further, the total number of the tiling symbols generated by π1 and π2 is 
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equal to the number of building block symbols (b1b2 pairs) generated by UE1. Hence, the output 

tiling symbols of π1 and π2 can be used, one symbol at a time in any order, along with a building 

block symbol to form a symbol on the 16-ary sparse constellation shown in Figure 4.1. 

4.4.4 Decoding of IBOMA 

     In the decoding of IBOMA, UE1 decodes its bits as in BOMA by extracting its bit metrics 

once from the received signal and decoding its turbo code [34], [35]. However, in order to realize 

the gain of CICM-OCC, decoding of UE2 requires iterative decoding between its turbo code and 

the constellation. Since UE2 has no knowledge of the decoded bits of UE1, updating bit metrics 

at the constellation during iterations is done by approximating the overall transmitted 

constellation to its tiling QPSK constellation with constellation points (±a', ±a') during iterative 

decoding.  

4.5 Numerical Results 

     In this section, the bit error probability (BEP) variation of UE2 with the bit signal to noise 

ratio, Eb/N0, is simulated in the two-user example that employs the 16-ary sparse constellation 

shown in Figure 4.1 for transmission. The channel noise is assumed to be Gaussian with two-

sided power spectral density N0/2. The performance of UE2 with three techniques, NOMA, 

BOMA and IBOMA discussed before, are simulated and compared with each other. Even though 

the BEP variation of UE1 is not presented here, it was numerically verified that the performance 

of UE1 with NOMA, BOMA and IBOMA remain unchanged from the BEP variation of UE1 

according to the current LTE scheme that employs the standard 64-QAM constellation for 

transmission of coded bits of UE1. Figure 4.3 shows the BEP variation of UE2 with NOMA, 

BOMA and IBOMA when UE2 has a turbo code rate 1/3 and a frame size of 480 message bits. 

All IBOMA simulated results have been obtained with 16 CICM-OCC iterations. The IBOMA 

scheme considered in Figure 4.3 employs mapping of tiling bits according to RGC mapping 

using 2D RGC mapping. For comparison, Figure 4.3 also shows the BEP of UE2 that can be 

achieved according to the current LTE system that employs the standard QPSK constellation. It 

is seen from Figure 4.3 that the performance of UE2 with BOMA using decoding method 2 is 
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slightly better than that with NOMA. However, both NOMA and BOMA experience about 1.2 

dB performance degradation of UE2 from the performance that can be achieved with the current 

LTE system that uses the standard QPSK constellation. It is also seen from Figure 4.3 that 

IBOMA recovers most of the performance loss experienced by UE2 in BOMA. Figure 4.4 shows 

similar results when UE2 has a turbo code rate 0.44 and a frame size of 480 message bits. Figure 

4.4 also shows the BEP variation of IBOMA when the tiling bits use 2D RGC mapping and 4D 

RGC mapping separately. It is seen that IBOMA with 4D RGC mapping improves performance 

over 2D RGC mapping at high Eb/N0 values.  

4.6 Chapter Summary 

     NOMA and BOMA techniques that have been proposed in the literature for throughput 

enhancement are compared with each other when used on the downlink of the LTE. It has been 

explained that both NOMA and BOMA signals have the same transmitted signal format, and 

further they both emerge from the known BB-MLC principle.  However, since NOMA decoding 

employs SIC, BOMA decoding is much simpler than NOMA decoding. Two separate decoding 

methods have been presented for BOMA. Both NOMA and BOMA can increase the throughput 

by additionally transmitting bits of a stronger user when transmitting bits of a weaker user. It has 

been shown that BOMA performs slightly better than NOMA but they both introduce an over 1 

dB performance loss for the weaker user. A novel IBOMA technique is developed by applying 

the known CICM-OCC technique and 4D mapping with frame size of 480 message bits. 

    For the weaker user IBOMA has been proposed to significantly reduce that performance loss 

of the weaker user. It has been shown that IBOMA can reduce the performance loss of the 

weaker user to about from over 1dB to about 0.3dB. It has been demonstrated that the 

performance loss can be further lowered in IBOMA by employing 4D mapping for the weaker 

user. 
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Figure 4.3. Comparison of performance of UE2 in the two-user example using NOMA, BOMA 

and IBOMA with 2D mapping with frame size of 480 message bits 

 
Figure 4.4. Comparison of performance of UE2 in the two-user example using NOMA, BOMA 

and IBOMA with 4D     
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CHAPTER 5 

THROUGHPUT ENHANCING METHODS 

5.1 Throughput Enhancing Concatenated Codes (TECCs) with Block Component 

Codes 

    TECCs are constructed to transmit a second stream of coded bits v’ implicitly when a first 

stream of coded bits, v, is transmitted explicitly over a channel. In TECCs, the stream v (which is 

referred to as the explicit stream) is modified according to v’ (which is referred to as the implicit 

stream) before transmission. In this section, specifically v is modified by (a) selecting one bit of 

every n bits based on ns=log2n bits, and (b) inverting that selected bit in (a). Figure 5.1 shows the 

block diagram of a TECC that uses a (n, k) code C on the explicit stream and a (n’, k’) code C’ 

on the implicit stream. The coded stream of C’, 𝒗𝑰𝒎
′ , is interleaved by the interleaver π to form 

the coded interleaved sequence v’=π( 𝒗𝑰𝒎
′ ). The sequence v’ is then passed through a mapper M 

that converts every segment of ns bits of v’ onto a weight one n-bit long error sequence e. 

Finally, the error sequence e is added to the corresponding n-bit long block of v.  

    For example, consider C to be the (8, 4) extended Hamming code that has minimum Hamming 

distance (MHD) 4 and is capable of correcting all single errors. Hence, in this case, eight distinct 

weight one error sequences, e1= (10000000), e2= (01000000),…..,e8= (00000001), can be chosen 

in the set of all error sequences Se. Further, when any of the error sequences ei, i=1,2…,8, is 

added to v, the code C would become a weight 2 code and it can still recover v as the signal to 

noise ratio (SNR) increases. As a result, selecting the specific error sequence ei based on ns=3 

bits of v’, it is possible to construct a TECC with n=8, ns=3 both C and C’ as (8,4) codes. The 

resulting TECC is capable of transmitting eight coded bits of C explicitly from v and three coded 

bits of C’ implicitly from v’. When a (n,k) block code that has error correcting capability t is 

used as C, error sequences with weight 1,2,…,t can be used in Se. The number of error sequences 

Ne, and thereby the number of implicit bits ns, can be increased by employing error sequences 

with all possible weights. However, it is noted here that as the weight of the employed error 
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sequences increases, the code C gets weaker and hence, the TECC would not perform well at 

lower SNR values. 

 
Figure 5.1. TECC encoder structure 

 

    The function of the interleaver π is to generate blocks of ns bits at the output of the interleaver 

so that any non-zero coded sequence of C’ would influence as many error sequences as possible. 

This can be done by maximizing the minimum number of n-bit long error sequences influenced 

by a non-zero coded sequence of C’. Therefore, the interleaver π’ can be designed as a standard 

row-column interleaver with ns rows and rho columns by feeding low weight sequences of v’ 

along rows of π’ and reading the interleaved sequence along columns. The i
th

 column of π’ 

decides the n-bit long error sequence ei for the i
th

 block of coded bits of C, vi, i=1,2,…,ρ.  For a 

block code C’, the low weight sequences are the low weight codewords of C’. However, when π’ 

is a standard row-column interleaver, every combination of low weight sequences on different 

rows that occupy the same columns impact the same difference in the Euclidean distance in the 

transmitted sequence vs. This increases the multiplicity of the minimum Euclidean distance event 

and thereby degrading the performance of the implicit sequence. Therefore, the interlaver π’ can 

be further improved by introducing an additional constraint as in constrained interleaving in [17] 

and ensuring that no two low weight sequences in different rows share more than a pre-selected 

number of columns n’<dmin’, where, dmin’ is the MHD of C’. The value of n’ can be chosen to 

achieve a good performance for the implicit sequence and the overall sequence.  
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    The function of the mapper is to map each of the 2𝑛𝑎 number of na-tuples on to an n-bit long 

error sequence. When Se contains only the set of all single weight error sequences, this can be 

done easily by assigning every na-tuple sequence of v’ to an n-bit long error sequence with 

weight one in any order. However, if the maximum weight of error sequences allowed in Se is 

more than one, the mapping of na-tuples on to error sequences should be done to achieve the best 

performance. Specifically, mapping can be done so that low weight na-tuples are mapped to the 

highest weight error sequences to create the maximum possible Euclidean distance for all low 

weight coded sequences of v’. 

    TECC signals are decoded by first soft decoding the explicit code C from the received version 

of vs. The receiver then calculates the soft values of e using the soft information of the sequence 

v obtained by the decoding of C and the received version of vs, The soft information of e is then 

used to calculate the soft information of v’ according the mapping policy used in M. Next the 

soft information of  𝒗𝑰𝒎
′  is obtained according to the de-mapping policy used in π1. Then 

decoded C’ to update the soft information of 𝒗𝑰𝒎
′ . Follow the same path in the reverse order back 

to the decoding of C for the next iteration. Continue iterations between C and C’ through the 

mapper and the interleaver π up to a pre-selected number of iterations to decode both the implicit 

and explicit message streams. It is demonstrated here that the performance of both C and C’ 

approach the standard performance of C without using any implicit stream v’. Hence, TECCs can 

transmit a second coded stream v’ implicitly without sacrificing performance. Since ns bits of v’ 

are transmitted for every n bits of v, TECCs can increase the throughput by a factor ns/n without 

sacrificing performance.  

    Figure 5.2 shows the BER variations when both C and C’ are the (8, 4) extended Hamming 

code. In this case n=8, ns=3, and one bit out of each eight bit long codewords is selected based on 

ns=3 implicit coded bits and inverted before transmission. Figure 5.2 shows the BER variations 

of the explicit and implicit message sequences along with that of the overall BER variation. For 

comparison, the BER variation of the original (8, 4) code using soft decoding is also shown in 

Figure 5.2. Further, it is seen that the performance of the TECC is almost the same as that of 

original (8, 4) decoding at high SNR values. As a result, the TECC scheme shown in Figure 5.2 

is capable of transmitting three additional coded bits of C’ implicitly when eight coded bits of C 
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are transmitted explicitly. Therefore, the TECC scheme can increase the throughput of the 

original (8, 4) code by a throughput expansion factor η=37.5% without sacrificing performance 

at high SNR. 

 
Figure 5.2. The performance of explicit sequence, implicit sequence and overall TECC, 

constructed using a (8, 4) extended Hamming code as C and C’. 

5.2 Simultaneous Packet Transmission (SPT) 

    Many current communication applications require transmission of a high number of 

information packets from the source to the destination. Such applications will become more 

common in the future as the communication speeds and the data lengths increase with the 

introduction of 5G technology [36]-[40]. Hence, it is highly desirable to be able to increase the 

information transfer rate (i.e., to increase the throughput) of a communication system that 

transmits a high number of packets.  

    In this study, a simultaneous packet transmission (SPT) technique is proposed by using 

multiple data streams to increase the throughput of a communication system. A SPT scheme 

employs a 2
m

-ary overall constellation for transmission with m>2. The proposed SPT technique 

partitions the overall constellation similar to Ungerboeck set partitioning [41] and employs 

multiple streams similar to multi-level codes (MLCs) [42]-[45]. However, as explained later, 
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SPT significantly differs from Ungerboeck codes and traditional MLCs. It is demonstrated here 

that SPT is capable of significantly increasing the throughput of a communication system. 

Numerical results show that SPT can increase the overall throughput of turbo coded 4G LTE 

signals by 15% to 30%. 

5.2.1 Exemplary Schemes 

    In order to explain the SPT technique, let us first consider two exemplary SPT schemes.  

Figure 5.3 shows the exemplary SPT scheme 1 that employs a QPSK constellation for 

transmission. The scheme in Figure 5.3 employs two levels of streams, level-1 with one stream 

(steam 1) and level-2 with two streams (streams 2 and 3). Further, it employs two partitions on 

the signal constellation and a mapping policy that is different from traditional Gray coding. As 

illustrated in Figure 5.3 using an arbitrary sequence on stream 1, this SPT scheme forms a 

symbol during every interval by taking the first bit from level-1 (stream 1) and the second bit 

from level-2 (either from stream 2 or stream 3). Specifically, if the selected bit from stream 1 of 

a symbol is a ‘0’, the second bit of that symbol is taken from stream 2 and similarly, if the 

selected bit from stream 1 is a ‘1’, the second bit of that symbol is taken from stream 3. As a 

result, bits of stream 2 use only the partition A while bits of stream 3 use only the partition B of 

the constellation as illustrated in Figure 5.3. For that reason, bits of streams 2 and 3 in Figure 5.3 

are denoted by “A1A2...'' and “B1B2...'' respectively, where Ai, Biϵ{0,1}. As a result, the 

minimum squared Euclidean distance (MSED) of bits of streams 2 and 3 is twice that of stream 1 

which is equivalent to having a 3dB advantage on the two streams of level 2 when compared 

with stream 1 of level-1. Therefore, both streams of level-2 can employ a higher code rate than 

the code rate used by stream 1 of level-1. As a result, the overall code rate of the scheme in 

Figure 5.3 can be higher than the code rate of a traditional scheme that transmits one stream of 

coded bits. Therefore, the SPT scheme in Figure 5.3 can increase the overall throughput when 

compared with a scheme that employs a single coded stream and the same QPSK constellation 

for transmission under the same conditions. 
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Figure 5.3. Exemplary SPT scheme 1 

 

    The exemplary SPT scheme 2 shown in Figure 5.4 employs a 16-ary constellation. This 

scheme uses two levels, level 1 that has stream 1 and level 2 that has four streams (streams 2 

through 5). Symbols of the SPT scheme in Figure 5.4 are formed by taking the first two bits of 

every symbol from level 1 (stream 1) and the next two bits from one of the streams of level 2 

(stream 2 through stream 5) as illustrated in Figure 5.4. The specific level 2 stream of any 

symbol is chosen based on the first two bits selected from stream 1 of that symbol. Further, 

similar to the scheme in Figure 5.3, every level-2 stream in Figure 5.4 has its assigned 4-ary 

partition on the overall 16-ary signal constellation. As a result, the MSED of all level-2 streams 

(streams 2 through 5) is 4 times that of the level-1 stream (stream 1), and equivalently, all level-2 

streams have a 6 dB advantage over the level-1 stream. Hence, similar to the SPT scheme shown 

in Figure 5.3, all streams of level 2 of the SPT scheme in Figure 5.4 can employ a higher rate 

code thereby increasing the overall throughput. 
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Figure 5.4. Exemplary SPT scheme 2 

 

    It is also seen that the SPT scheme in Figure 5.4 can be converted into a scheme with 3 levels 

by again partitioning each of the four 4-ary partitions illustrated in Figure 5.4 into two 2-ary 

partitions as in Figure 5.3. In that case, every level-2 stream will introduce two level-3 streams. 

Therefore, the resulting 3-level SPT scheme will have one level-1 stream (stream 1), four level-2 

streams (streams 2 through 5) and 8 level-3 streams (streams 6 through 13).  Note that in the 

resulting 3-level SPT scheme, all level-2 streams have a 6dB advantage over the level-1 stream 

and all level-3 streams have a 9dB advantage over the level-1 stream. Therefore, the code rate 

can be increased from level-1 to level-2 and again from level-2 to level-3. Symbols of this 3-

level SPT are formed by taking the first two bits from level 1 (stream 1), the next bit from one of 

the level-2 streams chosen based on the level-1 bits and the last bit from one of the level-3 

streams chosen based on the three previous bits. 
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5.2.2 Construction of a General SPT Scheme 

    Following the exemplary SPT schemes discussed in 5.2.1, a general SPT scheme with N levels 

can be constructed starting with an overall M=Π1
𝑁Mi-ary signal constellation. Such a SPT 

scheme is designed to transmit mi=log2 Mi number of bits from each level i, i=1,2,…,N, in every 

symbol.  In total, every symbol of an N-level SPT carries m=Σ1
𝑁mi=log2M bits. The first level of 

a SPT scheme has only one stream and bits on the first level stream are referred to as level-1 bits. 

Following the description of the exemplary schemes in section 2.1, an N-level SPT scheme has 

M1 level-2 streams. The bits of level-2 streams are referred to as level-2 bits. As described before 

with exemplary schemes, each level-2 stream is assigned a particular Π𝑖=2
𝑁 Mi-ary partitioned 

constellation out of a total of M1 number of Π𝑖=2
𝑁 Mi-ary partitioned constellations.  In order to 

simplify the terminology, these M1 number of partitioned constellations of a general N-level SPT 

scheme are also referred to as level-2 partitioned constellations or simply level-2 partitions. The 

specific level-2 partition corresponding to a symbol is selected based on the m1 level-1 bits of 

that symbol. At any general level j, for 1<j<N, every level-j partition is further partitioned into 

Mj number of Π𝑖=𝑗+1
𝑁 Mi-ary partitioned constellations, which are referred to as level-(j+1) 

partitioned constellations or simply level-(j+1) partitions. Each of the Mj number of level-(j+1) 

partitions is assigned a separate level-(j+1) stream. In every symbol, mi number of bits from the 

selected level-i stream along with all previously selected bits of that symbol select the specific 

level-(j+1) partition and the corresponding level-(j+1) stream. This process is continued until 

level-N partitions and level-N streams are created. Therefore, noticing that every level-j stream 

initiates Mj number of level-(j+1) streams, the total number of streams, NT, used by a N-level 

SPT scheme can be written as 

𝑁𝑇 = 1 + ∑ ∏ 𝑀𝑗

𝑖

𝑗=1

𝑁−1

𝑖=1

                                                    (5.1) 

    During transmission, the first m1 bits of every symbol are taken from the level-1 stream, which 

is stream 1. These m1 bits uniquely identify the level-2 partition and the corresponding level-2 

stream selected for that symbol. The next m2 bits of that symbol are taken from that level-2 

stream. The first m1+m2 bits of a symbol uniquely identify the level-3 partition and the 
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corresponding level-3 stream. This process is continued until Σ𝑖=1
𝑁−1mi bits from levels 1 through 

(N-1) uniquely identify the level-N partition and the corresponding level-N stream. The last mN 

bits of that symbol are taken from that selected level-N stream and those mN bits determine the 

specific constellation point on that selected level-N partition. Since every symbol carries mj bits 

from level-j, if all level-j streams employ the same code rate Rj, the overall code rate of the SPT 

scheme is 

𝑅𝑜𝑣𝑒𝑟𝑎𝑙𝑙 =
1

𝑚
∑ 𝑚𝑗𝑅𝑗

𝑁

𝑖=1

                                                    (5.2) 

 

5.2.3 Partitioning and Mapping 

    In order to realize the achievable benefits of the SPT technique, it is necessary to maintain the 

rules discussed below when creating every level-j partition for 1<j≤N. Specifically, every level-j 

partition has to (a) achieve the highest possible MSED, (b) maintain the same MSED for all 

level-j partitions, and (c) ensure that the MSED at level-j is higher than that at level-(j-1). Note 

that the MSED of the overall M-ary constellation can be considered as the MSED of only level-1 

partition which has the lowest MSED among all levels of the SPT scheme.  

    The mapping on the overall constellation is done by observing that at every level-j, 1≤j ≤N, 

every constellation point on the overall constellation belongs to one and only one level-j 

partition. With that observation, the mapping on the overall constellation is done to ensure that at 

every level-j, 1≤j ≤ (N-1), (a) the same combination of mj bits of a symbol is assigned to all 

constellation points of any given level-(j+1) partition, and (b) Gray coding or any other 

preferable mapping policy is maintained by all mj bit combinations of symbols among all level-

(j+1) partitions. In addition, last mN bits are mapped onto each level-N partition to maintain Gray 

coding or any other preferable mapping policy in those mN bits. Due to the above mapping 

policy, and as also seen from the exemplary schemes, the overall constellation mapping 

employed by a SPT scheme is different from Gray coding. As a result, stream 1 of a SPT scheme 

that employs a code rate R performs worse than a traditional scheme that uses Gray coding with 

the same code rate R. This is because level-1 bits of a SPT are more likely to change their bit 
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values from one constellation point to its closest constellation points, whereas in traditional Gray 

coding these changes in the bit value are less likely. As a result, the log-likelihood ratio (LLR) 

values obtained for level-1 bits of a SPT scheme at the receiver are weaker thereby degrading the 

performance of level-1 bits when compared with Gray coding. Therefore, in order to maintain 

the performance of a SPT similar to that of a traditional scheme that has code rate R, the code 

rate of level-1 should be lowered below R (i.e., R1<R). As stated before, a SPT can employ code 

rates much higher than R thereby still increasing the overall rate of the SPT above R. As seen 

later in the numerical results, a traditional scheme that employs a QPSK constellation with code 

rate R=0.5 can be compared with the SPT scheme in Figure 5.3 by lowering R1 to R1=1/3 and 

employing R2=0.8. Hence, the overall code rate of this 2-level SPT follows from (2) as 

Roverall=0.57, which has 13.4% higher throughput than the traditional scheme with R=0.5. 

    Constellation partitioning in a SPT scheme differs from set partitioning in Ungerboeck trellis 

codes due to several reasons. Ungerboeck set partitioning of a 2
m

-ary overall constellation needs 

m levels of partitioning by dividing each partitioned constellation into two constellations until 

each constellation has only two constellation points. In contrast, the number of levels of 

partitioning and the size of every partition of a SPT scheme can be selected as desired. Further, 

due to the use of multiple coded streams, SPT schemes can achieve a much higher MSED values 

at higher levels than that achieved by set partitioning in Ungerboeck codes. In addition, SPT 

schemes can maintain different MSED values for different streams if desired. Compared with 

regular MLC schemes, SPC schemes employ a much higher number of streams and achieve 

higher MSED values at different levels. Note that when used with a 2
m

-ary constellation, a 

regular MLC can only employ up to m streams with one stream for each level. 

5.2.4 Structured Serial to Parallel Converter (SSPC) 

    So far, general SPT schemes with N levels have been described with NT number of streams. It 

follows from (1) that NT increases rapidly with N. It also follows from the construction of a SPT 

scheme that the transmission rate on different streams of a SPT scheme can be different from 

level to level. For example, in the exemplary SPT scheme in Figure 5.3, the average rate of 

transmission of coded bits on stream 1 is twice that of stream 2 and stream 3. Similarly, in the 
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SPT scheme shown in Figure 5.4, on average, the transmission rate of coded bits on streams 2 

through 5 is 25% of that on stream 1. Even though multimedia type applications would typically 

require transmission of multiple streams with different rates, it would be challenging to design 

SPT schemes with the same required number of streams and the same required transmission rates 

of an application.  

    For that reason, a structured serial to parallel converter (SSPC) explained below can be used 

with a SPT scheme as shown in Figures 5.5 and 5.6. A SSPC converts a stream of packets into 

any desired N' number of parallel streams of packets in a structured manner. Specifically, a 

SSPC can be designed according to the following rule: every stream at the output of a SSPC that 

is in need of a new packet gets the very next available packet at the input. A stream that is in 

need of a new packet is defined here as a stream that has completed transmitting its current 

packet and is expected to feed its bits into the very next symbol of the SPT scheme. Further, if 

more than one stream is in need of a new packet at the same time, the stream with the lowest 

assigned stream number gets first priority.  Since stream 1 transmits its bits in every symbol, 

stream 1 is in need of a new packet every time it completes its packet. However, all remaining 

streams that have completed their packets would be in need of a packet when they are chosen to 

feed bits to form the very next symbol. An information source can transmit any number of Na 

separate information streams (such as video, audio, data, etc.) using one or more SSPCs and a 

SPT scheme that employs NT number of streams when NT>Na. Further, SSPCs can be chosen to 

meet the required transmission rates of different information streams of the source. Figure 5.5 

illustrates how a SSPC can be used to transmit two separate information streams using the SPT 

scheme with NT=3 streams shown in Figure 5.3 while maintaining the same transmission rate on 

both information streams. Note that if a higher transmission rate of coded bits is required on one 

information stream at the source, the SSPC can be modified to generate streams 1 and 2 of the 

SPT scheme. Further, if only one information stream is used, a SSPC can be designed to generate 

all three streams of the SPT scheme. Similarly, Figure 5.6 shows how two different SSPCs can 

be used to transmit three separate information streams using the SPT scheme with NT=5 streams 

shown in Figure 5.4 while transmitting coded bits of information streams 2 and 3 at half that rate 
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of stream 1. It seen in these exemplary schemes that once stream 1 is correctly decoded at the 

receiver, the order of packets at the input of the SSPC can be easily recovered uniquely.  

 

 
Figure 5.5. SSPC used in Exemplary SPT scheme 1 

 

 

Figure 5.6. SSPC used in Exemplary SPT scheme 2 

 

    However, SSPC creates an issue at the end of transmission as it can leave partially completed 

packets at levels 2 through N. In order to overcome this issue and to maintain the same SPT 

structure of transmission throughout, a final packet (referred to as an artificial terminating 

packet) can be introduced on stream 1 to complete any partially completed packets on other 

streams of the SPT. This artificial terminating packet on stream 1 carries no information and its 

sole purpose is to complete any partially completed packets. Depending on the number of 

remaining bits of the packets on streams at levels 2 through N, a binary sequence can be chosen 

as the artificial terminating packet on stream 1 to complete the remaining bits of partially 

completed packets in a pre-selected order. For example, consider the exemplary scheme 1 and 

assume that all packets down to the last packet have been assigned to streams 1 through 3 and 
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stream 1 completed transmitting its last packet, but streams 2 and 3 still have λ2 and λ3 remaining 

bits to complete their respective last packets. In that case a sequence of λ2 zeros followed by λ3 

ones can be chosen as the artificial terminating packet on stream 1 to guarantee the completion of 

partially completed packets on streams 2 and 3. The artificial terminating packet on stream 1 can 

be left uncoded as it is not decoded at the receiver. However, the received signal during the 

transmission of the artificial terminating packet can be used to extract information about the 

remaining bits of all partially completed packets. 

5.2.5 Decoding of SPT Signals 

    4G and 5G communication systems usually employ two separate channels for transmission: 

(a) a data channel that carries actual information contained in the packets, and (b) a control 

channel that carries the overhead information related to each packet. SPT decoding assumes that 

the control channel contains information of the SPT stream number of each packet along with 

other standard information. SPT decoding uses that information provided by the control channel 

to decode packets on the data channel. 

    Figure 5.7 shows the proposed SPT decoding procedure for the decoding of SPT signals with 

N levels. The decoding begins by decoding stream 1 (level-1). This is done by extracting the 

LLR values of the first m1 bits of every symbol from the received signal [46], [47]. Once LLR 

values corresponding to a packet on stream 1 are available, SPT decoder decodes that packet. 

When stream 1 decodes a packet correctly, all LLR values of level-2 bits calculated using that 

decoded stream 1 packet and the received signal as described before are fed into different level-2 

streams correctly. However, if stream 1 decodes a packet incorrectly, the level-2 LLR values 

calculated based on that incorrectly decoded level-1 packet will be distributed among the level-2 

streams incorrectly. Since the control channel carries the information about completion of each 

packet from each level-2 stream, such an incorrect distribution of LLR values can most likely be 

identified by the decoder.  

    For example, in the exemplary scheme 1, let us assume that the length of each level-2 packet 

is 100 bits. Also assume that, due to an incorrectly decoded stream-1 packet, the control channel 

finds that stream 2 has completed its packet when only 98 LLR values of stream 2 are fed in 
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based on the decoded packet of stream 1. Since all 100 LLR values of stream 2 should have been 

available, the decoder notes that the packet on stream 1 has been decoded incorrectly. In the 

proposed SPT decoding algorithm, the decoder also assumes that the error in the packet on 

stream 1 contains the most likely error with fewest number of bit errors. Therefore, the decoder 

assumes that the corresponding segment of the decoded packet on stream 1 has incorrectly 

decoded two zeroes as ones. In order to correct that error on stream 1, the decoder finds the two 

least reliable ones, which correspond to the two ones with the smallest magnitude of decoded 

LLR values, and flips them to zeroes. With that adjustment, the LLR values of level-2 bits 

corresponding to those flipped level-1 bits are re-calculated and fed into streams 2 and 3 to 

match with the information provided by the control channel.  

    In a general N-level SPT decoder, if the control channel finds that any level-(i+1) stream,  

i=1,2,…,(N-1), completes a packet when the number of LLR values fed into that stream is not 

equal to its packet length, the decoder assumes that the corresponding level-i packet has been 

decoded incorrectly. It then alters that decoded packet on level-i by flipping the lowest number 

of least reliable bits on it to obtain a perfect match between the number of LLR values fed into 

each of the level-(i+1) streams and the control information. Whenever the decoded level-i stream 

is modified to match with the control channel, the LLR values of the level-(i+1) bits 

corresponding to the flipped level-i bits are re-calculated and re-distributed among the level-(i+1) 

streams. When all LLRs values are available for a packet on any stream of the SPT and the 

number of LLR values of all streams at that level agrees with the control information, that packet 

is decoded. This process is continued for all streams at all levels i=1,2,...,(N-1). It is noted here 

that the proposed flipping of bits on stream i done based on the control information as discussed 

above does not guarantee that the decoding of that level-i stream would be correct after the 

flipping. However, as SNR increases the proposed flipping method functions well and reduces 

the frequency that the decoder needs to do any flipping. It is easily seen that SPT schemes can 

also be used with the automatic repeat request (ARQ) option by employing a cyclic redundancy 

code (CRC) [48] on each stream of each level 1 through (N-1) to ensure that every decoded 

packet at those levels is decoded correctly. In such an application any incorrectly decoded packet 

that fails to satisfy the CRC check will be re-transmitted until it is decoded correctly. 
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    If one or more SSPCs are employed at the transmitter, the decoder uses the control 

information to determine the order in which packets are sent at the input of each SSPC. This can 

be easily determined at the decoder by using the control channel that informs the decoder the 

start of each packet and the corresponding SPT stream number (which is at the output of each 

SSPC) and the policy employed in each SSPC. 

 

 

Figure 5.7. Decoding procedure of a general SPT scheme with N levels 

 

    Since a SPT scheme employs NT streams and the decoding of streams 2 through NT depend on 

previous decisions, it appears that there would be a significant packet transmission delay on 

streams 2 through NT. However, a close up view shows that the delay of a 2-level SPT scheme 

and a traditional scheme would be similar to each other. This is because the packets on streams 2 

through NT are generally much shorter than the packets on stream 1 due to a much higher code 

rate employed on those streams. Therefore, when a packet on stream 1 is correctly decoded all 

packets on streams 2 through NT connected to that correctly decoded packet on stream 1 would 
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most likely be ready for decoding. For example, let us compare the SPT scheme in Figure 5.3 

that employs R1=1/3 and R2=0.8 with a traditional scheme with R=0.5 at a packet size of 96 

message bits. The traditional scheme would transmit 96*2=192 coded bits using 96 QPSK 

symbols. On the other hand the 2-level SPT would have packets with 96/0.3=320 coded bits on 

stream 1 and packets with 96/0.8=120 coded bits on streams 2 and 3. Further, since only one bit 

from stream 1 is transmitted in every symbol, it would require 320 QPSK symbols to complete a 

packet on stream 1. At that point most likely packets on both streams 2 and 3 would have 

completed their packet and have also transmitted some bits from their next packets. Therefore, 

most likely 3 packets of the SPT scheme can be decoded after transmitting 320 symbols, where 

as it would require 96*3=288 symbols to transmit 3 packets of the traditional scheme. Therefore, 

the number of symbols transmitted per packet of a 2-level SPT would be similar to that of a 

traditional scheme that transmits a single stream of packets. In general, when a higher number of 

packets are transmitted and R2>(NT-1)R1, the packet transmission delay per packet of a 2-level 

SPT scheme would be similar to that of a traditional scheme. However, the packet transmission 

delay of an N-level SPT scheme when N>2 grows as the difference between the code rates [49], 

[50] on higher levels decreases. On the other hand, if a high enough code rate can be employed at 

level-2, there is really no need for a SPT scheme to add any additional levels as the improvement 

in the throughput that can be achieved by doing so becomes small. 

5.2.6 Attractive SPT Schemes and Numerical 

    In this section, attractive SPT schemes are constructed when all streams employ the turbo code 

used in the 4G LTE standard (Crozier and Gracie 2011). The code rate at different levels of the 

SPT is adjusted to achieve the best throughput expansion. For transmission, 4-ary, 16-ary and 

64-ary overall constellations are considered. Based on the general description of the SPT 

schemes, the following specific SPT schemes are constructed: (a) SPTA: M=4, N=2, m1=m2=1 

(exemplary scheme 1), (b) SPTB: M=16, N=2, m1=m2=2 (exemplary scheme 2), (c) SPTC: M=64, 

N=2, m1=2, m2=4, and (d) SPTD: M=64, N=3, m1=m2=m3=2. The code rates are adjusted at 

different levels so that all levels would have similar bit error probability (BEP) variations. Figure 

5.8 shows the BEP variations of level 1 and level 2 streams and the average BEP of SPTB when 
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the code rate of the two levels are R1=1/6 and R2=2/3 respectively which according to (2) results 

in Roverall=0.4167. For comparison, Figure 5.8 also shows the BEP variation of the standard LTE 

turbo coded scheme with the same 16-ary constellation with Gray coding when the code rate is 

R=4/11. It is seen from Figure 5.8 that the SPTB scheme has a 20.82% rate advantage 

(throughput enhancement) around BEP of 10
-5

 over the standard LTE turbo coded scheme 

without sacrificing performance. Figure 5.8 also shows that the performance of the same SPT 

scheme when R1=1/6, R2=0.8 is similar to the performance of the standard LTE with the rate 

R=0.4 thereby achieving a 14.6% throughput enhancement. Similarly, Figure 5.9 through 5.11 

respectively show the average BEP variations of the SPTA, SPTC and SPTD schemes for different 

combinations of R1 and R2 along with the BEP variations of the standard scheme for different 

code rates. It is seen from Figure 5.8 through 5.11 that all SPT schemes constructed here offer a 

significant throughput enhancement over the corresponding standard scheme. Table 5.1 

summarizes the comparison by listing the throughput enhancement offered by different SPT 

schemes constructed here over the standard LTE turbo coded schemes. It is seen from Table 5.1 

that SPT schemes can increase the throughput when the BEP is around 10
-5

 by about 13% for a 

4-ary constellation, by about 20% for a 16-ary constellation and by about 30% for a 64-ary 

constellation. It is noticed here that SPT technique is independent of the encoding and decoding 

methods used in the coding system and therefore the proposed SPT technique can be used when 

the system uses any type of an error control coding technique. 

 

Table 5.1. Throughput enhancement of different SPT schemes 
 SPTA (4-ary) SPTB(16-ary) SPTC(64-ary) SPTD(64-ary) 

Rate  combinations 

(R1,R2,R3) 

1/3, 4/5 1/3, 8/9 1/6, 4/5 1/6, 2/3 1/9, 4/5 1/9, 8/9 1/9, 1/2, 8/9 

Comparable rate 0.500 0.571 0.400 0.364 0.444 0.500 0.444 

Throughput 

enhanvement 

13.4% 12.51% 14.60% 20.82% 28.35% 25.92% 25.00% 

5.3 Chapter Summary 

    A simultaneous packet transmission (SPT) technique has been proposed to increase the 

throughput of a communication system. A SPT scheme is developed by partitioning the signal 
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constellation and creating levels of the scheme. The first level of a SPT has one stream while 

every higher level has more streams. Further, as the level increases the number of streams of that 

level also increases. Every stream at every level of a SPT has its assigned partition of the overall 

constellation. Every symbol of a N-level SPT is formed by taking mi, i=1,…,N, bits from a 

selected stream of every i
th

 level. The specific stream selected at any i
th

 level (i>1) to form a 

symbol is decided by all previous bits chosen at levels, j=1,2…,(i-1), of that symbol. It has been 

demonstrated that an information source with Na streams can transmit its coded information by 

using a SPT scheme that employs NT number of streams in total when NT>Na by using one or 

more structured serial to parallel converters (SSPCs). 

     

 

Figure 5.8. BEP variation of SPTB scheme 

 

    It has been demonstrated that SPT schemes are beneficial to systems that transmit a large 

number of packets. A SPT scheme can employ codes with higher code rates on streams at higher 

levels thereby increasing the throughput of a system. Numerical results have shown that SPT 

schemes can offer a 15% to 30% throughput enhancement in turbo coded LTE systems of BEP 

values around 10
-5

 and below. 
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Figure 5.9. BEP variation of SPTA scheme 

 

 
Figure 5.10. BEP variation of SPTC scheme 
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Figure 5.11. BEP variation of SPTD scheme 
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CHAPTER 6 

CONCLUSION AND FUTURE WORK 

This chapter summarizes the contributions made by the dissertation. 

    In chapter 2, a novel class of single row constrained interleaving (SRCI) technique has been 

proposed and used to construct SRCI-TPC coded schemes. SRCI-TPC schemes achieve the 

highest possible minimum distance while simultaneously achieving an interleaver gain similar to 

that of uniform interleaving thereby improving performance over known TPC schemes and 

constrained interleaved TPC schemes. In addition, compared with constrained interleaved TPC 

schemes, SRCI-TPC schemes have higher flexibility in choosing a frame size. 

    In chapter 3, constrained interleaved coded modulation (CICM) that is known in the literature 

with outer block codes has been applied to coded modulation schemes with outer convolutional 

codes (OCCs) to construct a class of CICM-OCC scheme. Due to the memory and the absence of 

well-defined codewords of convolutional codes, a virtual codeword technique has been 

introduced to reduce the design complexity. It has been demonstrated that CICM-OCC scheme 

perform better than traditional coded modulation techniques used with convolutional codes. 

    In chapter 4, NOMA and BOMA techniques that have been proposed in the literature have 

analyzed and compared with each other on the downlink of 4G and 5G wireless systems to 

transmit information of multiple users simultaneously. It has been demonstrated that BOMA can 

be improved by introducing CICM technique to the weaker user thereby introducing a novel 

improved-BOMA (IBOMA) technique. IBOMA can reduce the performance loss of the weaker. 

It has also been demonstrated that the performance loss of the weaker user can be further 

lowered by employing IBOMA by especially when CICM is used with 4D constellation mapping 

is used. 

    In chapter 5, throughput enhancing concatenated codes (TECCs) with block component codes 

and simultaneous packet transmission (SPT) have been proposed to enhance the throughput of a 

communication system. TECC schemes can enhance the throughput by transmitting a second 

coded stream implicitly while transmitting a coded stream explicitly without sacrificing 

performance. A novel SPT technique transmits multiple packets simultaneously using multiple 
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data streams to enhance the throughput. SPT schemes enhance throughput by employing higher 

code rates on selected data streams. It has been shown that SPT schemes can achieve significant 

performance gains over traditional coded transmission using a single data stream. 

    BOMA and IBOMA techniques proposed in chapter 4 can be extended on the downlink of the 

LTE when adaptive modulation and coding is used. Also, these techniques can be extended to 

MIMO schemes. 

    Finally, in TECC, different methods of generating the error sequence and the design of the 

interleaver before the mapper can be further studied to improve the throughput enhancement. In 

SPT, automatic repeat request (ARQ) and hybrid automatic repeat request (HARQ) can be 

introduced to improve the performance. Even though a simple method to identify the completion 

of a packet on each stream has been used in this study, better methods to estimate the end 

completion of a packet can be investigated. Also, SPT technique that has been studied with turbo 

coded streams can be extended to coded streams generated by other types of codes such as block 

codes and LDPC codes.     
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