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Chapter 1

Introduction

1.1 Background

The rapid growth of wireless and mobile technologies is creating demands for various multimedia
applications and services at all times and from anywhere. One new that is very much in demand is
that of video content. A main reason for this is that the number of smartphones and PCs has been
steeply rising, allowing people to easily enjoy video multimedia services. Video coding technology
has previously been focused on broadcast, movie, video-on-demand via Internet, etc.[1]-[2].
Therefore, video coding schemes have been extensively studied for obtaining higher coding
efficiency in order to transmit higher resolution video contents over a limited bandwidth channel and
international standardization bodies have created new video codec standards in response to this
requirement, e.g., MPEG-2, MPEG-4, H.264 and H.265 [3]-[6].

Recently, we have had more opportunities to utilize video multimedia applications for not only
broadcast but also other use cases, e.g. extreme environment and healthcare applications [7],[8]-[10].
The background of this trend comes from the fact that real-time video transmission can be easily
realized using a small video camera and codec device including a mobile terminal. Due to recent
advances in LSI technology, the processing ability of software video codecs has becomes sufficiently
high to expand the use cases of video transmission systems. In many such applications, wireless

video transmission systems employ mobile ad-hoc networks and their technical requirements are
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different from those of broadcast systems [11]-[13]. In these systems, error resiliency against the loss
or erasure of video streams is more important. This implies that high-reliable (dependable or error
robust) video transmission is required in parallel with high resolution video transmission.

For the high-reliable wireless transmission systems, Multi-carrier Code Division Multiple Access
(CDMA) has become a promising candidate for future wireless multimedia communications
including high-reliable wireless transmission systems because of its robustness to
frequency-selective fading and its flexibility in handling multiple data rates [14]-[20]. Multi-carrier
CDMA is intended to exploit the advantages of both Orthogonal Frequency Division Multiplexing
(OFDM) [21] and CDMA, and can be mainly divided into two categories: spreading in the frequency
domain (MC-CDMA) and spreading in the time domain (MC-DS-CDMA). The longer symbol
interval in OFDM greatly eases the problem of acquiring synchronization of the spreading code in
the receiver. Additionally, it can achieve high data rate transmission with protection against
frequency selective fading and eliminate the need for RAKE combing [14],[18]-[20]. However,
Multi-carrier CDMA systems suffers from performance degradation by a high peak to average power

ratio (PAPR) and multi-path fading [18]-[26].

1.2.  Motivation of the Research

As a solution for achieving the new technical requirements for video transmission described in the
previous section, this thesis presents two kinds of new proposals: one is for a spatial and temporal
error concealment (EC) method that is suitable for the packet loss channel and the other is for a new
wireless transmission scheme that can transmit a highly error-protected video stream over
error-prone channels and with high transmission efficiency (high frequency utilization efficiency).
Figure 1.1 shows the structure of the considered mobile multimedia communication system. A video
input and an audio input are encoded at each encoder. These encoded and control data are input into
a multiplexing module. At this module, the input sequence is encapsulated into multiplexing packets
(MUX packets) and each packet adds a multiplexing packet header and Cyclic Redundancy Check
(CRC) for the detection of the packet header. For video multimedia transmission, MPEG-2 TS is
often applied for the multiplexing scheme. The MUX packet is fed into a channel coding module and

the packet is error-protected by an error control code.



Chapter 1 Introduction

Data > Tra:snll_tte_r ____________ -
Audio 5}
Audi > <
uee Engaeter ~ ﬁ_ ! Channel 5| Adaptive SSPfltEad \l T %
—-———=— — T £ Encoder ”| Modulator Mpedc :’um T
Video Video > = M odulator | |
Encoder 1 |
! | 1
T ¥ }
| 1 1 1 Video
. 1 | | Multimedia
I Temporal-Spatial Iy Reed-Solomon Coded MC-DS-CDMA | Transmission
: Error Concealment I with Bi-orthogonal Modulation I Channel
|
1 L 1
] i | | p
. 1 Video < 1 I
Video < \| Decoder o 1 | T
______ a1 ] Spread 1
1 (—‘ L Giemiel | P D Adazn;/e Spectrum
Audio & Decoder emodulator bemodul U
Audio € Decod = \ emodulator
ecoder 8 ~ - _ 3
Data < Receiver
Fig. 1.1  System structure and coverage area of this thesis



Chapter 1 Introduction 4

This encoded packet is then modulated by an adaptive modulator. After modulation, the signal is
spread by a spreading code and transmitted into the channel. The receiver operates the inverse
procedures of the transmitter. In this figure, the coverage areas of the above two proposals are shown.
The spatial and temporal EC method indicates a solution in the upper layer and the new wireless
transmission scheme, Reed-Solomon (RS) coded MC-DS-CDMA with bi-orthogonal modulation

covers the lower layer.

1.2.1  Spatial and Temporal Error Concealment Method

Conventional video communication systems widely adopt video coding schemes using discrete
cosine transform (DCT) coding and motion estimation and compensation (ME/MC) [3]-[6],[27]. The
discrete wavelet transform (DWT) has become increasingly popular: this has advantages in reducing
block artifacts, especially at a low bit rate and giving efficient scalability [28]-[29]. In 3D DWT
video coding, the video encoder can produce energy-condensed wavelet coefficients and a scalable
bit stream [28],[30]. Thus, in error-prone wireless networks, packet losses that can cause serious
degradation of video quality are inevitable [31]. Therefore, it is important to develop error-resilient
coding methods to minimize visual quality degradation [32],[33]. One of the most prominent
error-resilient coding methods is grouping or packetization methods for video sequences without
extra redundant information [34]-[39]. In addition to error-resilient coding, EC at the decoder is also
an efficient method for compensating visual quality [40]-[42].

In [43]-[44], we proposed a 3D DWT video coding employing dispersive grouping (DG) and a
two-step EC method. The first step involves recovering lost coefficients in the spatiotemporal
lowest-frequency sub-band using those duplicated coefficients transmitted in dispersively grouped
bit-streams and the second step is recovering lost coefficients using interpolation methods. In these
papers, the interpolation methods are applied in each frame (only intra-frame). Note that higher

efficiency of the interpolation can be obtained by utilizing temporal similarities.

1.2.2  Error Control Coding for MC-DS-CDMA with Bi-orthogonal Modulation

Among the various Multi-carrier CDMA schemes, hybrid schemes of bi-orthogonal keying and

Multi-carrier CDMA have been proposed [23],[46]-[47]. In this scheme, the input sequence of a
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bi-orthogonal modulator is defined as the following two types: n-—1bits out of n input bits (called
code-selection bits) and the remaining 1 bit (called a sign bit). The code-selection bits select a
Hadamard code word as a spreading code and the sign bit is transmitted after spread by the selected
Hadamard code word. An advantage of this modulation scheme is that the bandwidth efficiency is
higher than that of the orthogonal modulation, e.g., an n -bit input sequence is spread into 2" bits
by orthogonal modulation and 2" bits by bi-orthogonal modulation,. This indicates that the
multi-user capacity can be doubled on the same process gain condition. In [47], it is shown that the
PAPR and bit error rate ( BER) performances over multi-path fading channels can be reduced by
using a cyclically shifted Chu sequence. Applying error correction codes is also an important
approach to combat against these performance degradations. Traditionally, employing convolutional
codes to mobile communication systems has been studied [48]-[52]. However, when adopting error
correction codes to MC-DS-CDMA with a bi-orthogonal modulation scheme, the following points
should be considered:

e A two-step demodulation is performed at each bi-orthogonal demodulator. The code-selection
bits are detected and then a decision for the corresponding sign bit is applied using the above
detected code selection bits. Therefore, if the code-selection bits can be protected sufficiently,
the sign bit error can also be reduced sufficiently.

e Since the code-selection bit sequence consists of n—1 bits, employing a symbol error
correcting (burst error correcting) code is more efficient for encoding code-selection bits. This
implies that employing a non-binary code is more suitable than employing a binary code.

e  Since several bi-orthogonal modulators are allocated in parallel, the number of encoders and
decoders should be minimized. Additionally, their implementation complexity should be as low
as possible.

Additionally, if an efficient error control coding can be adopted based on the above conditions, we
can further consider increasing the transmission efficiency of the sign bit by using multi-level
modulation. This allows the system to realize high speed video multimedia transmission. When

applying multi-level modulation, an additional efficient error control coding needs to be considered.
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1.3.  Organization of this Thesis

A layout of this thesis and how the chapters link together are provided in Fig. 1.2. The remainder
of this thesis is organized as follows.

In Chapter 2, an enhanced spatial and temporal EC method is proposed to achieve higher
performance in packet loss networks. This is an extension of our previous studies and offers the
challenge of achieving higher EC performance. To improve the EC performance, the following
modifications are made;

e In addition to the spatial EC method in [43],[45], a temporal EC method is employed.
Compared with the conventional two-step EC method, this temporal EC requires no additional
procedure at the encoder. Only the decoding procedure is modified,

e In the temporal EC method, the structural similarity (SSIM) index is used for inter-group of
pictures (GOP) EC and the minimum mean square error (MMSE) is used for intra-GOP EC.
The SSIM index was proposed for predicting human preferences in evaluating image quality
[53]-[54]. Since it can be assumed that human visual perception is highly adapted for extracting
structural information from a scene, the SSIM index can provide efficient visual
quality-prediction performance.

In Chapter 3, the MC-DS-CDMA with a bi-orthogonal modulation system is explained and an
efficient error correction coding scheme suitable for this system is proposed. An RS code [55]-[56] is
employed for encoding the code-selection bits. The advantages of the RS code are as follows: 1) It is
a widely used symbol error correction (non-binary) code and high correction abilities can be
expected: 2) this code is capable of parallel processing, enabling ease high-speed implementations:
and 3) each code-selection bit of the bi-orthogonal modulators can be assigned as an RS code
symbol. This implies that the code-selection errors for all subcarriers can be corrected by a single
error correction code. As for the sign bit error protection, no error correction code is adopted. Instead
of employing an error correction code, the detection algorithm at the bi-orthogonal demodulator is
modified. As a basic analysis of the proposed scheme, BPSK is assumed for the sign bit modulation.

In Chapter 4, to realize a high-speed mobile communication system of the type that should be
necessary for real-time video multimedia transmission, a multi-level modulation (e.g., MPSK and
MQAM) scheme is desired in that it achieves higher frequency utilization efficiency. In applying

multi-level modulations to multi-carrier systems, Adaptive Modulation and Coding (AMC) has been
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extensively studied [57]-[58]. As an extension to a high-speed mobile communication system, a
Generalized Symbol-rate-increased (GSRI) Adaptive Trellis Coded Modulation (ATCM) scheme
applied to RS-coded MC-CDMA with bi-orthogonal keying (hereinafter called proposed scheme) is
adopted. The GSRI TCM that we have proposed allows bandwidth-expansion ratio to be varied
aiming at an optimization between complexity of the system design complexity and the coding gain
improvement [59]. This scheme can arbitrarily set the bandwidth-expansion ratio, keeping higher
coding gain than the conventional TCM scheme. Since a Pragmatic TCM [60] is used, the
modulation scheme can be easily changed according to the channel conditions. As for MC-CDMA
systems, the performance degradation by Peak-to-Average Power Ratio (PAPR) due to a non-linear
amplifier is another important problem to be solved. Since GSRI TCM does not expand the number
of the modulation scheme, the performance degradation due to the nonlinearity of the amplifier can
be reduced [60]-[61]. For applying GSRI TCM to the MC-CDMA with bi-orthogonal keying, the
following modifications are employed.
e Instead of MQAM schemes, we assume the application of MPSK schemes for reducing the
performance degradation by a nonlinear amplifier [60]-[61].
e To reduce the performance degradation over multi-path fading channels, an inter-subcarrier
interleaving is employed.
It is clarified that there is a tradeoff between BER and throughput for the proposed scheme and the
RS-coded MC-CDMA with bi-orthogonal keying employing the conventional Pragmatic TCM.

The results of this thesis are summarized in the conclusions presented in Chapter 5.
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Chapter 2

Spatial and Temporal Error
Concealment Method for 3D DW'T
Video Coding

2.1. Introduction

A new spatial and temporal EC method for three-dimensional discrete wavelet transform (3D
DWT) video coding is analyzed. 3D DWT video coding employing dispersive grouping (DG) and
two-step EC is an efficient method in a packet loss channel [43], [45]. In the two-step EC method,
the interpolations are only spatially applied: however, a higher efficiency of the interpolation can be
expected by utilizing spatial and temporal similarities. In this chapter, an enhanced spatial and
temporal EC method for achieving higher EC performance in packet loss networks is proposed. In
the temporal EC method, a structural similarity (SSIM) index is employed for inter-group of pictures

(GOP) EC and minimum mean square error (MMSE) is used for intra-GOP EC.

2.2 System Description

Figure 2.1 shows the system model. The transmitter consists of a video encoder, audio encoder,
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multiplexer and modulator. The video coding is focused on analysis. Audio coding is not described.
The input video stream is encoded at the 3D DWT encoder. The structure of the 3D DWT video
encoder is illustrated in Fig. 2.2. In this figure, the input video sequence is divided into groups of
successive frames for forming a GOP. These frames are provided by the 3D DWT module and a
wavelet transform cube is generated by spatial DWT and temporal DWT.

An example of a wavelet transform process is explained in Fig. 2.3. This figure illustrates a
case of a 4 x4 pixel frame with GOP size = 4. Each of the four input video frames is spatially
wavelet-transformed first. In this figure, the transformation process for Frame #1 is illustrated.
One-dimensional DWT is performed for each row (Stepl). Then 1D DWT is performed for each
column as Step2. Step3 gives 1D DWT processes for the all rows and columns in the LL part. The
same spatial wavelet transform process is performed for the other frames (Frames #2, 3 and 4). After
finishing the spatial wavelet transform, a temporal wavelet transform is performed. This time, 1D
DWT is performed in the direction of the time axis. In a temporal DWT process, pixels located at the
same position in each transformed frame of the spatial wavelet are selected.

The wavelet coefficient w(u,v,s) given by the 3D DWT decomposition process is
dispersively divided into several groups (DGs are constructed) in order to obtain error-resilient
bit-streams. The dispersive grouping algorithm is a remainder function for generating a group index
using unique indices — the location of frame (u,v)and the frame number (s) - of a video
sequence [45].

Each DG is quantized at the quantized module and the spatiotemporal low-frequency sub-band
duplication information is applied in order to provide enhanced concealment capabilities [45].

Then, each group is entropy-coded at the entropy-coding module and input to the multiplexer. At the
multiplexer, the transmission packets for the MPEG-2 Transport Stream (TS) format [44] are
generated. As described in [45], the packetized elementary stream (PES) packets are created from the
bit stream and then encapsulated inside the TS payload. Each TS payload generates a TS packet
(TSP) by adding a 4 byte TS header. In Fig.2.1, the TSPs are sent through the modulator and
transmitted to the receiver. At the receiver, demodulation is performed and video TSPs are extracted
with DGs being re-constructed at the demultiplexer. The re-constructed DGs are inputted into a 3D

DWT video decoder. At the decoder, decoding and EC are performed through the following seteps:
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1. Inverse packetization and checking the erroneous coefficients of the received signal,
Replacement method of EC

Inverse dispersive grouping

2

3

4. Temporal EC
5. Inverse temporal decomposition
6. Spatial EC

7. Inverse spatial decomposition

The next section explains the EC methods in detail.
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2.3  Proposed Error Concealment

2.3.1 Replacement Method

t

-HH

s=4

13

Decoding failures or missing coefficients propagate to the related spatiotemporal coefficients in

a GOP frame period in the wavelet domain. Therefore, the EC method is applied before the inverse

3D DWT processing operation. The decoder first recovers the detected loss coefficient by

replacement procedure with its duplicated coefficient as follows:

w(u,v,s) if available

iUV, S) = !
Wi (U, V) { 0 if lost

2.1)
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where W; (u,v,s) denotes an estimated value of the lost coefficient of the i-th group, in which
u and v denote the coordinates and s is the frame index. w; (u,v,s) is a duplication coefficient that
is transmitted by including the jth group.

Figure 2.4 shows an example of the above procedure. Assuming that the lowest sub-band
coefficients are dispersively divided into four groups, 4 DGs are generated. Among the four DGs,
DG #3 is corrupted in the channel and a group loss takes place. In this case, the lowest sub-band
coefficients in the DG #3 (W;(1,2,1) ) cannot be provided with the decoder. However, since DG #4
has a copy of the coefficients (w', (1,2,1) ), this loss can be compensated.

The replacement based concealment method can expect remarkable error recovery performance

by using multiple transmission effects. However, the lost coefficients of the low-frequency sub-band
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are unable to recover perfectly when both the original and duplicated coefficients are lost. This

procedure is basically the same as EC I in [45].

2.3.2  Temporal Error Concealment

An SSIM index is a method for measuring the similarity between two frames. Generally, the
similarity of the lowest sub-band frames between neighboring GOPs is high. In such a condition,
interpolation weighting factors based on PSNR or MSE are difficult to represent accurate visual
guality. Since the SSIM index can reflect perceptual distortions, it can represent the visual quality

accurately [62]-[64]. The SSIM index between s-th frame and k-th frame is defined as follows [53]:

(Zﬂs,uk +C1)(Zask +C2) (22)

SSIM(s, k) = ,
(,us2 +,u|f +Cl)(0'52 +0'k2 +C,)

where u, and g, represent the mean values of the s-th frame and k-th frames, respectively, o
and o, are the standard deviations of each of frame, and o, is the covariance of the two frames.

The constants C, and C, are two small positive constants and calculated as follows:

C, =(K,L)?, C, =(K,L), (2.3)

where L is the dynamic range of pixel values (e.g., 255 for 8-bit image), and K; and K, are small
constants for avoiding instability. The maximum SSIM value, 1, is achieved in the case of two
identical sets of data.

In Fig. 2.5, the proposed method is adopted into the inter-GOP based temporal EC method for
temporal low-frequency sub-band (t-LLL). The concealed value of the s-th frame in the current GOP

(k=0) W,g(u,v,s) iscalculated as as follows:
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Current GOP (k=0) Next GOP (k=1)

16

Previous GOP (k=-1)

s=1 2. 8 1 2 3 4 5 6 7 8 1 2.
I \_Y_I
: PLLL GHLL tHL
i ————— —
: 1 e — — —
e e o e e e o o o o e e e e e e e

---: inter-GOP based temporal EC
— : intra-GOP based temporal EC

Fig. 2.5 Structure of the proposed temporal EC method
(GOP length = 8, decomposition level = 3)
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Zr: Zr: Zl:aS,Lka(u +i,v+ ],5+ Lgk)

N 1 i=—r j=—rk=—1k=0
Wig (U,V,s) = - A , (2.4)
2(2r +1)
DID IR IS
i=—r j=—rk=-1,k=0

where W, (u,v,s)is an estimated value for the erroneous coefficient of the low-frequency
sub-band, Lgis the length of one GOP period, r is a reference area index of the concealing
processing, and g , is a weighting factor between the current frame s and the reference frame
Lgk . The weighting factor for the inter-GOP based temporal EC method is derived by the SSIM

index value as follows:

a5k =SSIMg (s, Lgk)

B (Quspi i +C) (2o +C5) (2.5)
(ul +uly +C )02 +0ty +Cp)

where x4, and o are given by

MLL NLL

py = D7 D Wi J.s), (26)

MLLNLL i=1 J—]_

and

MLL NLL

o2 =— 23S (Wi, j,9) - 407, 27)

S =
MLLNLL i=1 J—]_

with M and N being the width and height of the spatiotemporal low-frequency sub-band,
respectively. In eq. (2.5), ug.  and oy, are also calculated with (2.6) and (2.7). The

covariance of the current frame s and reference frame, Lgk , is given by

MLL NLL

U3 WL 1) - ) WG Lak) — ) - (2.8)

i=1 j=1

1
o -
stk MLLNLL
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Along with intra-frame based temporal EC shown in Fig. 2.5, temporal high-frequency sub-band

frames are concealed using adjacent reference frames as follows;

r r 1
Z Z Zﬂs,k(iv Dwu+i,v+ j,s+k)

Wi (U, V,9) = 2(2r1+ A ’ @9)
DT D B D)
i=—r j=—rk=-1,k=0

where wyz is an estimated value of the erroneous wavelet coefficient and g, (i, j) is a
weighting factor of the reference coefficient. The weighting factor of each neighboring coefficient is
derived by the MMSE algorithm.

A set of temporal adjacent reference coefficients can be expressed as follows:

wlu-r,v—r,s+k) ... wlu-r,v+r,s+k)
T= : : . (2.10)
wlu+r,v—r,s+k) - wlu+r,v+r,s+k)

The weighting factor in each reference coefficient is chosen according to the dominant correlation by

using the MMSE algorithm. We estimate the weighting factors as follows:

Bex (i) =Rug, Re e, » (2.11)

where H is the set of surrounding coefficients of a lost coefficient w(u,v,s) and can be expressed

as follows:

wu-r,v—r,s) ... wlu-r,v+r,s)
H= : : . (2.12)
wu+r,v—r,s+k) -+ wu+r,v+r,s)
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The set of surrounding coefficients of the reference coefficient w(u +i,v+ j,s+k) isexpressed as

follows:

wu+i-rv+j—-r,s+k) ... wlu+i-r,v+ j+r,s+k)
E. . = : : . (2.13)
wu+i+r,v+j-—r,s+k) - wlu+i+r,v+ j+r,s+k)

In eq. (2.14), Rg g is the auto-correlation matrix of E;; and Ryg  is the cross-correlation
matrix of Hand E; ;. In practical implementation, an approximation of Rg ¢ and Ry  canbe

calculated from the empirical data as

REi,jEi,j :E[Ei,jEiT,jl RHEH :E[HEiT,j]- (2.14)

Finally, we set minimum and maximum thresholds of the weighting factor in order to obtain a
reliable estimated value because a zero-correlation result causes an inappropriate value. The ranges

of the estimated values (Th;,,Th,, ) are defined as follows:

min

Thmin ﬂs,k(i’j)<Thmin
ﬁs,k (i' J) = ﬂs,k (i! J) Thm in< ﬁs,k (i’ J) <Thmax (2-15)
Thmax ﬂs,k(L j)>Thmax

2.3.3  Spatial Error Concealment

The proposed spatial EC is based on statistical models for video frame coefficients by training on
the neighboring coefficients in the current frame. A set of spatial reference wavelet coefficients for

the spatial EC method can be expressed as follows:

wlu-r,v—r,s) ... wUu-—r,v+r,s)
S= : : . (2.16)
wUu+r,v—r,s) -~ wWU+r,v+r,s)
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The equation of spatial EC method is expressed as

Z Z%(L Dwu+i,v+ j,s)
R 0490~ ' 217)

2 r r
(er+1) DDRAN)

i=—r j=—r

where y.(i, j) isaweighting factor for the spatial EC method.
The set of surrounding coefficient matrices for each reference coefficient w(u +i,v+ j,s+k) is

given as follows:

wu+i-r,v+j—-r,s) ... wlu+i—r,v+ j+r,s)
Ei; = : : . (2.18)
wu-+i+r,v+j—r,s) - wlU+i+r,v+ j+r,s)

The weighting factor (i, j) of the spatial EC method is given by
7s( D) =Rse, Re e - (2.19)

This factor is obtained using egs. (2.14), (2.15) and (2.19). A large area is needed to calculate a
weighting factor for the low-frequency sub-band which has a high variance. However, it is not easy
to calculate an accurate weighting factor despite the increasing of area index, r. Therefore, a bilinear
interpolation method is used to conceal the loss coefficient in the low-frequency sub-band as shown

ineq. (2.4).
2.4 Performance Evaluation

In this section, the performance of the proposed EC method is evaluated through simulations. The
simulation parameters are given in Table 2.1. To evaluate the basic EC performance, the channel is
assumed to be a random error model. From the viewpoint of the basic performance evaluations, it is

efficient to perform the evaluation over a system-independent channel model. Furthermore, mobile
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Table 2.1  Simulation parameters.

Video sequence type

YUV 4:2:0

Frame rate

30 frames/s

Spatial DWT filter

Daubechies 9/7

Temporal DWT filter

Haar

21

Spatial decomposition level (s_lev) 3

The length of GOP frames (Lg) 8, 16, 32 frames

Temporal decomposition level (t_lev) 4

Number of dispersive groups (Np) 4

Packet loss patterns Random

Weighting factor threshold (Th,;,,Th,) [(0.01, 100)

The reference coefficients area index (r) |1

communication systems usually support interleavers for randomizing the channel errors. If the
interleaver works sufficiently well, the channel condition can be assumed as a random error channel.

The PSNR vs. Packet Loss Rate (PLR) performance is evaluated in Fig. 2.6. The example video
sequences are selected as a relatively slow-motion Highway sequence and a relatively fast-motion
Football sequence. The proposed method is compared with the two-step EC method. In this
simulation, the GOP size is selected to be as 16 frames. For Highway sequence, the proposed method
achieves better performance than the two-step EC method. This implies that the temporal EC is
effectively working in a slow-motion sequence. In the slow motion video sequences, the similarity
between the reference frames is high effectiveness can be expected for the temporal EC. On the other
hand, the improvement in the proposed method is marginal in the case of the Footbal sequence. In
the fast-motion sequences, the similarity between the reference frames is relatively low and the
temporal EC performs less effectively.

Figure 2.7 shows the PSNR vs. GOP size at a PLR of 10%. The evaluated video sequences are
also Football as a relatively fast-motion sequence and Highway as a relatively slow-motion sequence.
In this figure, it is observed that the performance improvement of the proposed method is attractive
for various GOP sizes in the case of Highway. It is also indicated that the temporal EC works

effectively in a slow-motion sequence. In the case of Football, the performance improvement of the
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Table 2.2 PSNR performance (PLR= 12.5%)

Video sequence |Two-step EC method [Proposed method |Improvement
Football 31.87dB 32.11dB 0.24dB
Foreman 32.26dB 33.17dB 0.91dB
Paris 28.78dB 31.02dB 2.24dB
Highway 37.55dB 38.56dB 1.01dB
Mobile 26.49dB 27.65dB 1.16dB
Bridge 33.38dB 34.70dB 1.32dB

proposed method is marginal for various GOP sizes.

The performance of the proposed method is evaluated for various video sequences. The average
PSNR performance results of the proposed method and the two-step EC method at a PLR of 12.5%
are shown in Table 2.2. For all of the video sequences, the proposed method has the best PSNR
performance compared with the other methods. It is indicating that the proposed method can obtain
the best EC ability. Among the video sequences in this table, it can also be said that relatively slow
motion video sequences (e.g., Highway and Bridge) perform better than the fast-motion ones (e.g.,
Football sequence). This implies that the temporal EC for the slow motion sequences is more
effective than that for the fast motion video sequences. The above evaluations show that the
proposed method remarkably improves PSNR performance when video sequences are relatively
slow. In order to compare visual quality, typical examples of decoded frames for Highway sequence
at the PLR of 12.5% are shown in Fig. 2.8. For reference, the experimental results of the following
error concealment methods are presented in addition to the conventional methods: Bilinear EC [37],
Adaptive MAP EC [41] and GMRF model based EC [42]. In this figure, we can see there are still
erroneous coefficients (black dots) in Fig. 2.8 (b), (c) and (d). In Fig. 2.8 (e), it shows that the
conventional Two-step EC method attains better improvements compared with the above three
conventional methods. In Fig. 2.8 (f), the proposed method achieves the best visual quality.
Comparing Fig. 2.8 (e) and (f), it is observed that blurry areas on the road are reduced. It is because
the proposed method utilizes the temporal EC in addition to the spatial EC.

As for the increase in the implementation complexity due to the temporal EC method, the

transmitter has no additional functionality. Only the receiver increases the implementation for the
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additional EC method. The main additional parts are a buffer for the previous and next GOPs and
logics for SSIM interpolation and MMSE interpolation. To perform inter-GOP interpolations, at least
three GOPs (the previous, current and next GOPs) have to be stored in the decoder buffer. This
requires a buffer that is three times larger than that in conventional methods. The calculations for
SSIM interpolation are inclined to be more complex than that for MMSE interpolation. Optimizing
the implementation design, there may be a possibility of sharing the MMSE logic for temporal EC

and that for spatial EC.

2.5 Conclusion

In this chapter, a spatial and temporal EC methods for 3D DWT video coding are proposed and
the PSNR performances are evaluated using simulations in a packet-transmission channel. Based on
the two-step EC method, the proposed method employs an extended temporal EC. There are two
main ideas behind this temporal EC. One is referencing inter-GOP frames for the lowest sub-band
frames and intra-GOP frames for the higher sub-band frames and the other is employing the SSIM
indicator for inter-GOP frames. The proposed method can first recover packet errors using a spatial
EC method with spatiotemporal low-frequency sub-band duplication information and then the video
decoder can recover erroneous video frames from spatiotemporal adjacent coefficients.

The simulation results revealed that the proposed EC method performs better than the two-step EC
method. It was also shown that the proposed method achieves remarkable improvement for relatively
slow-motion video sequences. An efficient method for relatively fast motion video sequences should
be further investigated. Employing motion compensation is one technique to be considered. It

should also be compared from the viewpoints of performance and implementation complexity.
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(a) Erroneous frame (b) Bilinear EC

(c) Adaptive MAP EC (d) GMRF EC

(e) Two-step EC (f) Proposed EC

Fig. 2.8 Reconstructed sample frame of the Highway sequence in a 12.5%
packet loss rate environment.
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Chapter 3

Reed-Solomon Coded MC-DS-CDMA

with Bi-orthogonal Modulation

3.1. Introduction

In this chapter, an error correction scheme suitable for an MC-DS-CDMA system with
bi-orthogonal modulation is presented. The input sequence of a bi-orthogonal modulator consists of
an n-—1bit code-selection bit sequence and 1 bit sign bit sequence. To apply an efficient error
correction code, the following points should be considered: (1) if the code-selection bits can be
protected sufficiently, the sign bit error can also be reduced sufficiently, (2) since a code-selection bit
sequence consists of n—1bits, employing a symbol error correcting code is more effective for
encoding code selection bits, and (3) the complexity of the error correction encoder and decoder
implementations should be minimal. Based on these conditions, we propose employing a
Reed-Solomon (RS) code for encoding the code-selection bits and no error correction code for the
sign bit. Additionally, the detection algorithm at the bi-orthogonal demodulator is modified to
compensate for degradations of the sign BER performance. The performance in an Additive White
Gaussian Noise (AWGN) channel is evaluated by both theoretical analysis and computer simulations.

The performance evaluations by simulations on multi-path fading channels are also shown.

27
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3.2.  System Description

3.2.1  Transmitter Structure

The transmitter structure of the proposed scheme is given in Fig. 3.1(a). The incoming binary bits
are serial-to-parallel converted into kg +n parallel bit streams, where k is the number of the input
sequences sent to the RS encoder and q is the number of bits in each input sequence. These k
input sequences, i=(iy,...,i,_;), are fed to the (n k)RS encoder over GF(2%). The encoded
symbols by,...,b,_;are inputted into n bi-orthogonal modulators and each modulator selects an

orthogonal code. Here we can define the coding rate of the transmitter, r, as follows:

_kg+n

r= @n (3.1)

The detailed scheme of the bi-orthogonal modulator is shown in Fig. 1(b). The orthogonal code
used here is the Hadamard code. When the g bits b;( j=0,...,n—1) are fed into the modulator, one
of the h Hadamard codewords is selected according to the bit combination of b; and the selected
codeword is outputted asc;. In this figure, h=2% (=n+1) is assumed. On the other hand, n
parallel 1-bit signals, a;( j=0,...,n—1), are modulated by BPSK. The modulated signal u

(j=0,...,n=1) is expressed as follows:

+1 ;2 =0

Then, u,---u,_, are spread by the selected Hadamard codewords, c,---c,,. The modulated
sequences S,...,S,_; are fed into the N-point IFFT. Since the number of IFFT points is generally set
to 2/(¢ is a positive integer), N is defined as n+1 (in this case, 2%), which means an additional 0

padding carrier is assumed to be inserted. The output of the IFFT signal, X(t), is expressed as

1 N-1 . 4
X(t) = —==>'s, -el>mt (3.3)
N
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where Af =1/T, and T,denotes a modulated symbol (hereinafter called an OFDM symbol)
period.

An example is shown in Figs. 3.2(a) and (b). This example is a case where q=3, h=29=8,
n=2%9-1=7, k=3 and N =29=8. The incoming binary bits are serial-to-parallel converted
into 10 parallel sequences. Among these sequences, i,,---,i, are 3-bit sequences and a,,---,azare
1-bit sequences. The 3-bit sequences iy, ---,i, are input symbols of the (7,3)RS encoder and the RS
encoder calculates its parity symbols using the input symbols. The primitive polynomial, p(x), and

the generator polynomial, g(x), are

p(x) =X +x+1 (3.4)
9(x) = (x—a)(x—a®)(x—a’)(x—a*) , (3.5)

where « denotes a root of p(x)[51]-[52]. The encoded 7 RS code symbols are input into the
bi-orthogonal modulators and each input symbol selects the spreading code, ¢; (j=0,...6). Figure
2(b) shows a bi-orthogonal modulator structure. In this figure, the input symbol
bj =(bjo,bj1.bj,) isputinto the code-selection module and one of the 8 Hadamard codewords is
selected according to the bit combination of b;, e.g., (0,0,1), and the selected codeword is outputted
ascj, e.g., (+1,-1,+1,-1,+1,-1,+1,-1). On the other hand, each of the seven 1-bit signals, a,,---,a;,
in Fig. 3.2(a) is modulated by BPSK and then spread by the spreading code, c;. The spread
sequence sy, ...,Sq i fed into the 8-point IFFT module. In this case, it is assumed that 1-point padding
is applied to the IFFT. After the IFFT process, the output signal, X(t), expressed in eq.(3.3), is

parallel-to-serial converted and is preceded by a Guard Interval (Gl).
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Fig. 3.2 (a) Example of the proposed transmitter
(b) Example of a bi-orthogonal modulator
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3.2.2 Receiver Structure

Figure 3.3(a) shows the receiver structure of the proposed scheme. After removing GlI, the
received signal is serial-to-parallel converted and fed into the FFT. Then, the FFT output signals
$y,---,5,.1 are input into correlator banks, where correlation detection is performed.. Figure 3.3(b)
shows the structure of one of the correlator banks. In this figure, one of the FFT output signals, §;,
is input into h correlators in parallel and the correlator outputs A4,,...,4,; can be obtained. From
these correlator outputs, the absolute values for them and their corresponding sign bit values (+1 or
-1) are calculated. These absolute values are compared with each other and the maximum value
|/1max| is selected. The decision module estimates the transmitted code selection bits, 6j, by
performing the reverse procedure on the corresponding code-selection module in the transmitter and
a code selection bits Bj is estimated. The same process is followed in all correlator banks. The
estimated code-selection bits, by.,...,0, ,, are fed to the RS decoder. In the RS decoder, a decoding
procedure is performed and a decoded codeword is obtained. This decoded result is passed into the
parallel-to-serial converter and fed back to the correlator banks. In the correlator banks, a decision
procedure is performed using the fed-back RS codeword, (fo ,...,fn_l) . In the decision module in Fig.
3.3(b), a;is selected according to the value corresponding to the fj . After this procedure, the sign
bits, &,,...,4,_;, are determined and fed into the parallel-to-serial converter.

Figure 3.4 (a) is the receiver structure of an example case. This example has the same parameters
as in Fig. 3.2 (a). In Fig. 3.4(b), a demodulation procedure for correlator bank #6 is illustrated. In
this figure, each correlator calculates the correlator value using each assigned local correlation code,
Cd;(j=0,..6), and its sign bit value. Among the calculation results, the maximum absolute
correlator value, |4, |, is detected and its corresponding Hadamard codeword candidate, Cdg, is
selected. Then, the code-selection bits 56 are estimated as (1,1,0). The code-selection bits,
66 = (1,1,0) are fed into the RS decoder. The RS decoder corrects errors and provides a decoded
codeword, I = (iy,...,Is) . An RS code symbol for the decoded codeword iy = (0,0,1) is given back to
correlator bank #6. At the Correlator bank #6, since f6 =(0,0,0) is not equal to 66 =(110),
fe =(0,01) is selected as the correct code-selection bits and its associated sign bit &5 =+1is
provided. If by =(11,0) was not erroneous, igequals to beand the selected sign bit &, =—1is

provided.
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Fig. 3.3 (a) Receiver structure of the proposed scheme
(b) Correlator bank of the receiver
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3.3.  Performance Analysis

The code-selection error rate and the BER can be derived as follows. For the performance on an
AWGN channel, without loss of generality, we only need to consider the performance when s is
transmitted. Let P, denote the probability that the correlator bank #0 selects the correct correlator
output and the sign bit is correctly detected.

In Fig. 3.3(b), the input signal of the correlator bank #0, §,(t), is expressed as
So(®) =s(t) +n, (1), (3.6)

where n, (t) denotes an AWGN with a power spectral density of ol(= Ny /2).

From eq. (3.6), a correlator output of A4, (1< m < h —1) can be derived as

A = | So(t)s, ()dt

.
{ (3.7)
:
-
0

so(0)s,, (t)dt+jn (®)s,, (t)dt

where s, (t)is a locally generated signal at the correlator #m.
The probability that the codeword that was sent will be chosen correctly is equal to the probability

that the output of all of the other correlators will be smaller than that of the given correlator. Then

P, can be calculated as follows [64]-[66]:

P = Pros[40 >0, |1o| > (|/11|v'“1|/1h—1|) |50]
® h-1
= I p(ﬂo)dﬂon P(V’m' < |/10|)
0 m=1

(3.8)

where p(/4,)is the probability density function of the output of the correct correlator (correlator #0),

and
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A
P(n| <l0])= [ pUn)d2,
—o

36

(3.9)

is the probability that the absolute value of the m-th incorrect correlator will be less than that of the

correct correlator output. The second equality of eq. (3.8) holds because the correlator noise outputs

are mutually independent.

Since the p(4,)and p(4,,) are Gaussian probability distribution functions eq.(3.8) can be expressed

as follows:

_ /12m
202

h-1
! ~(o-E| | F 1 ,
e '([ \/27[0'2 exp{ 20° }dﬂ{'[u \/271'0'2 exr{ Jdﬂm}

Making the substitutionv = (/10 - Es )/ o,z2=1,/0o, P,canbe re-written as

where. E, denotes the symbol energy that can be expressed by bit energy E, as follows [55]:

E.=(Q+DE, /r.

Then, the probability that a codeword is in error, P, is derived as

(3.10)

(3.12)

(3.12)

(3.13)

From eq. (3.11), the probability that the selection code is correctly detected but its sign bit is not

correct, Py ., can be calculated as.
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Psgic = rob[ﬂo < O'V‘O‘ > (Ml‘ llll M’n—l‘) ‘SO]

_J2E.IN, 5 h-1
J2E( /N
! v j{l‘i‘ erfc[mﬂ dv.

N2or 2 V2

(3.14)

From egs.(3.13) and (3.14), the probability that the Hadamard code is wrongly selected among the

h —1candidates is given by

I:>(:s:|:>E_P

sg_c*

(3.15)

The code-selection error after the RS decoding, Py g is regarded as the symbol error of the RS

code. Since the symbol error before the RS decoder can be given by P, Py gscan be
approximately expressed as
1<.(n . .
Pcs_RS = Z { -Jpcsj(l_ Pcs)n h (3.16)
n j=t+l J
where t denotes the correction ability of an (n,k) RS code [55]-[56].
Using Bayes' theorem, BER for Py g is derived as below:
20t
Py s Rs PR P Rs - (3.17)

Next, we derive the probability of the sign bit errors. The sign bit error occurs in either of the
following case: (a) A, is detected correctly but its sign is incorrect, (b) A,is not detected correctly
and its sign is also incorrect. The probability of the case (a) is given by eq.(3.14). The probability of
the case (b) is derived as follows. In the (q-+1)-bit bi-orthogonal modulator input bits, the total

o . . ¥ (q+1) 4
number of combinations in which u bits are erroneous is Z =29"-1. Among the
u=1

29 _1 combinations, the total number of cases where the sign bit and the u bits out of q bits are
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q
erroneous is Z(qj =20_1.

u=1 u

q_
From the above, the probability of the case (b) can be calculated as 2—11 P .

20+l _

Then, the probability of the sign bit errors By, ., can be expressed as

q _
P 2 -1p ip (3.18)

sgn_ber — 20 cs sg_c

Eq.(3.18) expresses the sign BER before the RS decoding codeword is provided to the correlator
bank. After this takes place and re-correlation detection is performed, the sign BER, Py, per 1, Can

be given by

29 -1
I:’sgn_ber_ fb :m Pcs_RS + Psg_c : (3.19)

We can calculate the total BER that includes both the BER of the sign bit and the BER caused by

erroneous code selection as follows:

1

PtotaIBER_ RS = m q- Pb_cs_RS + Psgn_ber_ fb) . (3.20)
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Table 3.1 Simulation parameter on an AWGN channel

q n k h=2¢ N =21 r
(7,5)RS code 3| 7 3 8 8 0.786
(15,11)RScode | 4 | 15 | 11 16 16 0.787
(63,47)RScode | 6 | 63 | 47 64 64 0.782

3.4. Numerical Results

3.4.1 Performance on an AWGN Channel

The numerical performance results of the proposed scheme are presented. Figure 3.5 shows the
performance of the code-selection error rate. The proposed scheme is compared with the uncoded
scheme. The evaluation parameters are listed in Table 3.1. The coding rate of the RS code r is chosen
so as to be around 0.78. In Fig.3.5, we can see that the proposed scheme improves the code-selection
error rate compared with the uncoded scheme. At the level of 107, the coding gains for the (7,5)RS
code, (15,11)RS code and (63,47)RS code are approximately 1.2 dB, 1.8 dB and 3.0 dB, respectively.
Moreover, a higher coding gain can be achieved as the RS codeword becomes longer.

Figure 3.6 shows the improvement in the sign BER when employing the RS decoding feedback.
In Fig.3.6, the figure clearly indicates that we can obtain significant improvements. As stated in the
previous section, the sign bit error occurs in either of the following cases: (a) code selection is
correctly detected but its sign is incorrect, (b) code selection is not detected correctly and its sign is
also incorrect. From eq. (3.14), it is found that the sign BER caused by (a) is potentially very low.
Therefore, from eq. (3.19), improving the probability of case (b) by RS decoding feedback reduces
the sign BER remarkably. At the level of 10, the coding gains of 2.3 dB, 3.0 dB and 3.8 dB are
obtained for the (7,5)RS code, (15,11)RS code and (63,47)RS code, respectively. Note that RS
decoding feedback is an efficient method in that both code-selection error and sign bit error can be
corrected by a single error correction code. The total BER of the proposed scheme, which is the total
probability of the bit errors for the code-selection module and the sign bit, is shown in Fig. 3.7. In
this figure, it is observed that the proposed scheme achieves remarkable coding gains. In the level of
BER =107, it is shown that the proposed scheme attains the coding gains by 1.2 dB, 1.8 dB and 3.0
dB when the (7,5)RS code, (15,11)RS code and (63,47)RS code, respectively, are applied.
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Table 3.2 Simulation parameters on fading channels

Modulation BPSK

Coding (63,55), (63,47), (63,33), (15,7) RS code

r=1/2, K=7 conv. code (for comparison)

Hadamard code h=64

Number of FFT N=64

(Number of subcarriers)

Fading Model two-path Rayleigh fading
DUR=0.0dB
fpT=2.0x10°, 1.56x10, 2.5x10°°

Delay Spacing /s =1.56x107%, 7.8x107 , 1.40x10™

(zq :path delay, T, :OFDM symbol duration)

Guard Interval T4=0.16T;

Interleave Inter-subcarrier interleaving

3.4.2 Performance on Multi-path Fading Channels

The simulation results for the proposed scheme on multi-path fading channels are presented. A
multi-path fading model is assumed to be a two-path Rayleigh fading model with DUR = 0.0 dB,
which gives one of the severest channel conditions. Table 3.2 shows the simulation parameters. In
Table 3.2, it is assumed that the path delay spread, r,, does not exceed the Gl length.

The code-selection error rate is shown in Fig. 3.8. it can be seen that the overall higher error
correction ability codes have better performance. The performance of the (63,33)RS code and the
(63,47)RS code on the fading with f T =2.5x107°offer remarkable improvements. On the fading
with f,T =2.0x10"°, the performances of the three codes have marginal differences. The above
performance difference due to f,T comes from the length of the burst errors. The code selection
error rates for the proposed scheme employing the (63,47)RS code with different delay spacings,

74 /T, are plotted in Fig. 3.9. The selected 7, /T, values are shorter than the length of GI.



Chapter 3 Reed-Solomon Coded MC-DS-CDMA with Bi-orthogonal Modulation

' |
fDT=2.0e-5

107" |
o)
IS
2
- N
o -2 ~
0 10 g
c
i) \ A
g
3 107 fDT=1.56e-4 |
o fDT=2.5e-3
S |

10 -4 | -@ (63,55)RS code

<] (63,47)RS code
-A- (63,33)RS code
10 -5 I
0 10 20 30 40

Eb/NO (dB)

Fig. 3.8 Code-selection error rate of the proposed scheme on fading channels

1
() fDT=2.0e-5
IS
T 10 ~
L% }\g&—!;hqg
c
il
3]
ks fDT=1.56e-4
g 107 | R ——
8 @ tau/Ts=1.56e-2 -
M- taw/Ts=7.80e-2
<\~ tau/Ts=1.40e-1
®- tauw/Ts=1.56e-2
1073
0 10 20 30 40
Eb/NO (dB)

Fig. 3.9 Code-selection error rate of the proposed scheme employing
(63,47)RS code on fading channels



Chapter 3 Reed-Solomon Coded MC-DS-CDMA with Bi-orthogonal Modulation 44

It is found that the performance differences of the curves on both fading channels are marginal. One
might expect that the distribution of the erroneous symbols in an RS codeword is different, but
approximately the same number of symbol errors occur due to the difference of z, /T.

Figure 3.10 shows a comparison between the RS code and the convolutional code. As an example
case for convolutional codes, a code with widely used rate, ro= 1/2, and constraint length, K = 7 is
evaluated [48]-[49],[56]. Generally, it is not easy to compare the performances of the block code and
the convolutional code under equivalent conditions. Therefore, two kinds of parameters, coding rate
and minimum distance, are chosen to be aligned. Since the coding rate and the minimum distance of
the convolutional code are 1/2 and 10, respectively, the corresponding RS codes are chosen to be the
(63,33)RS code and (63,55)RS code, respectively. Note that the (63,55)RS code can obtain a higher
throughput (transmission in bits per second per Hz) than the convolutional code, because the coding
rate of the (63,55)RS code is higher than that of the convolutional code. To compare the
performances of the both codes under equivalent conditions, both the RS code and the convolutional
code use the same transmitter and receiver structures. The only difference is that the encoder and
decoder of the RS code are replaced with those of the convolutional code. In the convolutional code
case, the code-selection bits for all subcarriers are convolutionally encoded by a single encoder.

The Viterbi decoder output (corresponding to (iy,....I, ;) in Fig. 3.3 (a)) is fed back into the
correlator banks. In Fig.3.10, it is shown that the curve of the (63,33)RS code has a better
performance than that of the convolutional code over the three fading channels. It can be said that
the burst error correction ability of the RS code works effectively works on the fading channels. This
correction ability is higher than that of the convolutional code because the convolutional code is a bit
error correction code. The lower the code-selection error rates, the lower the total BER performances.
Compared with the convolutional code and the (63,55)RS code, the BER performance of the RS
code is slightly better than that of the convolutional code. On the channel of f T =1.56x107*, the
performance difference is marginal in the region of high Eb/NO. In this evaluation, the convolutional
code and the interleaving are applied in the frequency domain. This coding method is beneficial in
that a single encoder/decoder structure can easily be formed over the all subcarriers. On the other
hand, there are many cases in which the convolutional code and the interleaving are applied in the
time domain. In this method, better performances of the convolutional code may be expected.

However, from the viewpoint of implementation complexity, it is required that the number of
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encoders/decoders be the same as that of the subcarriers, or that the encoder/decoder processing be
higher. Figure 3.11 shows the multiple access performances on the channels of f T =2.0x107%and
f5T =1.56x10* channels. Each transmit employs a (15,7) RS code, and the system parameters are
set as follows: q=4,h=29=64, n=2%9-1=15, k=7 and N =2%9=64. In this case, 16
codewords among the 64 Hadamard codewords are assigned to each transmitter and the maximally

accessible users, N are 4. For simplicity, it is assumed that the users transmit signals

max !
synchronously. In Fig. 3.11, the total BER performances are plotted when N, users are active. The
curves on f,T =2.0x10° channel appear to be relatively better than those on
fo,T =1.56x10* channel and this trend is the same as those in Figs. 3.8 and 3.10. It is also found
that the performances are degraded on both fading channels as N, increases and that the

degradation level on f T =2.0x10is larger than thaton f T =1.56x107*.

3.5 Conclusion

In this chapter, we proposed an error correction scheme that is suitable for an MC-DS-CDMA
system with bi-orthogonal modulation. To employ an efficient error coding, an RS code for
code-selection bits and no error correction code for sign bits were proposed. The code-selection error
and BER performance on an AWGN channel were evaluated by theoretical analysis and simulations,
and the performances on multi-path fading channels were also evaluated. It was shown that the
proposed scheme obtained remarkable improvements over uncoded schemes. The performance
comparisons with convolutional coding schemes on multi-path fading channels clarified that the
proposed scheme could obtain higher improvements. The multiple access performances on the

fading channels showed that the performances degraded as the number of users increased.

In this chapter, as basic performance evaluations of the proposed scheme, BPSK was employed
for the sign bit-modulation scheme. However, in order to achieve higher frequency utilization
efficiency, the application of a multi-level modulation should be further considered. As for the error

correction codes, the RS code was found to be a simple and suitable code for this system.



Chapter 4

Adaptive Trellis Coded Modulation
Applied to MC-DS-CDMA

4.1. Introduction

A GSRI ATCM is applied to a MC-DS-CDMA system with bi-orthogonal keying is analyzed. The
MC-DS-CDMA being considered is one in which the input sequence of a bi-orthogonal modulator
has a code-selection bit sequence and sign bit sequence. In Chapter 3, an efficient error correction
code using the RS code for its code-selection bit sequence has been proposed. However, since BPSK
is employed for the sign-bit modulation, no error correction code is applied to it. To realize a
high-speed wireless system, a multi-level modulation scheme (e.g., MPSK and MQAM) is desired.

In this chapter, we investigate the performance of the MC-DS-CDMA with bi-orthogonal keying
employing GSRI ATCM. GSRI TC-MPSK can arbitrarily set the bandwidth-expansion ratio to
maintain higher coding gain than the conventional pragmatic TCM scheme. By changing the
modulation scheme and the bandwidth-expansion ratio (coding rate), this scheme can optimize the
performance according to the channel conditions. The performance evaluations by simulations on an
AWGN channel and multi-path fading channels are presented.

Additionally, in Section 4.5, the performance of the MC-DS-CDMA with GSRI ATCM

employing practical SNR estimation is presented. The selection of the modulation and coding

47



Chapter 4 Adaptive Trellis Coded Modulation Applied to MC-DS-CDMA 48

scheme for ATCM is assumed to be an ideal method described in [61]. However, since the
modulation and coding selection is based on the ideal SNR estimation method, the adaptation
thresholds are designed according to the BER performance on an AWGN channel [61] and
performance evaluations employing practical channel estimation schemes are desired. In this section,
an application of a practical SNR estimation method to the ATCM scheme is considered.

Finally, in Section 4.6, the performance of a simplified scheme in terms of complexity reduction
is investigated. The system structure of the transmitter requires multiple numbers of GSRI-ATCM
encoders and decoders. This implies that the system complexity increases along with an increase in
the number of subcarriers. The performance of the GSRI ATCM MC-DS-CDMA when the numbers
of encoders and decoders are reduced (hereinafter called a simplified scheme). In reducing the
number of encoders and decoders, the method of selecting the coding rate and modulation index is

modified.

4.2  System Description

4.2.1 Transmitter Structure

The transmitter structure of the proposed scheme is given in Fig. 4.1. The incoming binary bits
are serial-to-parallel converted into kq+z m; parallel bit streams, where k is the number of the
input sequences to the RS encoder and q is the number of bits in each input sequence. These k
input sequences, i=(iy,...,i,_4), are fed into the (n,k )RS encoder over GF(2%). The encoded
symbols, b,,....b,_;, are inputted into n code-selection modules and each module selects an
orthogonal code. In the code-selection module, the orthogonal code used here is Hadamard code.
When the g bits b;( j=0,...,n-1) are fed into the modulator, one of the h Hadamard codewords is
selected according to the bit combination of b; and the selected codeword is outputted asc;. In
this section, h=29 (=n+1) is assumed. On the other hand, n parallel sign bit signals ug,...,u, 4
are encoded and modulated by GSRI-TCM modules (the detailed function is explained later) and
ag,...,a, are spread by the selected Hadamard codewordsc, ---c,_;, respectively. The modulated
sequences s,,...,S,_; are fed into the inter sub-carrier interleaver and they are randomized due to the

random interleaver. The number of the interleaver input signals are the same as in the N- point IFFT.
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Table 4.1 Examples of combinations of m;, r and Ry/R

mj -2 r (%)

0 1143 | 116.7 | 120.0 | 125.0 | 133.3 | 150.0 | 200.0

1 109.1 | 110.5 | 112.5 | 115.4 | 120.0 | 116.7 | 150.0

2 106.7 | 107.7 | 109.1 | 111.1 | 114.3 | 120.0 | 133.3

4.2.2 GSRI Trellis Encoder

To explain the GSRI trellis encoder more precisely, the general structure of the GSRI Pragmatic
TCM encoder is shown in Fig.4.2. The m;-bit (m; >2) parallel sequence, uj, is input into the
speed converter where the signals are converted at the rate of. R bit/sec into two kinds of signals: one
is 1 bit sequence, Z. with R; bits/s and the other is an m; — 2 bit sequence, Z, with R, bits/s.

The m; —2 bit signals are directly inputted to the mapper, while 1 bit signal is input to the rate r
-convolutional encoder and the encoder outputs 2 bit signals to the mapper. The rate, r, is arbitrarily
set using a punctured code based on the best-known rate 1/2 convolutional code. The mapper assigns
m; bit signals to one of the 2™ points, which are selected based on double-Gray-coded mapping
[59]. The two least significant bits corresponding to the outputs of the convolutional encoder select
one of the four signals based on the Gray-coded scheme. Using the other m; — 2 bits, a sector in the
signal space is also selected according to the Gray-coded scheme. This mapping can be expected to
improve the error performance occurring in neighboring sectors. All the mapper input signals, both
the m; —2 uncoded bits and the 2 coded bits, must be at R, bits/s, respectively.

The bandwidth expansion ratio R,/R is expressed as follows [59]:

Ro_ M (4.1)
R 2r+mj—2

In eq. (4.1), it is found that Ry/R is derived from m; and r. This implies that the

bandwidth-expansion ratio can be arbitrarily set when a modulation scheme is chosen. It is expected
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that this scheme achieves higher coding gain as the bandwidth-expansion ratio increases. On the
other hand, the conventional Pragmatic TCM fixes the r uniquely, once the modulation scheme is
determined.

For example, Fig.4.3 shows the construction of the GSRI Pragmatic TCM in the case of r = 3/4. In
Fig.4.3, the modulation schemes of QPSK, 8PSK and 16PSK correspond to the number of input
signal bits, m;, being 2, 3 and 4, respectively. The bandwidth expansion ratios (R>/R) for the QPSK,
8PSK, and 16PSK cases are 4/3 (133.3 %), 6/5 (120 %) and 8/7 (114.3 %), respectively. Table 4.1

lists examples of combinations of r, m; and Ra/R.

4.2.3 Receiver Structure

Figure 4.4 shows a receiver structure of the proposed scheme. After removing Gl, received signal
is serial-to-parallel converted and fed to FFT. Then FFT output signals are de-interleaved in the inter
sub-carrier de-interleaver and the output signals s, ,...,§, , are inputted into correlator banks. In each
correlator bank, correlation detection is done. In the correlator bank, one of the FFT output signals
§;is inputted to h correlators in parallel and the correlator outputs Ay,...,4, ; can be obtained.
From these correlator outputs, the absolute values of them are compared with each other and the
maximum value |/1max| is detected. The decision module estimates the transmitted code selection
bits Bj by doing reverse procedure of the corresponding code selection module in the transmitter and
a code selection bits Bj is estimated. The same process is done in all correlator banks. The
60 ,...,BH are fed to RS decoder. In the RS decoder, decoding procedure is performed and a decoded
codeword is obtained. This decoded result is passed to the parallel-to-serial converter as well as fed
back to the correlator banks. In the correlator banks, decision procedure is done using the fed back
RS codeword (iy,....I, ;) - In the decision module, a;is selected according to the value
corresponding to the fj . After this procedure, the sign bits &,,...,4, , are determined and fed to

the trellis decoder.
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Table 4.2 Simulation parameter on an AWGN channel

q n k h=2¢ N =2¢

(63,47)RS code 6 | 63 | 47 64 64

4.3 Performance Evaluation on AWGN Channel

In this section, the BER of the proposed scheme on an AWGN channel is presented. As an
example case the simulation parameters are listed in Table 4.2.

Figure 4.5 shows the performances of the sign bits. The sign bits are encoded and modulated by
the GSRI Pragmatic TCM. In this figure, the conventional Pragmatic TCM can only set the
convolutional coding rate of r = 1/2 and the selectable modulation scheme is fixed according to the
number of parallel transitions. Therefore, the conventional pragmatic TCM has a total of three cases,
r=1/2 QPSK, r = 1/2 8PSK and r = 1/2 16PSK. On the other hand, the GSRI Pragmatic TCM can
set the coding rate arbitrarily and both r = 1/2 and 3/4 can be selected in these figures. In Fig.4.5, the
difference between r = 1/2 TC-8PSK and r = 3/4 TC-QPSK is marginal. However, we can see
overall that the BER performance attained improves as the frequency utilization efficiency listed in
Table 4.3 is reduced. This implies that, by increasing the coding rate and modulation scheme, more
information can be transmitted. It is also said that the GSRI Pragmatic TCM can set more channel
sensitive parameters compared with the conventional pragmatic TCM. This figure is used for
deciding the adaptation thresholds that change the coding rate and modulation schemes. The
thresholds are obtained using the set of BER performance curves of all the different codes on
AWGN so that BER is kept below a certain error roof [61]. In this figure, examples of error roofs of
102 and 10™, and their corresponding adaptation thresholds (4,445, izand p, ) are depicted.
Figure 4.6 shows the total BER performances. In this figure, the curves of the BER indicate the
combined BER of the sign BER for each GSRI Pragmatic TC-MPSK and the code-selection BER.
Comparing with Fig. 4.5, the same trend of the performance can be seen. However, the curves of
r=1/2 TC-QPSK, r = 3/4 TC-QPSK and r = 1/2 TC-8PSK have approximately the same

performance.
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Table 4.3 Frequency utilization efficiency

. Rate of convolutional | Freq. Utilization Efficiency
Modulation scheme )
encoder (r) (bit/sec/Hz)

1/2 1.0
GSRI TC-QPSK

3/4 15

1/2 2.0
GSRI TC-8PSK

3/4 2.5

1/2 3.0
GSRI TC-16PSK

3/4 3.5
Conv. TC-QPSK 1/2 1.0
Conv. TC-8PSK 1/2 2.0
Conv. TC-16PSK 1/2 3.0

Table 4.4 Simulation parameters on multi-path fading channels
(AWGN based adaptation thresholds)

Sign bit Modulation GSRI Pragmatic ATC-MPSK

Conv. Pragmatic ATC-MPSK

RS Coding (63,47)RS code
Hadamard code h=64
Number of FFT N=64

(Number of sub-carriers)

Fading Model two-path Rayleigh fading
DUR=0.0dB
foT= 1.56x10™, 1.25x10°

Delay Spacing 14/ Ts =1.56%107

(74 :path delay, T :OFDM symbol duration)

Guard Interval T4=0.16T;

Channel Estimation Perfect channel estimation

Adaptive Threshold AWGN Based Thresholds
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4.4  Performance Evaluation on Multipath Fading Channels

441 Evaluation Conditions

The performances of the adaptive coding and modulations on multi-path fading channels are
evaluated. The simulation parameters are described in Table 4.4. We evaluate the performances on a
two-path Rayleigh fading channel with DUR = 0.0 dB, which is one of the severest channel models.

To evaluate the basic performances, the following assumptions are made.

e The channel estimation for each sub-carrier is perfectly known and this information is
utilized in the modulation controller without delay.

e  The receiver can detect the phase rotation of the received signal and is ideally compensated.

e The coding rate and modulation scheme are changed based on an instantaneous SNR [61] of
the received pilot signal for each sub-carrier. These SNRs are precisely calculated at the

modulation controller.

For simplicity, the SNR estimation is performed as follows. In Fig.4.1, the known signals modulated
by BPSK, a,,...,a,_;, Whose signal space has unit energy ( E, =1) are transmitted and distorted by
only fading. The output, &,,....4, ;, of the receiver in Fig.4.4 can be obtained. In this case, the RS
decoding feedback is not applied. Given the variance of Gaussian noise &* = N, /2, the instantaneous
SNRat the ¢ -th sub-carrier is calculated as 4,% /o2.

Table 4.5 shows the adaptation thresholds and their corresponding coding and modulation schemes.
As stated in the previous section, the adaptation thresholds are chosen -using the performance curves
of individual schemes on AWGN- to keep the BER below an error roof [61]. Figure 4.7 depicts this
concept and is used for deciding the adaptation thresholds. When the error roof is set to BER =
1072, py, 11y, pzand g, are 2.0, 2.8, 4.8 and 8.0 dB, respectively. In the case where the error roof
is BER=107*, Ly, My, paand  p, are 2.8, 5.0, 6.8 and 10.8 dB, respectively. As the error roof is
lowered, the thresholds for all schemes move to the right. That is, schemes with better BER

performances (and lower throughputs) are employed more often.
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Table 4.5 Adaptation thresholds

Scheme Adaptation threshold Coding and Mod.

SNR < 14 r=3/4 TC-QPSK

14 <SNR< 1 r=1/2 TC-8PSK

GSRI Pragmatic TC-MPSK t < SNR < 115 r=3/4 TC-8PSK
13 <SNR < g1y r=1/2 TC-16PSK

g <SNR r=3/4 TC-16PSK

SNR < 14 r=1/2 TC-QPSK

Conv. Pragmatic TC-MPSK 1 < SNR < 113 r=1/2 TC-8PSK
13 < SNR r=1/2 TC-16PSK

- r=1/2 QPSK

@~ =3/4QPSK

- r=1/2 8PSK
- 1=3/4 8PSK

<= r=1/2 16PSK

B r=3/4 16PSK

|
‘ Error roof=1.0e-2

Sign bit error
[EY
o

p4
10
k Error roof=1.0e-4
107
\
. |
10°° ‘ '
0 5 10 15
Es/NO (dB)

Fig. 4.5 Sign bit error rate on an AWGN channel
((63,47)RS coded MC-DS-CDMA)
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4.4.2 BER Performance

The total BER performances of the proposed and conventional Pragmatic TCM schemes on the
multi-path fading of f T =1.56x10" are shown in Fig. 4.8. In this figure, the error roof is set to
BER = 102 and10™. Comparing the performance of the proposed scheme with that of the
conventional Pragmatic TCM scheme, it is shown that the BER performance is approximately the
same in the region of low Es/NO. When Es/NO is higher than 10 dB, the conventional Pragmatic
TCM scheme has better performance than the proposed scheme. This is because that the
conventional Pragmatic TCM scheme chooses only the coding rate of r = 1/2 case for every
modulation scheme and this parameter selection keeps the BER lower than that of the proposed
scheme. At the BER = 10~ level, the difference of the coding gain between the proposed scheme
and the conventional Pragmatic TCM scheme is about 3.0 dB in the case of error roof =102and 4.0
dB in the case of error roof =107. It can also be seen that the performance on the condition under
error roof =107 is slightly better than that under error roof =107,

Figure 4.9 shows the total BER performance on the fading of f,T =1.25x107°. The curves in this
figure have the same trend as those in Fig. 4.8. In the area below Es/NO = 12.5 dB, the performance
of the proposed scheme is approximately the same as that of the conventional Pragmatic TCM
scheme. At the BER = 10~ level, the difference of the coding gain between the proposed scheme
and the conventional Pragmatic TCM scheme is about 1.5 dB in the case of error roof =102and
1.8 dB in the case where error roof =10. It is also shown that the performance under the
condition of error roof =107*is slightly better than that under error roof =1072.

Since the phase rotation is assumed to be ideally compensated in Figs.4.8 and 4.9, the BER
performances become better as Es/NO increases. If the rotation is not fully compensated, the BER

may not decrease due to the error floor caused by each modulation scheme.
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Fig. 4.8 Total BER performance of the proposed scheme and the conventional
Pragmatic ATCM scheme on a multi-path fading channel ( f,T =1.56x107*)

Y
102 \g\

N

GSRI ATCM

Error roof
1.0e-2

Total BER

|
Conv entional
ATCM

Y
Error roof Iﬁ

10 1.0e-4 {
\ \
10 -7 ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ \ ‘ ‘ ‘
0 5 10 15 20
ESNO (dB)

Fig. 4.9 Total BER performance of the proposed scheme and the conventional
Pragmatic ATCM scheme on a multi-path fading channel ( f,T =1.25x107®)



Chapter 4 Adaptive Trellis Coded Modulation Applied to MC-DS-CDMA 61

4.4.3  Throughput performance

The frequency utilization efficiency described in Table 4.3 defines the transmitted information bits
as sign bits. However, we need to consider how many information bits can be transmitted by both
code selection bits and sign bits. The average throughput, 77, in this case is defined as the number of
bits transmitted in a modulation symbol per sub-carrier (bits/second/carrier) and can be derived as

follows;
l n-1
n=- kq+ > m; |, (4.2)
j=0

where M denotes the average number of input bits to the GSRI-TCM encoder # .
Figure 4.10 compares the throughput performance between the proposed scheme and the
conventional Pragmatic TCM scheme on the multi-path fading of f T =1.56x107*. In this figure,
it is shown that the proposed scheme has better throughput performance than the conventional
Pragmatic TCM scheme. The throughput performance under error roof =102 is higher than that
under error roof =10 in the region from Es/NO = 10 dB to 20 dB. Thismeans that more
information bits are transmitted when the error roof is higher. There is a tradeoff between total BER
and the throughput performance. The average improvement of the throughput for the proposed
scheme compared with the conventional Pragmatic TCM scheme is 0.46 in both error roof cases.
The throughput performance on the fading of f,T =1.25x10is plotted in Fig. 4.11. This figure
has the same trend as Fig. 4.10 in that the proposed scheme has better throughput performance than
the conventional Pragmatic TCM scheme and the throughput performance forerror roof =107 is
higher than that of 10 in the region from Es/NO = 7.5 dB to 20 dB. The average improvement in the
throughput is obtained by 0.45 in the both error roof cases.

The presence of channel and SNR estimation errors caused by a noisy feedback channel, can lead
to an incorrect selection of the modulation and coding schemes. In [67]-[68], the performance
degradation affected by the estimation errors is analyzed. The performance of the practical

adaptation threshold based on the channel estimation is considered in the next section.
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4.5 Modification of Adaptive Threshold Utilizing Practical Channel
Estimation

In the evaluation in Section 4.4, the selection of the modulation and coding scheme for ATCM is
assumed to be an ideal method described in [61]. However, since the modulation and coding
selection are based on the ideal SNR estimation method, the adaptation thresholds are designed
according to the BER performance on an AWGN channel and performance evaluations employing a
practical channel estimation scheme are desired. In this section, an application of practical SNR
estimation methods to the proposed scheme is considered. The performance of the adaptive
modulation scheme including the effects of SNR estimation has been extensively studied [70]-[72].
Among the various studies, a simple and practical scheme using two pilot symbols is proposed in
[70]. The proposed scheme applying this estimation method is considered. The BER and throughput

performances are evaluated by simulations.

45.1 Estimation of Adaptive Threshold

The proposed system installs a frame format shown in Fig.4.12. In this figure, two pilot symbols
are inserted before each h data symbol. These two pilot symbols are used for calculating the
estimated noise power at the receiver. The pilot symbols consist of known pattern signals and are
modulated by BPSK. In the frequency domain, the noise power of the channel can be obtained as

follows:

8P, - 35,| (43)

where, §f ands$’, are the received signals for the ¢th sub-carrier of the pilot symbols 1 and 2 at
the output of the FFT module, respectively.
The received signal power for each sub-carrier can be estimated by the frequency response at the

pilot tones and calculated as follows.

H, =8/ Isf,+80,1s )12 (4.4)
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Fig. 4.12 Frame format

where, H,is the frequency response for the ¢th sub-carrier, and s/,ands/, are the transmitted
signals for the ¢ th sub-carrier of the 1% and 2™ pilot symbols in the frequency domain, respectively.
From egs. (4.3) and (4.4), the estimated SNR for the ¢th sub-carrier SNR, is given by

~ 12
Hé

2q

SNR, = :
g+1 PR,

(4.5)

The modulation controller in Fig.1 decides the coding and modulation schemes for each sub-carrier

based on the estimated SNR derived from eq.(4.5).

45.2 Evaluation Condition

The performances of the adaptive coding and modulations on multi-path fading channels are
evaluated. The modulation and coding schemes listed in Table 4.3 are used, and simulation
parameters are described in the Table 4.6. The performances on a two-path Rayleigh fading channel
with DUR = 0.0 dB, (which is one of the severest channel models) are evaluated. To evaluate the
basic performances, it is assumed that the receiver can detect the phase rotation of the received
signal and is ideally compensated.

The same adaptation thresholds and the corresponding coding and modulation schemes listed in
Table 4.5 are adopted. As stated in the previous section, the adaptation thresholds are chosen —by
using the performance curves of individual schemes on the sign BER below an error roof on the
fading channel. Figure 4.13 depicts this concept and is used for deciding the adaptation thresholds.
When the error roof is setas BER = 1072, s, u,, u; and p, are11.1,12.4,14.2 and 18.9 dB,

respectively.
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Table 4.6 Simulation parameters on multi-path fading channels

(Pilot symbol based estimation of adaptation thresholds)

Sign bit Modulation

GSRI Pragmatic ATC-MPSK

Conv. Pragmatic ATC-MPSK

RS Coding (15,7)RS code
Hadamard code h=16
Number of FFT N=16

(Number of sub-carriers)

Fading Model

2-path Rayleigh fading
DUR=0.0dB
foT=2.0X10™

Delay Spacing

74T =6.25X107
(74 :path delay, T,:OFDM symbol

duration)

Guard Interval

T,=0.25T,

Channel Estimation

Perfect channel estimation

Adaptation Threshold

Pilot symbol based estimation




Chapter 4 Adaptive Trellis Coded Modulation Applied to MC-DS-CDMA 66

O. 1/2 TC-QPSK

{J- 1/2 TC-8PSK

-\~ 1/2 TC-16PSK
10tk 8- 3/4 TC-QPSK
N W 3/4 TC-8PSK
’ A 3/4 TC-16PSK
@ 10 "po s =%
o \
m Error roof=1.0e-2 ‘ \
S |
o I
= o107} L
1
I
I
10} I
(I |
(I [
I |
10°° ' ——
0 5 10 uluzud 15 ud 20 25
Es/NO (dB)

Fig. 4.13 Sign bit error rate on a multi-path fading channel

45.3 Performance Evaluation

The total BER performances of the proposed scheme and the conventional Pragmatic TCM scheme
on the multi-path fading are shown in Fig. 4.14. In this figure, the error roof is set to be BER =
107%. Comparing the performance of the proposed scheme with that of the conventional Pragmatic
TCM scheme, it is shown that the BER performance is approximately the same as that in the region
where E,/N, <10dB. When Es/NO is higher than 10 dB, the conventional Pragmatic TCM scheme
performs better than the proposed scheme. This is because that the conventional Pragmatic TCM
scheme chooses only the coding rate of the r = 1/2 case for each modulation scheme and this
parameter selection keeps the BER lower than that of the proposed scheme. Figure 4.15 compares
the throughput performance between the proposed scheme and the conventional Pragmatic TCM
scheme calculated from eq. (4.2) on the multi-path fading channel. This figure shows that the
proposed scheme has better throughput performance than the conventional Pragmatic TCM scheme.

There is a tradeoff between the total BER and the throughput performance.
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4.6  Simplified Transmitter Structure and its Performance

4.6.1  Simplified Transmitter Structure

The simplified transmitter structure is shown in Fig.4.16. In this figure, the incoming binary bits
are serial-to-parallel converted into kg+mn parallel bit streams, where k is the number of input
sequences to the RS encoder and q is the number of bits in each input sequence. These k input
sequences are fed into the (n,k)RS encoder over GF(2%). The encoded symbols are input into n code
selection modules and each module selects an orthogonal code. In the code-selection module, the
orthogonal code used is the Hadamard code. When a q bit symbol of an RS codeword is fed into the
modulator, one of the h Hadamard codewords is selected. On the other hand, mn parallel sign bit
signals are encoded and modulated by a GSRI-TCM module into n parallel codewords and are input
into n Hadamard encoders for spreading. Here, m denotes a GSRI-TCM encoder input bit and its
value is determined by the selected coding rate and modulation scheme. The modulated sequences are
fed into the interleaver and are randomized by a random interleaver. The number of the interleaver

input signal is the same as in the N point IFFT.

The difference from the original GSRI-ATCM (hereinafter called the adaptive scheme) is that the
number of GSRI-ATCM encoders is reduced to one. Additionally, the modulation controller has a
different algorithm for setting the coding rate and modulation scheme. The adaptive scheme optimally
selects the coding rate and modulation scheme for each sub-carrier according to its estimated SNR
[70]. In the simplified model, the modulation parameter of the simplified scheme is derived by
averaging the estimated SNRs of sub-carriers and all the sub-carriers are set to the same coding rate

and modulation scheme. This average SNR is calculated as follows:

1 N-1
SNR,, = WZSNRZ , (4.6)
(=0

where N and SNR,denote the number of FFT and the estimated SNR for sub-carrier # /¢

(0<¢< N -1), respectively.
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Fig.4.16 Simplified transmitter structure

The coding rate and modulation scheme are selected how high the SNR,,is obtained. The
adaptation thresholds, coding rate, and modulation scheme applied in this case are shown in Table 4.7,
where the selection policy is the same as those given in Table 4.5. In this table, the full adaptive
scheme selects the optimal coding rate and modulation scheme for each sub-carrier. On the other hand,
the simplified scheme selects a coding rate and modulation scheme for all sub-carriers according to
the value of SNR,,. The adaptation thresholds t4, u,, p; and u,are given by an experimental

evaluation [73].

The average throughput, 7, for the simplified scheme is defined as the number of bits transmitted

in a modulation symbol per sub-carrier (bits/second/carrier) and can be derived as follows:

n=—+m, (4.7)

where m denotes the average number of input bits to the GSRI-TCM encoder.



Chapter 4 Adaptive Trellis Coded Modulation Applied to MC-DS-CDMA 70

Table 4.7 Adaptation thresholds
(Simplified and adaptive schemes)

Adaptation threshold | Simplified scheme | Adaptive scheme

r=1/2 TC-QPSK SNR,, < 14, SNR, < 14
r=3/4 TC-QPSK i <SNRy, <, | 14 <SNR, < 11,
r=3/4 TC-8PSK 1, <SNR,, <15 | 1, <SNR, < 115

r=1/2 TC-16PSK Mz SSNR,, < 1y M3 <SNR, < 14y

r=3/4 TC-16PSK 1, <SNR, 145 < SNR,

4.6.2 Performance Evaluation

The performance of the simplified scheme on a multi-path fading channel is evaluated. The
simulation parameters are listed in Table 4.6. The (15,7) RS code is employed and then the number of
FFTs is 16. The performance on a two-path Rayleigh fading channel with DUR = 0 dB is evaluated.
To evaluate the basic performance, it is assumed that the phase rotation is compensated at the

receiver.

In the simplified scheme, the coding rate and modulation scheme are selected according to the
adaptation thresholds x4, #,, w3 and u, inTable 4.7. These values are set to 11.1, 12.4, 14.2 and
18.9 dB, respectively. These are given by the BER performance for each combination of the coding
rate and modulation scheme shown in Fig. 4.13. In this figure, the adaptation thresholds are set such

that the error roof is 102 [73].

Figure 4.17 shows the BER performance of the simplified scheme compared with the adaptive
scheme. In this figure, the performance of the simplified scheme is slightly degraded compared to that
of the adaptive scheme. Since a single encoder and decoder are employed in the simplified scheme,
all of the sub-carriers have the same coding rates and modulation schemes. The modulation parameter
is not optimized along with the channel condition and the BER performance is not optimally achieved,
either. The selected coding rate and modulation scheme based on SNR,,are inclined to be better
channel conditions than those based on the adaptive scheme. Figure 4.18 shows the throughput
performance of the simplified and adaptive schemes. In this figure, the simplified scheme achieves

higher throughput performance than the adaptive scheme. This trend is also caused by the same
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reason. Since the BER performance and throughput have a tradeoff, the simplified scheme has a

higher throughput performance compared with the adaptive scheme.

4.7 Conclusion

This chapter has proposed an application of GSRI Pragmatic ATC-MPSK to RS coded
MC-DS-CDMA with bi-orthogonal keying. First o, the general construction of the GSRI ATCM for
the RS coded MC-DS-CDMA with a bi-orthogonal keying system was presented. Then the BER
performances on an AWGN channel and multi-path fading channels were evaluated by simulations.
We have also defined the throughput for this system and compared the throughput performance
between the proposed scheme and the conventional Pragmatic ATCM scheme. It was shown that the
BER performance for both schemes had approximately the same performance in the area of lower
Es/NO and that the BER of the conventional Pragmatic TCM scheme improved more than that of the
proposed scheme in the higher ES/NO region. However, the proposed scheme obtained remarkably
higher throughput performance than the conventional Pragmatic TCM scheme. The throughput of
the schemes using larger error roofs was better than those with smaller ones.

We also employed a practical SNR estimation scheme using two pilot symbols and the
performances on a multi-path fading channel were evaluated. It was clarified that the performance
trend was the same as that for ideal SNR estimation. It was also shown that the adaptive threshold
could be designed according to the BER performances on fading channels. This can be used to
model the modulation controller performance.

Finally, a simplified encoder/decoder structure was investigated. The simplified scheme could
remarkably reduce the complexity: however, the BER performance was slightly degraded. This
implies that there was a tradeoff between BER performance and encoder/decoder complexity. The
simplified scheme showed better performance than the adaptive scheme because of coding rate and

modulation scheme was less optimized. The SNR,, approach was one of the basic investigations.



Chapter 5

Conclusions

This thesis has presented a reliable video transmission scheme. To achieve high reliability, the
following two approaches were proposed. The first one was an enhanced error resilient video coding
and the second one was an efficient error control coding for an adaptive trellis coded
MC-DS-CDMA system. The first approach was described in Chapter 2 and the second approach was
considered in Chapters 3 and 4.

In Chapter 2, an enhanced spatial and temporal EC method for a 3 D DWT video coding scheme
was proposed to achieve higher performance in packet loss networks. In our previous papers we
studied a two-step EC method consisting of a DG of the lowest frequency pixels and their
duplication of transmission. In the enhancement to a temporal EC method, the SSIM index was used
for inter GOP EC and MMSE was used for intra-GOP EC. The SSIM index was used for measuring
the similarity between two frames. In the inter GOP EC, the similarity of the lowest sub-band frames
between neighboring GOPs was high. Since the SSIM index could reflect perceptual distortions, it
could represent the visual quality accurately. The proposed method could first recover packet errors
using a spatial EC method with spatiotemporal low-frequency sub-band duplication information, and
then the video decoder could recover erroneous video frames from spatially and temporally adjacent
coefficients. The simulation results revealed the proposed EC method obtained better performance
compared with the conventional two-step EC method. It was also shown that the proposed method
achieved remarkable improvement for relatively slow motion video sequences.

In Chapter 3, an error correction scheme suitable for an MC-DS-CDMA system with

bi-orthogonal modulation was proposed. To employ an efficient error coding, the coding conditions
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for this system were clarified. Based on these conditions, the following coding scheme was
proposed: applying the RS code for selection bits and no error correction code with demodulator
modification for sign bits. The code-selection error and BER performance on an AWGN channel
were evaluated by theoretical analysis and simulations, and simulation results on multi-path fading
channels were also provided. It was shown that the proposed scheme obtained remarkable
improvements over uncoded schemes. Compared with a convolutional coding scheme, the proposed
scheme could achieve higher performances.

In Chapter 4, an application of GSRI Pragmatic ATCM to RS coded MC-DS-CDMA with
bi-orthogonal keying was proposed. A general transmitter and receiver structure of the GSRI ATCM
for the RS coded MC-DS-CDMA with a bi-orthogonal keying system was presented. Then the BER
performances on an AWGN channel and multi-path fading channels were evaluated. We have also
defined the throughput for this system and compared the throughput performance between the
proposed scheme and the conventional Pragmatic ATCM scheme. It was clarified that the application
of the proposed GSRI Pragmatic ATCM has effective in terms of both BER performance and
throughput performance and that the proposed scheme could increase the frequency utilization
efficiency.

Therefore, this thesis contributes to the building of a reliable wireless video transmission system

that achieves high robustness against error prone channels.

However, there still remain challenges for further study. In the proposed spatial and temporal error
concealment method, an efficient method for relatively fast motion video sequences should be
further investigated. In the GSRI-ATCM MC-DS-CDMA, the simplified scheme can remarkably
reduce the complexity: however, the BER performance is slightly degraded. The evaluation in this
thesis was an example of basic approaches and a more appropriate method should be considered.

Finally, 1 hope that the research results of this thesis contribute to the progress of information

science.
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