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ABSTRACT

Vector orthogonal frequency division multiplexing (V-OFDM) for single
transmit antenna systems is a general block based transmission scheme, where OFDM
and single carrier frequency domain equalizer (SC-FDE) are two special and extremal
cases.

In this thesis, algorithms of detecting and Turbo decoding for V-OFDM systems
are simulated and discussed. We use quadrature amplitude modulation (QAM) to
modulate Turbo coded V-OFDM (TC-V-OFDM) system, the output of detecting part
is soft information, therefore the Turbo decoding algorithm need to be modified. By
modifying the maximum a posteriori (MAP) algorithm, a single input single output
(SISO) MAP Turbo decoding algorithm has been discussed in this thesis.

Then, the theory of decoding turbo code is applied to the detection of signals by
the joint of equalization and decoding. The recursive equalization algorithm of MAP
and linear MMSE are discussed in detail. The lower-complexity MMSE equalization
algorithm has eventually been chosen as the simulation algorithm because that the
complexity of MAP will increase exponentially with the modulation order and the
memory length of ISI channel. The characteristics of V-OFDM’s cyclic prefix reduce
the complexity of MMSE equalizer further.

Turbo Receiver of TC-V-OFDM system is realized in this thesis by applying the
recursion, and this not only increases the diversity gains, but also decreases bit error

rate (BER) of the system, therefore the performance of the system is improved greatly.

Key Words: Turbo code; Turbo Receiver; V-OFDM; MMSE
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Chapter 1

INTRODUCTION

Orthogonal frequency-division multiplexing (OFDM) is an effective and popular
modulation scheme for high-data-rate transmission because using cyclic prefixes and
Digital Fourier transform (DFT)can simplify multiple-tap equalization to multiple
one-tap equalization. Recently, OFDM has been found its advantages for a few
prevelent broadband communications, such as digital audio broadcasting, asymmetric
digital subscriber line modems, wireless personal networks and wireless local area
networks (WLANS). Vector-OFDM for a single-antenna system which mentioned in
paper'' ! is a kind of general OFDM. For multiple subcarriers, OFDM can change
intersymbol interference (ISI) channel into ISI-free channels. And vector OFDM an
ISI channel into multiple ISI-free vector channels. On the one hand, we can improve
the bandwidth efficiency because the cyclic prefix redundancy of vector OFDM is a
small part of OFDM by the same FFT size. On the other hand, using smaller FFT size
and peak-to-average-power ratio (PAPR) can make vector OFDM with the same
cyclic prefix redundancy as OFDM to be possible. In paper, past authors'**! proposed
the vector OFDM with linear receivers. However, linear receivers give poor bit error
rate (BER). In frequency selective fading channels, via the signal space diversity
inherent in vector-OFDM, the system can achieve the performance gain, where the
vector length is equal to the maximum obtainable diversity order''®. In paper''”, a
recursive receiver structure was proposed that a kind of convolutionally coded vector
OFDM systems used for transmission over frequency-selective fading channels. In
each recursion, there are two soft-output decisions were performed by receiver

through log-likelihood ratio(LLR): for the SISO channel decoding and the



soft-input-soft-output (SISO) vector OFDM demodulation. In this thesis, linear
equalization and turbo coding are used and implemented.

Following the discovery of Turbo code!”, which makes recursive extrinsic
information to exchange between concatenated detectors and decoders, has been
effectively implemented to many detection and decoding problems. And by linear
equalization, it makes the turbo code easier to decode. For each stage, the extrinsic
information is defined that the calculated a posteriori information subtract the input a
priori information, and then used as the a priori information, for example: MAP
decoding!**.

This thesis is organized as follows: In Chapter 2, the Turbo encoding is introduced.
In Chapter 3, the Turbo decoding is discussed, including the BCJR algorithm, MAP,
Log-MAP and Max-MAP decoding. In Chapter 4, the system of vector OFDM is
introduced, including comparing to original OFDM and different decoding methods.

In Chapter 5, the Turbo equalized vector OFDM is discussed and simulated.



Chapter 2

TURBO ENCODING

In 1948, Shannon proposed the channel coding theory!': in noisy channel, when
the real transmission rate is lower than channel capacity, it is possible to transmit
information nearly without error. Shannon proposed three basic conditions: 1. Random
coding methods; 2. Coding length is finite; 3. Maximum likelihood decoding. Under
these three conditions, we can get transmit signal with less error.

Researches have gotten many successes after Shannon theorem, but channel
capacity has also 2-3db below Shannon limit. Cut-off frequency of channel
incorrected was believed to be the real limit of error correcting code. Until turbo code
occurred, it was possible to achieve Shannon limit.

Turbo code was used by two parallel concatenated, and the interleaved rate is 1/2
by recursive systematic convolutional codes (see Fig. 1, where P and P represent the
interleaver and the deinterleaver. P is a row vector involving permutation pattern

function). Two encoders in Fig. 1 are the same, and their output bits x,(ql,) and X,Ef,) are

alternately collected through puncturing so that all rate 1/2 code can be obtained. That

ul.(P) is the ith element of the interleaved sequence, is equal to the P, — th element of the

.« . P
original sequence, uf '=u p-

Turbo encoder is comprised of two rate 1/2 recursive systematic convolution (RSC)

encoders as shown in Figure 1"%!. The first encoder takes$to be the input information

bits and parity bits x; generated. The interleaver interleaves the information bitsSto be

interleaved information's . And the second encoder uses S and parity bits xJ is

generated*?.
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Fig.1 The turbo encoder

According to the rate, symbol x”is derived from puncturing, and coded symbol

through multiplexing P14,



Chapter 3
TURBO DECODING

3.1 The purpose of the BCJR algorithm

We consider that a block or convolutional encoder is described by trellis. The
output of the encoder is a N-bit codewords or symbols sequence, where kth time
encoder generated the symbol x, . u, is the corresponding information input bit, which

represented by the values—1 or+1 that is an a priori probability P (uk), where the

log-likelihood ratio(LLR) can be defined.
P(uk = +l)

L(uk):lnp(uk =y (2.1.1)

The ratio of log-likelihood is zero, and it is equally likely input bits.

We assume that the coded sequence X is transmitted through a memoryless
additive white Gaussian noise(AWGN) channel and received the sequence including
nN real numbers Y =Y,Y,...Yy , as shown in Figure 2. This sequence is delivered to
the decoder and used by the BCJR™ is named by its inventors: Bahl, Cocke, Jelinek
and Raviv. If we want to estimate the original bit sequence, , where the posteriori
log-likelihood ratio L(uk | y) can be computed by the algorithm, a real number defined
by ratio
P(u, =+1]y)

The Eq. (2.1.2) contains a posteriori conditional probabilities, and after we know

L(u,]y)=1n (2.1.2)

¥, the probabilities can be computed. The positive sign of L(uk|y) can point the bit,
which value is—1 or+1, was coded at kth time. The magnitude of L(uk|y) is a kind of
measurement to make sure the decision that we mentioned before: if more L(uk | y)
magnitude is not closed to the zero-threshold decision, thus our bit estimation is
retained. The soft information that is provided by L(u i y) will be moved to another

decoding block. A hard decision would convert it into a bit value, as previously



discussed, if L(uk\y) <0, the decoder that estimates bitx, = —1 was sent. Similarly, the
decoder will estimateu, = +1 ifL(uk\y) >0,

It is convenient to work with trellises. According to the model in chapter 1, we
use a convolutional code that rate 1/2, n=2, with@ = 4 states presented in Fig. 3. In
the Fig .3, the dashed line denotes that branch was repersented by a +1 message bit
and the solid line indicates the opposite. A two-bit codeword X, is used to lable each
branch, where 0 and 1 correspond—1and+1.

We suppose that now is at the kth time, so the corresponding state is7, =7, the
previous state is7,_, =¢ and the received symbol by decoder is ¥, . The complete

sequence Y consists of three subsequences: past, present and future:
Y=YDYo oo Vi Y Vi1 YN = Y YiYss (2.1.3)

Y<k Yor

The a posteriori LLR L(uk\y) is given by the expression

Ye(rry)  Yea(t)r(re)B. ()
L(t]y)=1n ZP(t',t,y) B anak_l (t‘)’)/k(tl’t)ﬁk(t)

(2.1.4)

P (t Lt ,y) is defined by the joint probability between receiving the N-bit sequence
Y and in state at the k-1 time and in state 7 at the current time k . The numerator R,
means that the summation is computed all the state transitions fromy to? due to
message bitsu, =+1. Likewise, the denominator R, represents the set of all branches
originated by message bitsu, =—1. 7 and B are variables representing probabilities.
They will be defined later.
3.1.1 The joint probability P(t’,t,y)

Through the product of three other probabilities, this probability can be

computed,

P(r.ty)=a,, (¢ )y.(r.1)B(s5) (2.1.5)



They are defined as:
o, (t)=P(f.y.,) (2.1.6)
v (¢ .1)=P(y,. 1) 2.1.7)
B (1)=P(y..|t) (2.1.8)
At kth time, the probabilities® ,7 and B are joint by the past, the present and the

future of sequence Y .
3.1.2 Calculation of 7

If we know that T, , =t is the state where the connecting branch came, the

probability 7, (t ot ) =P (yk S| ) is the conditional probability that can be calculated by

received symbol y, at kth time and current state 7}, =7. Then? is defined:
ve(t.0)=P(y,|x)P(u,) (2.1.9)

The previous expression of an AWGN channel becomes

! w L(uy, LC c
7 (11)= A )/zexp[—z Eka,yu) (2.1.10)
=1

A, will be canceled out, so we calculate the conditional LLRL(Mk‘Y) . Because
the numerator and the denominator of Eq. (2.1.4) both include it, and the channel

reliability measure L, as

E E
L =4a—=4aR —> 2.1.11)

0 0

N
The noise bilateral power spectral density is 70 , the fading amplitude isa, the

transmitted energy per message bit and coded bit are E, and E,, , and code rate is R, .
3.1.3 Recursive calculation of probabilities & and [3
O and BB can be computed recursively, and the recursive equations are:

N 1 =0
o (1)= 200, (t)7.(£'1) mnitial conditions: oz, (¢)= (2.1.12)
t 0 t#0



1 =0

B (f)= Zﬁk (1)7.(77) mitial conditions: B, (1)= (2.1.13)
0 t#0
1 =0

B (f)= Zﬁk (1)7.(77) mitial conditions: B, (1)= (2.1.13)
0 t#0

3.1.4 Numerical instability
As we all know, the BCJR algorithm can cause numerical problems. In fact, the
recursive computations might lead to some flaws. If we want to circumvent these
flaws, normalization countermeasure is a good method. Therefore, those probabilities
are supposed to be previously normalized by summing all & and 8 each time, rather
than using @ and B directly from recursive Eq. (2.1.10) and (2.1.11) into Eq. (2.1.5).
As follows, the joint probability P (t ot ,y) is applied. Define the assistant
non-normalized variables ¢/ and 8 at each step k :
t)= ZaH (£)7.( )
B(r)= 2A0n(r)

After computing all @ values of o and 8 , take their summations: 2% (r) and
Zﬂ}ﬁl (t | ) , followed by normaling @ and 3 dividing them by these summations:

o, (t)= Za;(:) (2.1.14)

B(f)= ;’23:(1(2) (2.1.15)

Likewise, after all 2Q products ,_, (t )7 f (I Lt )ﬁk (t ) all the summations of trellis

branches have been calculated at Ath time,

Ty = 2 Ofk_l(f)?/k (t”t)ﬁk (t)

Ry R,



= Zak—l(tl)n (t”t)ﬁk(t)-i_zak—l(t‘)}/k(t"t)ﬁk (t)
Ry R,
will normalize P (l Lt ,y) :

P(t.1.y)

P,.(t.1y)= S

Pk

Through this function, we can guarantee that all@ , B and P, (t ot ,y) sum to 1 at each
time step all the time. These normalization summations can have no effect on the
L(uk|y) as all them appear both in its numerator and denominator:

final log-likelihood ratio L(Mk | y) , because they will appear in both the numerator

and denominator:;

2P(fny) DR, ()
=InJ

— R]
L(uk|y)—lnzp(t',t,y) ZP,WM(Z",I,Y)
Ry

Ry

(2.1.16)

3.1.5 Trellis-aided calculation of & and 3

Fig.4 shows Fig.3 with some new labels in. It has been previously introduced that
dashed lines representa + 1 input bit, and solid lines representa — 1 input bit in our
convention.

The following calculations should stand:

1. According to Eq. (2.1.10), label each trellis branch, after the value ofy, (t Lt )

computed.
2. Based on Egs. (2.1.11) or (2.1.13), we write value of @, (¢) that were computed

from the initial conditions @, (7) in each state node.
3. According to Egs. (2.1.12) or (2.1.14), node and below o, () write the value of

B, (t ) that were computed from the initial conditions B, (l ) in each state.



Time Time

k-1 k
Stette ar; (0) a,(0) State

S S

L B roo  BO S
. (1) N Y. (1,0) a(l)

Bes (1) T oa PO

! ~~\Yk(1,2‘)‘~\fﬁ( 2) !
@ (2) ), e a(2)
Br1(2) B2)

2 2
a1 (3) a(3)
Bii1(3) B(3)

3 @ tmoeTomoRefeoooooee- 3

Fig.2 trellis labels

We assume ¢, _, (t ) to be known. The probability non-normalized ¢, (¢) is
involved by summing the products of ¢, _, (t ) andy, (t ot ) joint with the branches that
can converge to? . For instance, the Fig.4 shows that at kth time two branches arrive
T, =2 .EachQ o, () should be divided by the sum of allQ &, () their sum. The
procedure can be repeated until the final received sequence is reached and ¢, (0) has

been computed.

Ay (0)
o > 9 <—nn Al0)

a; (1) \\\
o “J02) o

~ N ~
~< ~ ~o

Yk(1,2)\‘\:\f}\ ay2) Y (12) (2
. “vg . k \\Aﬁ/( )
[ o ® [ ]

@ (2) = a1 (0)Y(0,2) + e, (DY (1,2) || Bis (1) = Br(0)Yi(1,0) + Bi(2)Yi(1,2)

(a) (b)

Fig.3 The function of recursive computation of a and 8
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Upon receiving the complete sequence Y, B can be calculated recursively. If we
know B3, (¢) from the value of B, , (t ')can be computed from a similar function as &, (1)
was: we look for the branches leaving state7,_, =¢ , sum the corresponding products
v, (1) B, (¢) and divide by the sum;ﬁ}c—l (t‘ ) For instance, in Fig.4 we see that two
branches make the state 7, =1, one pointed to state 7, =0 and the other pointed to
state T, =2, as Fig.5b shows.

Based on the available values of ¢, 8 and? , the joint probability
P, (t‘,t,y) =0, (t')J/k (t',l‘)ﬁk (¢)/ 2, can be calculated. As shown in Fig.6, the
resultis @, (1)7,(1.2)B.(2).

We leave the a posteriori LLRL(uk\y) . We consider the trellis in Fig.4: we
mention that a message bit+1 causes the next transitions: 0 —>2,152,2 53,33,
These are the R, transitions representing Eq. (2.1.4). The other four state transitions are
caused by an input bit—1, described by a solid line. These are the R, transtitions. Thus,
we joint numerator in Eq.(2.1.4) with the first four transitions and the denominator

with remainings:
o o

.

®| P (1.2,y) = ar.; (DY, (1.2) Bi(2) |@

Fig.4 The probability P(¢’, t, y)

11



2 P(r.t.y)
L =lnd—
(uk|y) nZP(t',t,y)
R
P(0,2,y)+P(1,2,y)+P(2,3,y)+ P(3,3,y)

P(0,0,y)+P(1,0,y)+ P(2,1,y)+P(3,1,y)
3.2 Maximum a posteriori (MAP) algorithm

=In

BCJR, or MAP algorithm, has a serious flaw: it calculates many multiplications.
Several simplified methods have been proposed to reduce this computational
complexity, for example: the Soft-Output Viterbi Algorithm (SOVA)'), the
max-log-MAP algorithm'™ and the log-MAP algorithm'’. In this thesis, we use

log-MAP and max-log-MAP algorithms. Three new variables, 4, B and T, are

defined:
T (¢.1)=Iny, (1)
=InA, + ukLz(uk) +%zn:xk,yk,
=1 (2.2.1)
A (t)=Ina, (1) 0 ‘=
:metl,X*[Ak_l(t')+Fk(t',t):| AO(I): —oo t£0
Bk—l(t'):lnﬁk—l(l') 0 F=0
:mlax*[Bk(t)+l—‘k(t',t)} By(1)= —o 120
where
rnax(a,b)+ln(1+ e_‘”_b|) log-MAP algorithm
max*(a,b)= (2.2.2)

max(a,b max-log-MAP algorithm
g g

The values of the equation ln(l +ee ) are often saved in a table of the eight

values ofla— b| between 0 and 5.

12



The elementInC, expressed I, (l‘ Lt ) cannot be used in the L(uk \ y) calculation.
This final expression gives the LLR
L(u,]y)= rnREllX* [Ak_l (£)+T, (¢ ,t) +B, (t)] (2.2.3)
Log-MAP algorithm Eq. (2.2.3) cannot compute directly. There are more than the
two variables in the part max* in Eq. (2.2.2).
The log-MAP algorithm uses exact equations so the performance is equal to the
BCJR algorithm but simpler. Next, approximations are used in the max-log-MAP

algorithm, therefore the performance is little worse.
3.3 The BCJR algorithm for Turbo Decoding

We consider a rate 1/n that is a systematic convolutional encoder, where X, is the
first coded bit that represents the information bit#, . In that case, the a posterior

log-likelihood ratio L(uk|y) can be made a decomposition to a sum of three different

elements:
L(u)y)=L(u,)+ Ly, +L,(u) (2.3.1)
Ly(uy) pl e Lo(uily)
L, Li(wy)
Ly L Encoder 1(ely) » p 1,—: Encoder
> 1 — > 2 Lo(uly)
Ly, Li(uy) Vi |
-1
» P Pl
L(wly)
Lcy(z)kp
—+
"

Fig.5 The diagram of a turbo decoder

The first two terms on the right side are related so that include the information bit
u, . On the other side, L, (uk) is determined by the parity bits of codeword. This is

the reason why L, (u k) is called extrinsic information, and the extrinsic information is

13



an estimation of the a priori LLR L(u, ) . L(u, ) and L,y,, can be inputs to a MAP or
another decoder, andL(u N y) is its output after decoding. Through subtraction, the
estimate of L(u, ) can be given as:

L,(u,)=L(u,]y)-L(u,)- L.y, (2.3.2)

L(u,)is considered as a more accurate estimate of the unknown a priori LLR, so
it can be used in place of the previous value L(uk) . When we repeat the former steps
by a recursive way giving L,y,, , and the new L(u, )= L, (u, ), inputing to another
decoder with the expectation to receive a more accurate L(uk | y) .

Eq. (2.3.1) is the foundation for recursive decoding. For the 1st recursion, the a
priori LLRL(uk) is zero, if input bits are equally considered. L, (uk) , as the extrinsic
information, will be used to update L(uk) from recursive decoder. Thus more
confidence can be gained from the turbo decoder on the +1 hard decisions. Fig.9 gives
a simplified diagram of turbo decoder block that would illuminate its procedure and

(P)

how to derive an interleaved sequence y'*) from u (we computeu”™”’ =u, ). We can

simply compute w(:]) = w, deinterleaved sequence W .
The recursive decoding steps as follows:

1. For the 1* recursion, assume L(uk ) =0 is assumed, then the systematic extrinsic
information L, (uk|y) are received from decoder 1 outputs, gathered from the
first parity bit.

2. Upon interleaving the extrinsic information L, (uk|y) that comes from decoder 1,
computed from Eq. (2.3.2). L, (uk) is delivered to decoder 2 as more educated
guess onL(uk) . Then decoder 2 gives L,, (uk |y) , which is extrinsic information

based on the other parity bit. According to suitable deinterleaving, this

information is passed on to decoder 1 to be defined L, (uk) , @ Newer guess on

L(u).

14



3. Upon the log-likelihood L, (uk Iy) as the output of decoder 2 is deinterleaved, after
the required amount of recursion has been met, it is delivered as L(uk | y) to
estimates the information bit, in the hard decision device, based only on the sign
of the deinterleaved LLR,

u, = sign[L(uk\y)] = sign{P’l [Lz (uk |y)]} (2.3.3)

3.4 Simulation

In this part, we analyze the results through simulation. In all the simulations, we
assume the symbol length is N = 1024, and the CP length is P = 128, and a length
G + 1 vector which has i.i.d. complex Gaussian distributed elements is the channel

CIR. For all the BER figures, the system is turbo coded and MAP decoder.

" Log-MAP, block length 65536, g = [037, 021], rate 1/2
10 ¢ T T T

Bit Error Rate

Iter 1

lter 2 19
lter3 ",
[|e---a lter6 W N

lter 10 M
lter 18 B

1 1 1 —
0 05 1 15 2 25
Ep/Ng (db)

Fig. 6 Log-MAP block length 65536
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Chapter 4
VECTOR OFDM(V-OFDM)

4.1 Introduction of V-OFDM

I " kind of low

Orthogonal frequency division multiplexing (OFDM)!
complexity transmission scheme for multipath channels, which is prevalently used in
wireless communication systems of the next generation.

Without coding, OFDM cannot expressed the multi-path diversity, so it performs
not as good as a single carrier transmission which has time domain equalizers. For the
receiver part, FFT and channel equalization in the frequency domain first occurred in
Single-Carrier Frequency Domain Equalization (SC-FDE)!'*""] and then IFFT and
demodulation or detection are used in the time domain. It is convinced that we use
OFDM to deal with cost transceivers problems and high data rate, however, SC-FDE
is always used into cost transceivers problems and low data rate.

Vector OFDM (V-OFDM), for reducing the cyclic prefix(CP) and a single
transmit antenna OFDM system’s IFFT size, which first proposed by Xia!'”!. This
method generates from original OFDM, V-OFDM is a bridge between SC-FDE and
OFDM. Through calibrating parameters, V-OFDM system can be tuned in different
system design. In paper''™, regarding to different aspects of V-OFDM system design,
the authors analyzed the different synchronization and guard band. In paper®” | the
authors described the vector channel allocation. In paper''®, the turbo principle for
recursive demodulation and decoding are exploited. In paper®!!, different vector
blocks (VB) shows us different performances. In paper'®”, totally investigated the

V-OFDM performance using multipath Rayleigh fading channel. In paper'*!, the
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linear receivers for V-OFDM are introduced, involving Zero-forcing and MMSE
receivers.
4.2 Vector OFDM System

In V-OFDM system, the block-by-block are used for the modulated symbols. We
assume that, for one block, the modulated system are N = LM , and define them as
{xn }:]:1 . Difference between the V-OFDM and conventional OFDM is that the length
N block into L vector blocks (VBs) are further divided in V-OFDM, in which each
VB has size )y . Denote the /th VB as

X, =[x,M,x,M+l,...,x,M+M] , [=12,.,L.
X, is thelth transmit for a VB. Unlike the FFT size N as in original OFDM, the

size L vector IFFT is over the VBs in V-OFDM and can be calculated:

- 1 e
Xq:zleej L , q:1,2,...,L. (321)
=1

X, is a M size column vector and is expressed as

X, = [)_ch,quH s s Xpprim ]T .

Rewrite the Vectors{iq }::1 , as a N size row vector, which is

(7.5, % = [X] %) ] ]

For conventional OFDM, cyclic prefix (CP) is added to the size-N row vector.
We assume that the length of CP is "1, 7 should satisfy 77 > G in order to avoid the
interblock-interference, which G is the maximum delay. If there is not loss of
generality, the VB size js is a multiple of 77=GM _ Next, in the time domain, the
transmitted sequence, after adding CP, can be written as:

(X, kX o X, XKy X
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For the receiver part, after we remove CP, the received signal become a kind of
circular convolution for the transmitted signal as well as the Channel Impulse

Response (CIR). It can be defined as:

D+1

V=Y T, t0,,  n=12..N (3.2.2)

~ N
where{hd }::l is the CIR, o, ~ CJV(0,0' 2) is the additive white Gaussian
noise(AWGN) , and(n) yvrepresentsZ mod N . The receiver is divided by the size N of
block[yl I S ] into L size M column vectors {yq }; , whenY,is

Vo =T T Fouron | -

Letting component-wise vector FFT of size L , we have

L _2mql

v=35e b, 1=12,..L (3.2.3)

g=1

Write the M length column vector Yy, as

T
Y. = [ylM sYimstoe s Yimm ] .
We cally, the /threceive VB.

Denote

D+1 2mkd

H=Yhe ¥ k=12,.,N (3.2.4)
d=1

the frequency domain channel coefficient at the kth subcarrier in conventional
OFDM using the length of N FFT/IFFT to deal with. The diagonal matrix that the size

isM x M H, can be defined as
H,=diag{H, H,,, ,....H, . }. (3.2.5)
We Assume the perfect synchronization, through some signal processing

functions, the relation of the transmit VB X, and the receive VBY, is
y,=Hx, +w,, [=1,2,...,L (3.2.6)

T . .
wherew, = [WU Wisse ..,w,!M] is the noise vector, they are i.i.d. and C/N' (0,0'2)

distributed, and we can express the equivalent channel matrix as:
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Hl é UIHITIIUI
where U, is unitary matrix, for entry in the sth row(s =1,2,...,M ) and mth

(m=1,2,...,M) column equaling
1 27 (l+sL)m
U/ | =——exp|—j——————|.
[ul],., M P( J N ]
The product of a DFT matrix can be easily verified, and a diagonal matrix is able
to compose U, .
We assume thatE{‘X,,‘z} =1,n=12,...N , and define the transmit SNR is

pa Ll
o’
Though the CP overhead of the V-OFDM is unaffected, the size of IFFT can

be reduced by M times, from N to L .
4.3 Detection Algorithm

Here, we discuss two detection algorithms (ML and MMSE) for V-OFDM
system, and assume the channel is perfect and is well-known to the receiver.
4.3.1 ML Detection

According to equation (3.2.6), ML detection is

X" =argn}3n||y,—H,X,||2, [=1,2,....L (3.3.1)

The ML-V-OFDM’s computational complexity can grow exponentially because
of the M size VB and the high modulation order. Previous papers*'!, mentioned that
each VB is of different performance, so they proposed a new function In other
papers!' 1?21 the performance of ML-V-OFDM was analyzed, showing if we want to

achieve maximum diversity order, we can use the major VBs, which equals

min{M, D+1}.
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4.3.2 MMSE Detection
We assume that channel coefficients and noise are known by receiver. Therefore,
MMSE detection can be used to improve the performance. We can calculate the
weight matrix of MMSE as
C™SE 2 (HI'H,+p™'1) H

* *

H H
:UHd. [ ey I+ML U 3'3.2
! lag{‘Hl|2+p_1 ‘HZ+ML‘2+p_1} ! ( )

According to the second equation, H, denote the special structure. After MMSE

filtering, we have

& MMSE C MMSE

Y, =LY
=Uf’dzag{ s LML _1}U1X+Cf4MSEW
|H1‘ +p |HI+ML| +p
A [ AMMSE ~MMSE ~mmse 7
2[5 It S | (3.3.3)
and the mth element of §"* can be written as
~MMSE
ylM+m = ClM+m'le+m + nlM+m (334)
where
2
— i < ‘Hl+mL|
IM+m — 2 _
M m:O|Hl+mL + p 1

Then, the symbol-by-symbol detection is

&,"" = argmin|§,""" - (3.3.5)
el ey =[5t 52 ]
M
|Hl+kL|
_ 1 (3.3.6)
Z\H,+kLI +p

We can see that it is independent of m , and the detection SNR or Signal to

Interference plus Noise Ratio(SINR) for the mth element in the /th VB X, is
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2
MMSE A | ClM+m

1 M
plmse & el | — -1 (3.3.7)
l E|:|nlM+m| :| M ’Z:l‘ p l+kL‘ +1

MMSE MMSE __ MMSE A _ MMSE

andp;; =P, = =P =P
Based on these analysis, for MMSE-V-OFDM, different elements in the same VB

have the same detection SNR.

4.4 Simulation

In this section, we simulate to analyze the numerical model. For all the
simulations, the parameters are that the CP length that P is equal to 128, the V-OFDM
symbol length N = 1024, and the length G + 1 vector which has i.i.d. complex

Gaussian distributed elements is the channel CIR.

ML-V-OFDM
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Fig.8 Different vector size M=2,4,8 by ML decoding
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Chapter 5
TURBO RECEIVER OF V-OFDM

5.1 Introduction of turbo receiver

There is a serious problem for many practical communication systems is ISI
channel for data transmission. If we want to protect the transmitted data, using an error
correction code (ECC) can control amount of redundancy.

The received symbols have been equalized or detected in order to reduce the ISI
influence. The equalizer gives an estimation on the data, and composed by linear
processing of the received signal and past symbol estimates. A variety of optimization
criteria can choose the parameters of these filters.

For minimizing the bit error rate (BER), we use optimal equalization methods to
solve the problem. Because the sequence error rate are always nonlinear,
maximum-likelihood (ML) estimation is a good function, which, in the presence of a
priori information about the transmitted data, transforms into the maximum estimation
of a posteriori probability (MAP). There are some other algorithms are useful, for
example, MAP/ML estimation, the Viterbi algorithm (VA)**1**l and the BCJR
algorithm.

The most important advantage for BER is that it is possible to use coded data
transmission between the equalizer and the decoder, in terms of soft information as
oppose to hard information, which reduces the BER, however vastly relies on more
complicated decoding algorithms. Joint is used by the top systems for many different
communication systems, for ML equalizers and convolutional codes, when we use

[26][27

interleaver after encoding and deinterleaver before decoding I Error will be

introduced by the equalizer between adjacent symbols are decorrelated through
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interleaving shuffling symbols within a given time frame or block of data. Errors of this
kind are difficult to solve by only a convolutional decoder. There are applications hope
to use coding to solve the flaws of the chosen equalizer. Error propagation should be
resolved by DFE and a kind of high-rate code **.

For the receiver part, because of complexity, it is impossible to use an optimal joint
processing of the equalization and decoding. Some recursive receiver algorithms repeat
the equalization and decoding tasks on the same set of received data, where the decoder
feedback information is individual for the equalization process. This method was called
to turbo receiver, was derived for concatenated convolutional codes and is now widely
adapted to many communication problems, like code division multiple access (CDMA)

B and trellis coded modulation (TCM)*%!, Turbo receiver was first proposed in

35] [36][37

and then developed from serval researchers 1. Among all the systems,

paper’
MAP techniques are applied successfully for receiver and decoding®**"). Combined

[38]039] ;

turbo coding and receiver involves three or more parts: two or more coding parts

like the original turbo coding applications and the channel equalizer.
5.2 Basic principle of MMSE Turbo Receiver

An equivalent time-invariant G tap-coefficients ISI channel is considered. The

[40]¢

signal model can be expressed [*1*!] as

z,=Hx +w, (4.2.1)
whereZ, is the channel observation, X, the transmitted signal, H the channel
convolution matrix and W, an appropriate-sized vector of additive white Gaussian
noise(AWGN) with variance ¢ = N, /2 per dimension. N, + N, +1is called window
size.
A turbo equalizer is based on an SISO equalizer, functioning in a recursive way.

The MMSE linear equalizer(LE) discussed in paper**!! is considered for the SISO
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equalization task. The MMSE LE computes the extrinsic output L, (x, ) forx, € {+1,-1}
based on{L(xn )} and the channel observation
2, =[ 2,0 Ty es T, | (42.2)
where N, and N, are the non-causal and causal lengths of the filter, respectively.

The estimated mean and variance of x,, are

%, =E(x,)= tanh(L(zx")] (4.2.3)
v, =Var(x,)=1-X. (4.2.4)

Let 0, represents a length-i zero row vector and I represents an identity

matrix of an appropriate size. The output of the MMSE LE developed is given by

— 203; (Zﬂ - Hin + insn)

o s, (4.2.5)

where
_ _ _ _ T
X, = I:xn—Nz—GH X Ny-G+200 s K, :I

V.= dlag(vn—N2—G+1 2ViN,—G+2+ VN, )

T
S, = H|:0]><(N2+G—I) 1 01xN1:|
¢, =(c’ T+ HV,H' +(1-v,)s,s") s,
5.3 Turbo Receiver of V-OFDM

In [19], the authors used the iterative decoding on V-OFDM, but they did not use
turbo coded receiver to deal with this problem. So, I updated their model to solve the
receiver.

After turbo encoder, the length N of information symbol u, through the turbo
encoder rate R, we get the length C = N/ R of binary coded sequence,
§= {S1 38y 5 -,SC} . After puncturing, we get s*) = {SI(P) ,Sgp) yeue ,S(CP)} . Using F -map

modulation, the sequence §*) becomesX = {x,,x,,...,.x; }.K =C/log} .
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We assume the rate R is1/2, through V-OFDM system, the transmitted

information x divided by A7 x [, where A7 =27 . The length 2N block into L
VBs, where each VB has the size )7,

T
X, = I:leﬁ’leﬁﬂ ” "’x21M+M] [=12,...,L
2

We call the Ith transmit VB isX, . And the system channel model,

y, =Hx, +w, (4.3.1)

wherey, = [yzﬁ A IEITT A ]T W, = [w,’l WigaeeosW 5 ]T is the noise vector,
whose entries are i.i.d. and CN (0,0' 2) distributed. According to each V-OFDM We
block, we use SISO MMSE decoding. The total length of filter is M = N_, the
received symbol block is {y,wl,y,,z,...,y,w‘} .

We define the variance of information block X, isV,, and the average is x;. X,

(P) :{ (P)

matches the sequence S, P sz Lsihe

1 ,
SSi seeeaS) }, Q =log; . The numerical value set

of X,is A= {al \Qy s .,aF} , the average and variance are

X =E(x,,)= Y a,-P(x, =a) 43.2)

a;€eA

(4.3.3)

Vl,m = Cov(xl,m ’xl,m) = [2|ai

a;eA

2 — 2
'P(xlym :ai) _|x1,m

where P(xl,m =ai)is given by a priori information Lf(sl(ﬁ,)’k),k=1,---,Q, we

assume the value @, matches s,(fn) is d, = {dm ,d,-,z,...,di,Q} )
P(xi,j = al.) = lg[P(sl(;)’k =d, ) = ) %(1 +d- tanh(L’j (sl(fn)’k)/Z)) (4.3.4)
k=1 k=1

where
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dix= (4.3.5)

Different from single carrier system, V-OFDM is a kind of multiple carriers
system. We cannot use the SISO MMSE decoding, so we can use the result of chapter

3.3.2 MMSE Detection.

% = argmin]§, ~ x| 4.3.6)
~ A~ * A A \H
E|:ylM+m (ylﬁ+m) ]:|:E[yl (y[) :|:|
1 u |Hl+mL|
== (43.7)
M ‘Hl-%—mL +p

A ’C_

iR e i v el
" EUnlﬁer 2:| |:M m=1 p|Hl+mL +1:|

9

where x,,, is Gaussian distribution, the average iss,,, = E (xz,m |x,,m = a,»),l' =L...F

. . ” - - C . . .
the variance is0,,, = Cov(xz,m ,x1,m|xl,,,, =aq, ) , the extrinsic information is

st k=1,....0
Z P(XIm‘Slm d)H P(sl = ,k,)
I3 (s(p),k)_l vd,d; , VK & 2k "
e\lm -
2 P(xzm’ S)m d)H P(s, = [qk‘)
vd,d; ;=0 VKK 2k
;Clj :uzj
— d; L( ) 2
Vdglzl P 20/ J vg #k
=In
xl’f—‘ul’,j2 ~ (P
z exp| ———— — + z di,kL(sl’m )/2
vd,d; =0 261,,/ Vk'k £k
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where the input of SISO Turbo decoder comes from{Le (Slk m )} that deinterleaving
fl‘Om{LL,( ,(fn)k )} . When decoding, first we need to update soft information of

information bitu, ,

Y (t’ ,t) =L, (uk )uk +L, (S2k—1 )s2k—l +L, (s2k )s2k

—In(1+ "))~ In(1+ ")) - 1n(1 +eht) (4.3.9)
o, (t)= ln(Zexp(akl (1) +7, (t',z))) (4.3.10)

B(t)= ln(Zexp(ﬁk (t)+yk(t',t))j (4.3.11)

;exp(oc(t')+y(t',r)+,8(t))
%exp(a(t')+y(t‘,t)+,8(t))

L(u]y)%1n (4.3.12)

When the number of recursive decoding times come to the maximum, we need to

calculate the soft information of coded sequence{si} ,
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L(sy_,)2n iexp(a(t‘)+ y(t’,z)+/3(t)) (4.3.13)
2exp(a(t')+y(r',t)+ﬂ(t))
s, )2 Ina 3.
Llea) %exp(a(f)w(f,t)ﬂs(t)) (43.19)
Ld(SZk—l):L(SZk—l)_Le(SZk—l) (4.3.15)
Ld(s2k):L(S2k)_Le(s2k) (4.3.16)

where L, (s2 k) and L, (s2 it ) are the output soft information of decoder. Through the

interleaver, it will come back to SISO receiver to complete recursion.

5.4 Simulation

For simulated TC-V-OFDM systems, the subcarriers N is 1024, in order that
simplifying the illustration, no guard band uses. The vector length called M defines
from 4,8,16 to 32, and size L is the vector FFT length. We chose arate R=1/2, turbo
encoder is (1 +D’ ) / (1 +D+ Dz) . The interleaver is random, but we use the same

interleaver for all numerical simulations. For each OFDM block, there are 100 vector
OFDM blocks and 12800 code bits in that. The AWGN channel which is i.i.d. and

zero-mean complex Gaussian random distribution.
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