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Chapter 1

Introduction

Communication plays an important rule in human life. Today, communication de-
vices not only provide voice service but also entertainment, such as mutimedia con-
tent. Due to the transmission of large digital.content, such as video, images, WWW
pages, and data, communication techn6logy is being driven to surport high data
rate transmission, even real-time transmission in some applications. There has been
considerable research effort in recent years-aimed-at developing high perfermance

and high data rate transmission metheods.

1.1 Motivation of the Thesis

Because of high-speed data transmission, the system suffers the severe effect of
multipath fading which significantly degrades the system performance. In recent
years, orthogonal frequency division multiplexing (OFDM) modulation technique
has drawn great interest due to its advantage in mitigating the severe effects of
frequency-selective fading in high-speed wireless communication. The IEEE 802.16
standard committee has developed a group of standards for wireless MANs. Project
802.16a is one of them. The object of this study is the OFDMA-based interface

option of this project, namely WirelessMAN-OFDMA.

In high data rate transmission, the imperfectness of channels, e.g., multipaths,



causes more severe trouble than in low-rate transmission in demodulation. The
result of data transmission over such a channel is that each received symbol is
affected somewhat by adjacent symbols, thereby bringing about a common form of
interference referred to as intersymbol interference (ISI). Intersymbol interference is
a major soure which degrades performance in the reconstructed data at receiver. In
single carrier transmission, we usually employ an time domain adaptive equalizer to
solve this problem. If the channel has very long impulse response compared with
symbol duration, time domain equalizer may fail to handle ISI. However, in OFDM
system, ISI can be easily eliminated by inserting cyclid prefix which is longer than

the maximum delay spread, at the expense of some loss in capacity.

In uncoded OFDM, we only need a frequency domain equalizer with one tap
at the receiver for each subcarriers: The purpese_ of channel estimation is to obtain
the channel response at each subcarrier: Then; we can easily abtain the equalizer
coefficient, the inverse of the channel gain. In channel coded OFDM, such as that
in IEEE 802.16a OFDMA equalization is not needed, but the estimated channel
response is directly useful in chnnel decoding [1]. Hence in this thesis, we will
investigate channel estimation methods that can be applied to the IEEE 802.16a

standard.

1.2 Organization of This Thesis

This thesis is organized as follows. In Chapter 2, we will give an overview for orthog-
onal frequency division multiplexing(OFDM), which is the technology behind the
IEEE 802.16a standard. In addition, we will introduce some conventional channel
estimation methods. In Chapter 3, we will propose a channel estimator based on
the IEEE 802.16a standard and evaluate the performance of the proposed method.
In chapter 4, we try to find a way to track the multipath time delays. Finally, in

Chapter 5, we will give a brief conclusion.
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Chapter 2

Overview of OFDM and Channel
Estimation

In this chapter, we give a brief overview of OFDM. Then we will show why channel
estimation is important and introchice some conventional channel estimators. In
addition, we will describe the=content related to- uplink channel specification in

IEEE 802.16a, and explain the:implicit restrictions.

2.1 Basic Concepts of OFDM

OFDM is a maulticarrier transmission technique based on the discrete Fourier trans-
form (DFT). The basic concept is to divide data into several parallel bit streams and
modulate these streams by a set of independent subcarriers [2]. In order to enhance
bandwidth efficiency, the spectra of the subcarriers are overlapping and orthogonal.
Thus the OFDM system splits the high rate data stream into a mumber of lower
rate streams. Hence, we can avoid reducing the symol period to increase the trans-
mitted rate and thus suffering serious frequency selective fading. The parallel data
transmission by means of frequency division multiplication (FDM) was proposed in
mid-1960s. But until Weinstein proposed to use discrete Fourier transform (DFT)
in the baseband modulation and demodulation [3], OFDM modulation entered a

new century. This idea largely decreases the complexity of OFDM implementation



2m kn/N
e -2mkn/N
e

- o~
.| 2 XOr—— cramne ym .
Xk — :
—= sP | HE —-bAar—= —ap—= | |PS ——
- :
- 9
- -~

Figure 2.1: Basic concept of OFDM system.

compared with the need of multiple oscillators to modulate.

The basic concepts of OFDMA are the same as those of OFDM. But in addition,
OFDMA can surport multiaccess. Active carriers in the OFDMA system are devided
into subsets of carriers, each subset'is termed a subchannel. A subscriber may be
assigned one or more than one subchannels, depending on their requirement. Then,
several subscribers share a communication resource, and a system controller can

dynamically change the resource.allotted toeach subscriber.

2.2 Signal Model

The following material is modified from [4]. If we take Ngpr subcarriers spread over
bandwidth of Nppr-Af Hz, and sub-carrier &£ is modulated by the transmitted data
X}, which is a complex number in a QAM constellation. Then a typical continuous-

time OFDM symbol is of the form

NFXF:Tﬂ j2rkAft
Xy, - eITEAI 0<t<T,
x(t) - k:_NF‘FT/2 (2.1)
0, otherwise,

where T is symbol duration, e/2™*2/t ig the basis function, and Af is the carrier

frequency spacing which must be large enough to maintain the orthogonality of the



basis functions. We know the least spacing is

Then the inner product of any two basis functions is
T
/ ej27rszft . €j27rlc1Aft dt = 0’ for kl 7& kg.
0
Furthermore, only Ngpr sampling points with sampling rate Y££7 from z(t) are

enough to represent the original data Xj:

Nppr—1 nT )

T N
Xk: Z -’E(#)'e'72 kAf(NFFT, k:—NFFT/Q,...,NFFT/Q.

n=0

Now, we consider that a sequence of OFDM symbols is transmitted. Then the trans-
mitted signal will be distorted by the communication channel which is dispersive.
To avoid time-domain aliasing betiween adjacent OFDM symbols, we need to sepa-
rate them from each other with-a “guard time™. T}, which is at least longer than the

entire impulse response of the channel:

NFiT/Q 2k A f(t=Ty)
Xp= el - A T, <t<Ty+T,,
x(t) = k:—NFFT/Z ! I (22)
0, otherwise,

where Tj is the original useful time and T, = T} + T, is symbol period. Then we
lose a litte bandwidth efficiency in order to curtail the interference between adjacent
symbols. With the separation of OFDM symbols, we can just consider individual
OFDM symbols only. So now we consider one shot transmission of z(t) specified in

(2.2). Then we can find that the received signal will be

y(t) = z(t) = h(t) (2.3)

where h(t) is the channel impulse response. For simplicity, we tentatively ignore the

noise effect. And the received signal y(¢) will lie inside the range [T,, T + T,].
Transforming (2.3) to the frequency domain, we get
Y (/%) = X (™) H (7).
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Recall that the transmitted data are the frequency spectrum of z(¢). Now for any
frequency the received signal Y (¢/2™/) can be writen as the multiplication of X (e/27/)
and H(e?"7). This result is important for demodulation. We are only concerned
about the set of f = kAf, k = —Ngpr/2,..., Nppr /2, where the transmitted data

are contained in
Y(ejQWkAf) — X(ej27rkAf)H(€j27rkAf)-

The relation between the transmitted data X, and X (e/27%27) is given by

. Tb‘l'Tg )
X(e]27rkAf) — / x(t) . eijkAf dt
Tg
Ty+T, Nrrr/2
= / Z X, - 2MAf(Ty) | o—52mkAf(-Ts) gy
T I=—Npgr)2
= T, - Xg.

Then X, can be written in terms'of S(e??™*41) or ¥ (e/27%4f) as

1 , 1 | ,
Xk — _X(e]27rkAf) A _Y(ejQWkAf)/H(eJZﬂ'kAf)'
Ty T

So in the receiver we need to calculate the Fourier transform of the received signal:

To+T,
Y(ejQWkAf) — / y(t) . 67j27rkAf(t7Tg) dt

Iy
T, | 2mk(t=T,) Ts+T, | 2mk(t=T,)

— / yt) -’ T dt+/ y(t)-e’ T dt
T, T,

Ty _.2mkt Ty 2wk (t+Ty)
= / y(t+T,) e’ T dt+/ y(t+T,)-e”’ T dt.
0 0

. _j2mkt . . _ 2mk(t4Ty) _j2mkt
Since e * T is Ty-periodic in t, i.e., e T =e ' B, we get

. T 2wkt Ty _;2mkt
Y(eﬂnkAf) _ / y(t +T,) - e I, dt_|_/ y(t+T,) -’ T di
0 0

Ty _2mkt Ty _2mkt
B / (Wt +T) +y(t+T)) e’ T dt+/ y(t+T,) e’ T dt
0

Tg
where y(t+75) is a “time aliasing term.” There is nothing surprising about the “time

aliasing term.” The process of culculating Y (e/2"%2/) is similar to Fourier series

6
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Figure 2.2: OFDM symbol time structure.

representation with period 7,. That is to say, the original signal y(t) is periodically
duplicated with period 7. But the length of the received signal is in the range of
[Ty, T), giving rise to time-aliasing. With further thought, we see that the “time-
aliasing term” is needed. If we duplicated with the period T, then we get wrong

carrier spacing Af' = L.
8

By linearity, the aliasing term can be achieved at transmitter by adding a copy
of the last T, of useful symbol-period, tetmed cyclic prefix, in front of the original

signal. Define a cyclic prefix as below
Nppm/2 )
zt+Ty) = Y, XA )<t < T,
Tep(t) = k=—Nppr/2
0, otherwise.

Then by means of convolving the cyclic prefix with the channel impulse response,
“time-aliasing term” can be obtained. Eventually, the signal model for the OFDM

system is given by

NFf:Tﬂ j2mkAf(t—Ty)
~ X - ed™ ) 0<t<Ts,
0, otherwise.

Note that the range of ¢ has changed compared with (2.2). OFDM symbol time

structure is shown in Fig. 2.2. Then the received signal becomes

y(t) = z(t) * h(t). (2.5)
We just retain y(¢) in the range of [T,, Ts] and drop the rest. Then we take the

7



Fourier transform of the remainder, we can get the whole range of frequency re-
sponse. Since we only care about Ngpr discrete points with equal carrier spacing in
frequency domain, we can simplify the process. Just use the Nppy sampling points

in time domain. By discrete-time signal processing, we can recover the desired

information:
Nppr—1 b
. _ T i ] nT;
Y(@]ZT{'ICAf) — y(&).e]%rkAf(NFpT)’ ]{;:—NFFT/Q,...,NFFT/Q.

Now the overall system model is as shown in the Fig. 2.3.

Up to now, we have not yet commpleted the process of restoring the distorted
signal. We need the information of the channel response H (e/2™*2/). That is the
main subject of this thesis. The mobile communication channel must be estimated
with sufficient accuracy so that the transmitted-data can be detected even when a
large constellation is used. If not, a high-spectal efficiency becomes unattainable.

To start, we introduce some conventional channel éstimation methods in the next

section.
Xk
X(t)
T Guard
SP L Insertion D/A
channel
Y k
y(t)
PIS s Guard A/D
L Removal

Figure 2.3: OFDM baseband system model.



2.3 Some Conventional Channel Estimation Meth-
ods

The material in this section is largely taken from [5].

2.3.1 MMSE Estimation

Let Nppr be the total number of subcarrier in the OFDM system. In matrix nota-

tion, we have describe the OFDM system as

, Nppr—
5] (% g ][ W e v
h = X W]V’FFT
YNFFT_l O XNFFT_1 W]IVV:‘;‘;’—LO . W]{]V;;‘:';*—LNFFT—I

ho N

h AN
X A E X ) (2.6)

hNFFT—l NNFFT—l
or
Y =XFh+N, (2.7)

where Y is the received vector, X is a diagonal matrix containing the transmitted

data or pilots and F is discrete Fourier transform matrix with

. 2mig

Wil =e N, (2.8)

h is the channel impulse response vector, and N is a vector of complex AWGN.

Suppose that the transmitted data Xy, where £k = {0,1,---, Nppr — 1}, are
either training symbol or detected variable in a decision feedback estimator. Then,
by minimum mean square error criterion, the estimated values of the channel impuse

response will be [5]

h = RpyRyLY (2.9)



where

Ry = EhYY] = Ry, FIXY,

Ryy = E[YY?] = XFRp,F?X" +Rgg,

with Ryp being the auto-covariance matrix of h and Ry the auto-covariance matrix
of N.

Note that there is a matrix inversion, with size Nppp, which incurs a high com-
plexity. In order to make MMSE estimator efficient, we observe the channel property.
The main energy concentrates in the first M taps which is approximately the size
of cyclic prefix. If we just consider the first M taps of A, then a modified MMSE
estimator can save a lot of multiplications. The overall derivation and the final

result can be found in [5], which swe omit.

In addition, the second order statistics must be either assumed fixed or estimated
by collecting recent data. In other words,- MMSE estimator is applicable to commu-
nication through slowly time variant:.channels: Then the statistics can be viewed as

quasi-stationary.

In fact, the communication channel may be fast-fading depending on the velocity
of mobile. So we must adapt the auto-correlation of channel and estimate the channel
in real time. For the sake of real-time requirement, we cannot depend only on the
training symbols. Hence, each OFDM symbol is inserted pilot carriers, which the
receiver knows, to assist channel estimation. The pilots are multiplexed into the
transmitted data stream, so the channel gains at pilot locations can be estimated.

The channel responses at data locations can be obtained by interpolation.

First, we assume there are M subcarriers chosen from the original Nggr subcar-
riers to be used as pilots. Define {ig, i1, ,ip_1} as the indexes of pilots. Then

(2.6) can be rewritten with only pilots as

10



20,0 i0,IN -1
XZ WZO WZO FFT ho

Y;‘o i0 O JZ\ZF o NprT
}/;1 _ Xil WNI;FT h/].
Vi 0 X J LW o wi e | g
%,
N.
+ (2.10)
NiM—l

For decreasing the complexity, we just take into account the first M taps of h, and
set the others zeros, just as mentioned in [5]. Then we can get
Y, =X,F,h + N, (2.11)

where h' = [h() ]’L1 s hM_l]T and

i070 A 'i(],M—].
Nepr NrrT
U1
o NreT
F, = :
iaren0 imM—1,M—1
NrpT Nppr

Through a similar derivation as that led to 2.9, we get the optimal solution as

h' = Ruy,Ry'y, Y, (2.12)
where
R‘h’Yp = E[h,Yf] - Rh/hl F;I:X.;I,
Ry,y, = E[Ypr] = XprRh’h’Ffo + Rﬁpﬁpﬂ

with Ry being the auto-covariance matrix of h’ and Rﬁpﬁp the auto-covariance
matrix of Np. Then we can get the channel gains at other locations by transforming

the time domain impulse response to frequency domain. That is, let

N-M
h=[h" 00 ...0".

11



Then
H="Fh (2.13)

where H is the estimated channel response in frequency domain.

2.3.2 LMMSE Estimation

We also introduce an another form of MMSE method to estimate the channel. In
(2.12), h' is the estimated channel impulse response. we can directly estimate the

channel frequency response. For convenience, define

Y, Y Y;
0 B, _tMor) (2.14)

H,, =
Dyl [Xzo Xil X'L

M—-1

The channel frequency response at pilot location can be roughly estimated in this
way. There exists a linear interpolation methed to estimate the overall channel
frequency response through I/-\Ip,ls. Then by minimum mean square error criterion,

we can get [6]

H=R.a Rz = H 2.15
HH, "8, .8, . Dls ( )
where
RHﬁP,ls = RHHI’JS )
Ry a = R +Rg g (X, XH)~1
H, ;. H,;s — Hp1sHp 1o NpN, P“*p -

If the value of the pilot modulation does not change, then the inversion of X, X
is executed once. If X, changes for some reasons, then we can average over it.
Hence, we replace the term with its expectation E[X,,Xf ]. Furthermore, the term

R

can be rewritten as

T

p,lsHp,ls

= RHp,ls Hp,ls +

Ry SNR

p,lsHp,ls

where 8 = E{|X;,|’}E{|1/X; [’} for all k. Then the inversion of the matrix

Ry g . needs to be calculated only once.
D,ls=op,ls

12



2.3.3 Decision-Directed Channel Estimation

In general, decision-directed approach is to use detected data to fine-tune the esti-

mated channel response for the detection of the next symbol, such as

S _ Yi(n)
Xk(n) - ﬁk(n— 1)a
Hi(n) = %((72), (2.16)

where n is the symbol index and k is the carrier index. Moreover, X;(n) is the
noisy data before decision and Xj(n) is the data after decision. Finally, ﬁk(n) is

the estimated channel response for subcarrier k£ at time n.

Note that the decision-directed approach contains two features. First, the per-
formance of decision-directed approach depénds on the correctness of the detected
data. So the decision-directed algorithm operates‘well at high SNR. For low SNR,
there may be error propagation effect. This means we use wrong decision data to
modify the channel response, and:lead to more errors. It needs some preprocessing
to decrease the probability of wrong decisions.” In other words, the basic estimator
needs to be modified for good performance. For example, we may try to find the
best way to decrease noise before using decision-directed estimator. We believe that

the overall performance will be dominated by the preprocessing.

Second, because the output of the decision of channel estimator is used by the
next symbol, the channel must not change violently. That is, if channel is slowly
time-variant, the performance will not be bad. We may take time average to reduce

the influence of AWGN for slow-fading channel, e.g.,
aHy(n — 1)+ BHy(n) = Hyy(n).

We may conclude that pure decision-directed estimation is not suitable for fast
fading channels. For this kind of channels, the estimator must compensate the time

variant effect in advance.

13



2.4 Overview of Uplink Channel in the IEEE 802.16a
OFDMA

For the purpose of providing a wide deployment, considerable capacity, high speed,
and low cost solution for broadband wireless access, The IEEE 802.16 Working
Group created the IEEE standard 802.16 to support point-to-multipoint transmis-
sion at data rates up to 120 Mbps. But the transmission environment must be
line of sight and has negligible multipath propagation. To accommodate non-line of
sight access over low frequencies, IEEE standard 802.16a improves IEEE standard
802.16-2001 by providing more physical layer specifications in support of broad-
band wireless access at frequencies from 2-11 GHz. The medium access control
layer is amended to support multiple physieal layer specifications optimized for the
frequency bands of application.* The standard includes particular physical layer

specifications applicable to systems operating between 2 and 11 GHz.[7].

2.4.1 Frequency Domain and Time Domain Descriptions
An OFDMA symbol is composed of carriers. There are several carrier types:

e data carriers for data transmission,
e pilot carriers for various estimation purposes, and

e null carriers that does no transmission at all. They include guard bands and

the DC carrier.

Guard band, a narrow frequency band between adjacent channels in multiplexing, is
kept unused to prevent the channels from overlapping and causing crosstalk among

modulated signals.

In the OFDMA mode, active carriers are partitioned into groups of contiguous

carriers. Each subchannel picks one carrier from each of these groups. The symbol

14
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\G\lal‘d Band Channel Guard band/

Figure 2.4: OFDMA frequency description (3 channel schematic example) from [7].

is divided into logical subchannels to support multiaccess, and the carriers forming

one subchannel may not be adjacent. The conceipt is illustrated in Fig. 2.4

An OFDMA symbol through inverse-Fourier-transform creats the OFDMA wave-
form. The time duration is known as the useful symbol time 7. A copy of the last
T, of the useful symbol is used as cyclic:ptefix. We insert the cyclic prefix in front of
an OFDMA symbol. This provides  multipath.immunity at the cost of some power

loss and bandwidth efficiency.
2.4.2 OFDMA Symbol'Parameters and Transmitted Signal

The following paragragh is taked from the IEEE 802.16a standard [7].

* Primivie parameters

— BW: This is the actual transmission bandwidth.

F,/BW: This is the ratio of “sampling frequency” to the nominal trans-

mission bandwidth, set to be 8/7.

— T,/Ty: This is the ratio of CP (cyclic prefix) time to “useful” time, where
the following values shall be supported: 1/32, 1/16, 1/8, and 1/4.

— Ngpr: This is the number of points for FF'T implementation, set as 2048.

x Derived patameters

15



Table 2.1: OFDM/OFDMA Channelization Parameters for License-Exempt Bands
[7]

| [ OFDM |OFDMA |

F,/BW 8/7 8/7
BW (MHz) | Nepr 256 2048
Af(kHz) 4447 5ar
Ty (ps) 222 179;
Ty 7 5%
32 10
RETRE: T I
g 2 2z 222
i g
Af(kHz) 89% 1159—Si
Ty 924
20 ﬁ i 53
Tyus) 5 ;
! i 1% 11%
o 23 223

— “Sampling Frequency”: Fy = (£;/BW) =BW.
— “Carrier Spacing”: Af = F,/Nppr

— “Useful Time”: T, = 1/Af

— “Cyclic Prefix Time”: T, = (T,/Ty) - Ty

— “OFDM Symbol Time”: T, = T, + T,

In our OFDMA study, we choose the transmission bandwidth to be 10 MHz.
Then, the “sampling frequency” is 112 MHz and T, (useful time), which is the
inverse of “carrier spacing,” is 179% us. Further, we let % = %, so T, (cyclic prefix)
is 22% ps and Ty (OFDM symbol time) is 201% us. These implementation parameters

are chosen from Table 2.1.

The transmitted signal voltage to the antenna is of the form

16



Table 2.2: OFDMA Uplink Carrier Allocation (from [7])

Parameters Value

Number of DC carriers 1

Number of Guard Carriers, Left 176

Number of Guard Carriers, Right 175

Nysea, Number of Used Carriers 1696

Total Number of Carriers 2048

Nsubchannels 32

Nsubcarriers 53

Number of data carriers per subchannel 48
{3,18,2,8,16,10, 11, 15, 26, 22, 6,

{PermutationBasey } 9,27,20,25,1,29,7,21,5,28, 31,
23,17,4,24,0,13,12,19, 14,30}

Nused/2
o(t) =R QPN D X TR  with 0 <t < T, (2.17)
kz*z\]used/2
k#£0
where X}, is the complex number data transmitted on the carrier whose frequency

offset index is k (it specifies a point in a QAM constellation) and Nyeq is the number

of active carriers, including data carriers and pilot carriers.

2.4.3 OFDMA Carrier Allocation

We obtain the set of “used” carriers Nyseq by subtracting the DC carrier and the
guard tones from Nppp. These “used” carriers are allocated to two sets of pilot
carriers and data carriers for both uplink and downlink. Because this thesis fo-
cuses on the uplink channel estimation, we just give the information of the uplink
carrier allocation. The “used carriers” are first partitioned into Nyypchanners SUbchan-
nels, and then pilots are assigned for each subchannel. To allocate the subchannel,
the “used carriers” are divided into Nyypearrier groups of contiguous carriers. Each

subchannel picks one carrier from each of these groups. Hence each subchannel
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Figure 2.5: Carrier allocations within each OFDMA uplink subchannel [7].

contains Nyypearrier Subcarriers. Sor the total number of “used carriers” is equal to

Nubchannets * Nsupearrier- Picking which one is according to a permutation formula:

Carrier (n7 8) = Nsubchannels n + {ps [n mod (Nsubchannels)]

+ IDcell - ceil [(n + 1)/Nsubchannels]} mod (Ngybchannels) (218)
where

carrier(n, s) = carrier index of carrier n in subchannel s.
s = index number of a subchannel, from the set {0, ..., Noupchannes — 1}-
n = carrier-in-subchannel index form the set {0, ..., Ngpcarriers — 1}-

ps [j] = the series obtained by rotating { PermutationBasep} cyclically to the

left s times.
ceil[-] = function which rounds its argument up to the next integer.

ID..; = a positive integer assigned by the MAC to identify base-station cell.
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X mod k¥ =the remainder to the quotient X/k.

Clearly, through the permutaion formula, subcarriers for a subchannel are not
equally spaced. For each subchannel, there are 48 data carriers, 1 fixed-location
pilot carrier, and 4 variable-location pilot carriers. In order to avoid allocating a
long term fading location to pilot carriers, the variable-location pilots change with
each symbol. And they repeat every 13 OFDM symbols, indexed by L =0,---,12
which shown in Fig. 2.5. For L = 0 the variable location pilots are positioned at
indices 0, 13, 27, and 40. For other L these locations change by adding L to index.
Note that L is not simply incremented with each symbol, but follows the sequence:

0,2,4,6,810,12,1,3,5,7,9, 11.

2.4.4 Pilot Modulation

Pilot carriers shall be inserted into.each data burst se as to assist channel estimation.
Hence, they are modulated depending entheirlocations within the OFDMA symbol.
In order to keep PAPR (peak-to-average power ratio) low, the pilot data use a
sequence, wy, generated by the PRBS generator. The polynomial for the PRBS
generator is X' + X? + 1. The value of wy is the value of the pilot modulation
on the carrier k. For uplink transmission, the initialization vector of the PRBS is:
[10101010101]. The PRBS is initialized so that its first output bit coincides with
the first usable carrier (as defined in Table 2.2). For the PRBS allocation, the DC
carrier and the guard band carriers are not considered as usable carriers. Each pilot
is boosted 2.5 dB over the average power of each data tone in ordinary OFDM

symbol. The pilot carriers are modulated according to

R{c) = g(%—wk), S{e) = 0. (2.19)

The pilots are not be boosted in the preamble in order to prevent high peak power.

That is because the subcarriers in the preamble are all pilots, and there are no data
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carriers. Pilots in the preamble are modulated according to

Ric} = 20;-w), Sfea} = 0 (2.20)

2.5 Challenge of Uplink Channel Estimation

Our goal is to design a channel estimator corresponding to the specifications in
the standard. We have introduced some conventional channel estimation methods.
LMMSE is a well known channel estimator. But it needs the statistics of the chan-
nel. Therefore, the LMMSE estimator works under the quasi-stationay channels.
Intuitively, we expect that the performance is affected by the number of pilot carri-
ers. From a viewpoint in information theory, the more pilot carriers the system has,

the more information is revealed to:'the estimator.

Another approach we consider is the linearinterpolation, which is more sensitive
to the number of pilot carrierss Fewer.pilot carriers results in larger pilot spacings
in frequency domain, which may exceed the coherent bandwidth of the channel.
Hence, the estimated channel may be far from the actual one. Linear interpolation

is a simple way of curve fitting.

Now we consider how many pilot carriers can be supplied for up-link transmis-
sion in the standard. We assume that each subscriber are allotted one subchannel.
However each subchannel has only 53 subcarriers. But unfortunately, there are 48
data carriers which contain unknown data. Only when the data have been detected
can we use the 48 received data to assist in estimating the channel unless some
kind of blind algorithm is used. By having only 5 pilot carriers, we must often be
confronted with the problem of too few pilot carriers to estimate the channel. The

performance may be very poor.

If we only use 5 pilot carriers for interpolation, then on average we can only

estimate the channel whose coherent bandwidth is larger than £, In other words,
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Table 2.3: COST207 6-Ray Models for Macrocellular GSM (Simplified)

Typical Urban ‘ Bad Urban
Delay(us) | Fractional Power | Delay(us) | Fractional Power
0.0 0.189 0.0 0.164
0.2 0.379 0.3 0.293
0.5 0.239 1.0 0.147
1.6 0.095 1.6 0.094
2.3 0.061 5.0 0.185
5.0 0.037 6.6 0.117

the longest delay path of the channel cannot exceed about 0.5 ps according to our

implementation parameters. In fact, the delay spread of the communication channel

in real world is in the range of 5-7 us , which is shown in Table 2.3. Hence, we must

modify the conventional estimator o1 propose a new method.
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Chapter 3

Channel Estimation for IEEE

802.16a OFDMA Uplink
Transmission

In the previous chapter, we havei given a brief introdution to the IEEE 802.16a
standard, especially the uplink channel specifications. And we gave a brief treatment
of the difficulty in uplink channel estimation. In recent years, channel estimation
for OFDM systems has received much attention and is the subject of many research
papers. Many studies on OFDM channel ‘estimation are based on minimum mean
square error criterion. Some optimal MMSE channel estimators have been proposed
and completely derived in [5] and [6]. But there is a common problem among
them. All of them require the second order statistics of the channel. In other
words, we should estimate the statistical characteristic of the channel in advance
or continuously. This leads to a complexity problem in addition to the problem of

time-variation of the channels.

An alternative way is to use linear or higher order interpolation. This is a
quite intuitive method. But linear interpolation works under the condition of strong
correlation between pilots and the estimated subcarrier locations. If the pilot spacing
is too large, then the estimated subcarrier response may be very different from the

true one. In other words, the variation between adjacent pilots cannot be modeled
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well by a straight line or higher order polynomials in this case.

Now we are interested in whether there exists a function which can describe the
variation between any two adjacent pilots. The answer appears to be yes. We know
that the frequency response is transformed from time domain impulse response via
the discrete Fourier transform matrix. A related estimator has been proposed in [§],
which is called transform-domain estimator. Physically, the idea is roughly similar to
upsampling, but is achieved though a different way. Under the assumption of equal
pilot spacing, channel gain at pilot locations can be viewed as the downsampled
version of the frequency response. In upsampling, it adopts a sinc function for
interpolation. However, in tranform-domain processing, it uses IDF'T, whose size is
equal the number of pilot carriers, to transform the downsampled version to time
domain. Then zero samples are padded in the *high frequency” region. Finally, an
Nrgpr-point DFT is performed to convert to the.frequency domain. Then we get the
channel gains at data locations. It deserves to be mentioned that this approach has
no requirement for the statistical properties of the channel compared with MMSE
estimator. In this thesis, we start from this concept to develop a suitable estimator

for the IEEE 802.16a standard.

3.1 Channel Model

First of all, we should construct a suitable channel model close to real world. Assume

that the signal is transmitted over a multipath Rayleigh fading channel characterized
by
L—1
h(r,t) =) hi(t)d(r —7), (3.1)
1=0
where the amplitueds h;(t) are complex valued with Jakes’ power spectrum, 7; is

the time delay of the [th path and L is the number of total paths. In addition, the

paths are independent from each other. In large cell with high base station, the
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multipath channel can be modeled by a few dominant paths, typically 2-6 [9]. For
simplicity, we assume path complex gain h;(t) to be time-invariant over an OFDM

symbol time duration. Then the channel model under block fading is given by

= ihlé(T — Tl). (32)

Then we can get H (e/2"/) by Fourier transform. However, we only concern about the
sampling points of H (¢2"f), which is H (e/>"*27) for k = —Nppr/2+1,--+ , Nprr/2,
where A f represents carrier spacing which is equal the inverse of useful symbol time
T,. Then the system can be transformed to discrete time model. The discrete time

channel will be

1 Nrppr/2 ok
. . TEM
h:n — H(eJQWkAf) ]7NFFT
NFFT
k__NFFT/2+1
1 NFFT/2 T, L=1 -
> TR
= W / E hd(T= 1) - e I2*AIT dr . ! Nepr
FFT

k=— NFFT/2+1
Now we interchange the order ofsthe two summation operators to obtain

Nppr/2

. 2nkm
h’lm — E h'l . E 6*]27TkAle . ]NFFT

NFFT k=—Nprpr/2+1
1 Lot efj27r(AfTrN;}T)(—“%+1) _ e_j%(Af”_NﬂT)(W%H)
- Nppr ; - 1— e—j27r(AfT,_N£1FT)
1 — eij27r(AleiN;;T) €7j27r(AleiN1:;‘T)(iw%) — eij27r(Ale*NFT'r;rT)(NF%)
- Nrrpr ; u o MO ) . PO ) _ i A )
N . hy e tTAITTNErn) 2sin(m(AfnNppr —m)

2sin(m(Afn —

Nerr)

If 7; is a multiple of sampling time 7", then all the energy from the /th path concenrate
to h’:TL. If not, then the leakage energy to other taps follows the above equation.
This phenomenon can be explained from the view point of sampling theorem. A
continuous-time signal can be completely represented by its equal-spaced samples

under a certain condition. The condtion is that this signal is bandlimited and its
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maximum bandwidth is less than one-half the Nyquist rate % where T is sampling
time. So we need to limit the maximum bandwidth by an ideal lowpass filter. Hence,
this leads to a sinc function to convolve with the original signal. If 7; is a multiple

of sampling time, then we sample nothing except the point 7; after convolution. If

not, than we will have nonzero values at other sampling locations.

Hence for the case of sample spaced delays, i.e., {r;} are all multiples of 7', the
delay spread is determined by the longest delay among {7;}. On the other hand, for
non-sample spaced delays, the multipaths are dispersed in the discrete time model.

We call this phenomenon “channel spreading.”

3.2 The Issue of Transform-Domain Processing

The transform-domain processing propesed in [8] is applicable to either fast- or
slowly-fading wireless channels because it inserts pilot carriers into each OFDM
symbol to deal with the time-variant channel: " And no knowledge of the statistics of

the channel is needed.

Nevertheless, the same problem as mentioned in section 2.5 also appears, which
is the problem of too few pilots. In sampling theorem, the sampling rate must be
larger than the bandwidth of the signal for reconstructing the original signal. If not,
an aliasing will occur and distort the value on non-pilot locations. Note that the
sampling operation is performed in the frequency domain. So the bandwidth actually
means the delay spread of the channel in our problem. For perfectly reconstructing
the frequency response, the number of pilot carriers M, i.e., sampling rate, must be
larger than the longest delay tap based on transform-domain processing. The result
above is suitable for sample spaced delays. Moreover, the situation will be more
serious for non-sample spaced delays. Even though there may only be a few paths

and the longest delay time is less than M - T, transform domain estimator still does
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not work for the sake of channel spreading as discussed in the previous section.

In the IEEE 802.16a OFDMA uplink, there are only 5 pilot carriers within a
subchannel to estimate the communication channel. And we are not sure whether
the actual delay time is a multiple of sampling time or not. Even if the anwser is
yes, the channel which can be estimated has a restriction on the delay spread as
being less than 57". The value is 0.5 us according to our implementation parameters
shown in Table 2.1. Physically, the delay spread in wireless environment is in the

range of 5-7 us, as shown in Table 2.3.

To start, assume that we know the delay time in advance. Under this assumption,
as long as the delay spread does not exceed the guard time Tj, the channel can be
estimated. Even if 7; is not a multiple of sampling time, it does not matter. Hence,

the channel gain Hj, on pilot carrier k; can be shown as

L—-1 - 2mkiT)
Hk'i = Zhl'e_] . s fOI‘i:O,la"':M_la (33)
=0

where k; € {pilot carrier set} and h; is complex'gain of the Ith path. We assume
that {7;} are known by the receiver. Then the equation above can be viewed as a

system of linear equations. Rewriting the form in matrix notation, we get
H,=F,h (3.4)

where H,, is an M x 1 column vector and F, is an M x L transform matrix with

i1 _j27rki'rl
Ff=e” T .

Up to now, the original problem have been split into two parts. One is how to
accurately estimate fading channel with the multipath time delays information. The
other is how to efficiently track the multipath time delays. Hence, we separately
introduce the two parts.We note that this concept is derived from [9]. It estimates
the time delays and complex gains of the paths, separately. This estimator assumes

that the time delays are slowly time-varying compared with the amplitude and
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relative phase of each path. It proposes an interpath interference cancellation delay
locked loop to track the channel multipath time delay. Then it adopts MMSE

estimator, modified from [5], to estimate the wireless communication channel.

3.3 Multi-Stage Channel Estimator
with the Multipath Time Delays Information

In (3.4), we have M equations in L unknown variables. If the number of equations
M is less than the number of unknown variabes L then the solution is not unique.
Hence, if we attempt to estimate channel successfully, then the number of paths L
should be less than the number of pilots M. Consequently, under the condition of
M > L, we can get the exact solution by solying the system of linear equations (3.4).
Unfortunately, we cannot get exact channel.gain H,,. We just have the received pilot

signal, Y, with unkown complexzero-mean‘Gussian noise:

Y, = X,H,+N,

P

=X, F,h+ N,

where X, is a diagonal matrix containing the known data on pilot carriers. Removing

the pilot modulation on the received symbol, we get the estimate ﬁp as

H, = XY,

= F,h+ X, 'N,.

Due to noise perturbation, the vector ﬁp is not in the image of F,,. However, We
still try to find a vector flls such that prlls is as close as possible to ﬁp. That is, we
try to minimize the error ||ﬁp —Fpﬂls ||2. We use “Is” as shorthand for “least squares
solution” which reflects the fact that we are minimizing the sum of the squares of

the components of the error:
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Figure 3.1: Block diagram of the proposed estimator.

§ = ”Hp - th18||2 = (Hp - thIS)H(Hp - F:ohIS)
= H'H, - h/FIH, - H'F,h;, + h’FIF b,
Minimizing £ to find flls, we take the partial derivative as
Vi = 28 F,h,,<2F H, = 0.
Then we get
h; = (FLF,) ' FIH,. (3.5)

Note that the vector Fpﬁls is the projection:of ﬁp to the image of F,. And the
vector (ﬁp — Fpﬂls) is perpendicular to the image of Fp,. In addtion, with more
pilots, then we can get more accurate estimate flls for real complex gain h. That is
because the noise terms have been averaged among those equations. However, the
number of pilot carriers is about the number of paths in our case. As expected, the
performace is not good, if we only use the least square approximation. Hence, we
will introduce more methods to improve the performance in following subsections.

The block diagram of the proposed estimator is shown in Fig. 3.1.

3.3.1 Optimally Combining Decision-Directed and
Least Squares Channel Estimators

We want to improve the performance of least square estimator. Note that the

complex gain of each path is a continuous function of time in real world. There
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is no abrupt change in the channel response during a short duration. That is the
channel at the moment is similar to that at next time. We can use the correlation
of the channel between adjacent symbols to enhance the accuracy of the channel
estimate. Hence, we adopt decision-directed estimator to bring the information
of previous channel, and combine least square channel estimator to extract more

information. Firstly, we have, at time n,

I/:Ils = Fflls
= F(FIF,)"'FIH,
= F(FIF,)"'FI(F,h + X;'N,)

= Fh+F(F)F,)'F;/X 'N,

= Fh 4N
' _ ,27rk:i'rz‘
where F is a K x L transform ‘matrix with % =¢ '~ T and

N =E(FAF,) " FI XN,

If Xy, is transmitted data on carrier k; and the receiver decision for Xy, is X k;, then

the decision-directed channel gain estimate is

AXy Hy, N,
#'{‘AHI@"{'A&’ fOI‘?;ZO,l,"',K_]- (36)

ﬁd ki = Hk+
f, 3, 3,

1

where k; € {subcarrier set within a subchannel} and AXj, = Xy, — X}, is the decision
error with decision error probability symbol error rate and AHjy, is a difference by
the time for the sake of channel variation. Eq.(3.6) has been modified from [10]
by adding the term of AHj, in order to be applicable to time-variant channels.
The term AHj, becomes more significant in high SNR. Under the assumption of
slowly-time variant channel, we use linear combination between two estimators so
as to suppress the noise term, where the decision feedback estimator brings in the

channel information at the previous symbol:
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Figure 3.2: Linear combining in frequency domain.

Hy,(n) = a, Hyg g (n) + Bi Hap (0 — 1). (3.7)

For convenience, we drop the subscript k; and time index n in the following writing.
We want to find the optimal weights to approach the actual channel gain. We adopt
minimum mean square error approach to minimize E[|H — H|?]. Taking derivatives

with respect to o and § and setting the results'to zero, we get

OF|(H — H)(H = H)']

= BQ2(H - H)H;) =0,

oo
OE[(H — H)(H=H)] 4 S _
95 = E[2(H- H)Hy] =0.

The exact solutions of o and [ are complicated. For symplicity, we assume that

a+ B ~ 1. Then we get

B[N

al = 1+

E[AXAX*|E[HH*E [+4=] +

E[AHAH*|+ E[NN|E |
E [NN*} (E[AXAX*|E[HHY E [

[%

E|

XX*]

—=| + sE[AHAH*| + E[NN*|E [=])
| + EIAHAH*) + E[NN*E [+&=])

E[HH*) (E[AXAX*|E[HH* E

X X*

B E[AXAX*|E[HH'|E [t%] + E[JAHAH*] + E[NN*]E [4+]
Bl o= 14
B [NN*}
N E[AXAX*|E[HH*|E [XX*l]g[Hl;igAHAH |+ E[NN*]E [XX*} ‘ (3.8)

Note that the second right-hand term in each equation is the ratio of interference
part, and the third term is the ratio of each interference part to the squared norm

of the channel gain.
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Suppose that decision errors take place mostly between adjacent constellation
points which have the minimum distance d, then we can approximate F [AX AX*] ~
d?SER. Assuming equal probability on all constellation points, we can compute the

term E [=]. Furthermore, E[HH*] can be written in terms of h as

XX*

E[Hle,;] = .,jhj

Because {h;} are mutually independent, we can simplify the above equation as
E[HyHy) Z |1F||* B [hih]

27k T .
Additionally, F*J is in the form of e 7 T g Hence, the norm of F*7 is 1 for all i, j.

Thus
E[H,Hy] = Eij[hjh;], i=0,--- K—1. 39)

Hence we can estimate E[Hy, Hy | by averaging the received power.

Similarly, E]/AHAH*] can be rewritten as

E[AH AH}) = E[||Hy,(n) — Hy(n = 1)|’]

- ZHF’”H E[(hj(n) — hj(n — 1)) (h;(n) — hy(n — 1))7]

2

i ( hj(n — 1))

= ZE hj(n = 1))(h;(n) = hj(n —1))]

where {h;} is modeled as Rayleigh distribution with Jakes’ power spectrum and n

is the time index. To further simplify the above equation, note that
E[(hj(n) = hj(n = 1))(hj(n) — hj(n —1))*] = 2E[h;h7](1 — Jo(2m fI5)).
Then we get

E[AHLAH] = 201 — Jo(2nf4Ty)) (Z E[hjh;f]> . i=0,---,K —13.10)

J
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Moreover, assume the noise term E[NN*| is known or has been estimated. Then

we can rewrite F [NN*} in terms of E[NN*| as

- s S
* _ 2,7 PJ " "p,j
B[N = X0 E[XTX;J

~ oS
|
- o

_ Q¥E [N,;N:,| E [ﬁ] i=0,---,K—1,(3.11)
0 > 4y

<
Il

where Q = F(Fpr)_lFf and Q% is an element in Q. Finally, substituting in the
known values, we can find the best weight o and f.

Note that we should find oy, and S, for each subcarrier £; within the subchannel.
We can consider to take average in each path instead of each subcarrier, because the

number of paths is smaller than the number of subcarriers within the subchannel.

Then we rewrite (3.6) and transformsit't6'time domain as

hy = (F'E) 'F”H

= (F'E)'Ef(H+ Ay + AxH+X'N)

= h+ Ay 4+ (F"F)'F¥(AxH + X7 'N) (3.12)
where Ay, = [Ahg, -, AhL,l]T and Ax is a diagonal matrix containing the element
AT)?. For a path, we have

husy = by + 01, hapy = hi+ Ahy + € + &, (3.13)
where

&, is the Ith element in (F)'F,) 'FJX N,
¢ is the Ith element in (FZF) 'F7 AxH, and
g, is the Ith element in (F¥F)'F#X~'N.

Applying linear combination in each path, we obtain a refined estimate as

hy = al,};ls,l + 5l}\ldf,l- (3.14)
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Figure 3.3: Combined decision-directed and least square channel estimator.

Following the same procedure as above, we can get the expressions for o and f;

similar to (3.8) as

. E[667]
= 'V ERe| £ Blee] FE[ARAI
E[06°1(E [ee] + E [ec*],+ L E[ARAR])
E[bh*| (Eleel=F [¢6*] + E[ARAR])
. E [e€*]+ E [ec*] + E[ARAR*]
o= 1+ E o]

N (E[ee'] + E [ee*] + LE[ARARY))

E[hh*] '

(3.15)

The block diagram is shown in Fig. 3.3.

3.3.2 Least Mean Square Adaptation

There is a little improvement of performance by combining decision-directed and
least square channel estimator. But it is not enough. The compound estimator still
needs high SNR to achieve sufficiently low symbol error rate. We need much more
improvement in practice. Hence, we take more adjacent symbols into account in
hope for more improvement. We expect there exists a perfect system whose input
and output are respectively the result of (3.14), TLZ(n), and the complex gain of /th

path, h;(n). For simplicity, we assume the system is a finite impulse response filter.
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Figure 3.4: The structure of a P-tap transversal adaptive filter.

The block diagram of the system is illustrated in Fig. 3.4. Then we need to get
the parameters of the system, i.e., the _value ofthe weights. Since the channel is
time-variant, the weights are not.fixed. Adaptive filters, by their very nature, are
self-designing systems which can adjust themselves to different environments. Hence
we adopt P-tap transversal adaptive filter. Each path 7Ll(n) has its own adaptive
filter. Since the concept is the same, we just pick one to explain without suffix [.

Then we can express the above system as

Tums(n) = iwi(n)*ﬁ(n—i) (3.16)

where w;(n) is the ith tap weight at time n and Tzlms (n) is the output which is the

esimate of h(n). In matrix notation, we have
Bims(n) = w(n)"h(n)

where the tap-weight vector w(n) = [wf(n) wi(n) --- wp_;(n)]" and the filter input

vector h(n) = [h(n) A(n —1) --- h(n— P +1)]".

In order to minimize the estimation error e(n) = h(n) — Thtrms (n), the tap weights
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w;(n) should be carefully chosen at each time. The mean-square error is given by

¢ = Ele)?] = E [Ih(n) = Funs(n) 2]

- E Hh(n)— Igwi(n)*h(n—i)

] | 17)

Under the assumption of the performance surface is convex, then the minimum point
exists. Hence we can use iterative method to search for its minimum point to find
the optimal tap weights. Firstly, we guess a likely point on the performance surface
and take a small step in the direction in which the cost function decreases fastest.
Since the exact £ is hard to get, then it is simply replaced by its instantaneous coarse
17

estimate ||e(n)||*. Hence the update equation in LMS algorithm is shown as below

w(n + 1) = win)+ 2pe*(n)h(n). (3.18)

where p is the step size. The update approach.is known as the method of steepest
descent. There exists another-update meéthod, such as Newton’ method. We can
say that the weight update equation-is the core in LMS algorithm. When update

method is decided, the state of convergence have been roughly determined.

Furthermore, the step size u also affect the speed of convergence. With larger
step size, the w converges quickly. But if a wrong step size is picked, it may be lead
to unstable. For the stability of the LMS algorithm, the following inequality must

be held.

1
3tr[R] - /J’maa:

1

where R = F [fl(n)ﬂH (n)} . The term of tr[R] can be further simplified as

!

a[R] = Y E[h(n —i)h(n —i)]

= > EIrmI]

N

(=]

= P-E[Ihm)).
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Then we can get the range of u for stability

1
HS 3PE(RmE

(3.19)

Since the mobile communication system operates under time-variant channel,
the optimal weights are also time-variant. If too small step size is selected, then
it is impossible to approach the optimal weights successfully. Hence, we consider a

larger step size.

There is another question for implementation. That is how many taps we choose
to design the adaptive filter. In general, the more taps we use, the better perfor-
mance we achieve. But the enhancement margin of performance will decrease as
the more taps we use. In other words, those symbols too far back have no use in
estimating the complex gain h(n): We only need to adequate number of taps, then
the computation complexity can be reduced. Hence we should take the coherent
time into account. The channel approximately rémains the same during the co-
herent time. Furthermore, the coherent time 7%"is related to the Duppler shift f,

approximately as

T, =~ l: ¢
fd Ufc

where c¢ is velocity of light, v is vehicle velocity, and f, is carrier frequency. We
cannot find the adequate number P only from the coherent time 7,.. A more useful
factor is the ratio of coherent time 7, to symbol duration 7. The adequate number

should be around the ratio.

It may be argued that we do not know the desired output A(n). Then how do
we compute the error term e(n) to update the weights? A technique to overcome
this problem is to use the decision directed estimate ﬁdf(n) from (3.12) in replace
of h(n). We have discussed in detail about decision-directed approach in subsection

2.3.3. The decision directed estimate ?Ldf (n) is not always correct depending on on
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the correctness of the detected data. If the communication environment is very
bad, then the error probability of the detected data is high. Using wrong decision
data to estimate the channel response can lead to more errors. Now, we replace the
actual complex gain h(n) with Tzdf(n), the same problem occurs again. However, we
can combine the decision-directed approach and least square channel estimators to
control the noise effect. Then by using an adaptive filter in the following, the noise
power will reach an acceptable level. And the error of decision-directed approach

can be decreased to some degree.

3.4 Simulation Results

The simulation parameters are set up aceording to the IEEE 802.16a standard. The
details can be found in subsection:2.4.2. /Fhe OFDMA physical layer defines Ngpr to
be equal to 2048. Usable carriers are divided into subchannels, and each subchannel
has 53 subcarriers including 5 pilots-and-48-data carriers. The system occupies a
transmission bandwidth of 10 MHz and the sampling time 7 is % us. The length of
cyclic prefix T} is equal to 2567. Hence the duration of an OFDM symbol is 201% J4S-
The channel model is Rayleigh fading and each path is complex valued with Jakes’
spectrum and simulated by a sum-of-sinusoids statistical model [13]. We choose a
low vehicle speed V' = 26 km/h, corresponding to f;7 ~ 0.01 under the condition of
carrier frequency of 2 GHz. The power level and delay of each path are specified in
Table 3.1. And each path gain roughly follows the exponential power delay profile.
In order to focus on evaluating the performance of the proposed estimator, encoding
and interleaving have been omitted in the simulation. In addition, we assume perfect
synchronization at the receiver. The adopted constellation is 16QQAM which includes
both amplitude and phase modulations in order to evaluate our proposed estimator
in all its aspects. Note that we just simulate a subchannel used by a subscriber so

that there is no interference from other subchannels.
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Table 3.1: Characteristics of Simulation Channel A

| Tap | Time delay (ps) | Time delay (T) | Average Power (dB) |

1 0 0 0

2 0.175 2 -7.2
3 0.35 4 -14.4
4 0.525 6 -21.6
) 0.875 10 -36

3.4.1 Comparison Between the Proposed and the Least Squares
Channel Estimators

The mean square error of channel estimation and the uncoded-16QQAM symbol error
rate are presented in Figs. 3.5 and 3.6, respectively. The estimation error is given by
the difference between the estimatesvalue and: actual channel response. The simu-
lation assumes that the multipath time delays.are’known. Note that the horizontal
variable used in the figures are-the average symbol power to noise power ratio which
is 6 dB above E,/N, under the same: condition. -Compared with the least square
estimator, the mean square error in Fig::3:5 has a great improvement by selecting
the proposed estimator. Then there is also an performance enhancement of 7-8
dB in Fig. 3.6. We also plot the curve with complete knowledge of channel gains.
That shows the limit which the best channel estimation can achieve. The simulation
shows that the performance of the proposed estimator is close to that of the perfect

channel estimation.

In the least squares channel estimator, there are only five pilots to estimate the
five paths. There is no other information used in this method. And the noise terms in
pilot locations will be distributed to the data locations though transform process. In
addition, the transform process also enhances the noise power level in data locations
than that in pilot locations and brings about channel estimation error. Hence the

accuracy of channel estimation in data locations will be degraded.
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On the other hand, the proposed estimator uses the previous symbols to assist in
channel estimation. Since the channel impulse responses continuously vary, we can
collect the information of the previous symbols to smooth the estimate of impulse
response derived form least squares estimator. At the same time, the noise term is
averaged in the smoothing process. Hence the proposed estimator effectively reduces
the noise power, and then enhances the accurancy of estimated channel. However
the smoothing in frequency domain is not taken into account, because the average
carrier spacing within a subchannel, about 200 kHz, is close to the potential coherent
bandwidth, about 166 kHz according to delay spread 6-7 us. Hence the complex
gains of adjacent subcarriers are not similar, and we cannot take average among

them to reduce noise power.

In addition, we try to find thesquantitative relation between mean square error
of channel estimation and the symbol error rate. In fact, the mean square error of
channel estimation is an average value-among overall used subcarriers. Hence, we
cannot substitute an average value in Q-function'to obtain the theoretical symbol

error rate.

The proposed estimator is composed of multi-stages shown in Fig. 3.7. Each stage
can be viewed as an independent channel estimator. Then each channel estimator
is concatenated together to become a large one. And the performance is improved
stage by stage. In order to investigate the performance enhancement of each stage,
the simulation is performed by adding each stage step by step. There are four
choices of channel impulse response estimates labelled in Fig. 3.7. Then the impulse
response is transformed into the frequency response for the sake of demodulation.
The performance is shown in Figs. 3.8 and 3.9. One shows mean square error of

channel estimation, and the other shows uncoded-16QAM symbol error rate.

The performance of the estimate h(n) is much better than that of Tuss (n) in low

SNR. However the improvement in high SNR is not obvious, which is the effect of
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Figure 3.7: Block diagram of the proposed estimator.

Ah(n) shown in (3.13) masks the benefit of the linear combination between Ay, (n)
and Tadf (n —1). Then the LMS adaptive filter is adopted to trace the time variant
channel. It brings the great performance improvement, especially in high SNR.
We conjecture that the LMS adaptive filter is the key which quite substantially
improves the performance. The déecision-directed estimator is used as the final stage.
It can further reduce the noise:power and achieve more accurate channel estimate.
Now we do not have to worry- about’the_effect of error propagation in decision-
directed estimator. After the three previous stages, the noise power has been greatly

suppressed. Hence, ﬁdf(n) has a little more improvement than the estimate Tzlms(n).

In order to investigate the reliability of the proposed estimator, several kinds of

channels are simulated. Two more channels are shown in Tables 3.2 and 3.3.

In Table 3.2, the mutipath time delays {7;} are at non-sample spaced positions
and the longest delay is about 5 us. The other features of channel B are the same as
that of channel A. The simulation results are shown in Figs. 3.10 and 3.11. The two
curves for channel A and channel B are almost overlapping in MSE of the estimated
channel response and in SER performance. That means that the proposed estimator
is insensitive to the values of time delays under the assumption that time delays are
known. And the proposed estimator is not restricted by whether the time delays

{m} are sample spaced or non-sample spaced.
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Table 3.2: Characteristics of Simulation Channel B
| Tap | Time delay (pus) | Time delay (T) | Average Power (dB) |

1 0 0 0
2 0.218 75 2.5 -7.2
3 0.367 5 4.2 -14.4
4 1.4 16 -21.6
) 5.075 o8 -36

Table 3.3: Characteristics of Simulation Channel C

| Tap | Time delay (ps) | Time delay (T) | Average Power (dB) |

1 0 0 -3.23
2 0.175 2 -2.27
3 0.35 4 -7.49
4 0.525 6 -8.46
) 0.875 10 -10.22

In addition, we also test the proposed: estimator under different multipath in-
tensity profiles. Note that the multipath intensity profile of of channel C' has linear
decay instead of exponential decay. “‘The simulation results are also almost the same
as channel A shown in Figs. 3.10 and‘3.11. . That implies the proposed estimator is

robust against various power profiles.

3.4.2 Evaluation of the Proposed Estimator under Different
Doppler Spreads

In order to verify the performance in various speed conditions, we take different
Doppler spreads into account. Simulations are carried out under the same condition
except the vehicle speed. Figs. 3.12 and 3.13 show mean square error and symbol
error rate respectively. Obviously, we can see that the performance degrades either in
symbol error rate or in mean square error, when the Doppler spread increases. That
is because the the proposed estimator uses previous estimates in estimation of later

channels. And the high vehicle velocity brings about a fast time-variant channel.

43



-1
10 T T T ]
—— channel A |
—=- channel B |]

-4~ channel C |4

10 e

S
@
<4
S 10
2]
c
I+
i}
=
10° ! - d F I !
10 15 20 25 ; 30 35 40

ESINo(dB)

Figure 3.10: Channel estimation MSE ‘indér various channel conditions.

0

10"
F —¥— channel A
-8~ channel B |:
-~ channel C
10’1:_ e
Q
I
S
T 10°F
° [
Qo
€
>
%)
10°k
10 I ] I 1 I ]
10 15 20 25 30 35 40
Es/No (dB)

Figure 3.11: Uncoded-16QQAM SER performance under various channel conditions.

44



Then the correlation of the channel between adjacent OFDM symbols decays soon,
and the useful information among previous OFDM symbols consequentially reduces.
Hence, the symbol error rate and mean square error are worse higher speeds. In other
words, the adaptive filter adopted in the proposed estimator is a kind of smoothing
process among the estimates along the time axis. Its aim is to average the noise
and reduce estimation error. But if the channel varies quickly, then it will induce

interference due to channel variation.

We also find that the mean square errors at different speeds merge to one point
at high SNR but the symbol error rates do not. This implies that the estimation
error cannot be viewed as AWGN noise. It is time-dependent random variable. If
the estimation error is large in nth OFDM symbol, then it is probably large at next
OFDM symbol, too. This phenomenon is shown in Fig. 3.14. We conjecture that
different speeds lead to different time dependent conditions. Hence, even with the

same SNR and mean square error, the symbol error rates are still different.

3.4.3 Analysis of Intercarrier Interference

Up to now, the simulation is performed under the assumption that the channel is
block fading. That is the channel is stationary during an OFDM symbol period.
Then the effect of the intercarrier interference (ICI) does not appear in the results
of the simulations. Hence, we release the restriction and make the channel vary at
each sample in order to observe the effect of the intercarrier interference. The nth
sample of the received signal r, is then given by

Nppr—1

rm = (sxh),= Z Skhnn—k

k=0
where h,,;, is the time-variant channel impulse response at sample n and s is the

kth sample of transmitted signal.

Due to the Doppler spread effect, the power of transmitted data on subcarrier k
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Figure 3.14: Time dependengy of channel estimation error.

will be leaked to adjacent subcarrier. . A-quantitative analysis of the ICI component

on each subcarrier can be found‘in {14]. The index of signal-to-interference ratio

(SIR) which is used to represents the effect of intercarrier interference is given by

SIR =

By x E(|[IC1(k, k)|I*]

Nppr—1
E, Y. E[|ICI(k,n)|?]
nZh
Nppr—1
Y. (Nerr—|pl) x Jo(27 fa x pT)
p=1-Nppr (320)

Nppr—1 Nppr—1

> > (Nerr = [pl) x Jo(2m fq x pT)ej(zﬂ/NFFT)(n*k)Xp
n=0 p=1—Nppr

n#k

where E, is the average transitted symbols power and E, x E [||[ICI(k,n)||?] is the

power of transmitted data on subcarrier £ leaked to subcarrier n, Jy is the zeroth

order Bessel function of the first kind, and f; is the maximum Doppler frequency

shift.

We use the same 16QQAM OFDM system and channel environments as before.
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Substituting the system parameters into (3.20), we obtain the theoretical curve of

the signal-to-interference ratio (SIR) vs. f;T; illustrated in Fig. 3.15.

We also simulate the actual ICI effect for 802.16a uplink channel estimation.
The results are depicted in Fig. 3.16. In the case of f;7s = 0.01, the two curves of
block fading and non-block fading are almost overlapping. That means the effect of
the ICI is not serious in small Doppler spread. That is corresponding to the result
in Fig. 3.15. In the case of f;7; = 0.01, the SIR, which is about 38 dB, is very small

compared with noise power.

However, when f;7; = 0.1, the SIR is about 18 dB in Fig. 3.15. Then we may
predict there is an error floor at about SNR = 18 dB. But in fact, in Fig. 3.16 there
is only an unobvious flattening. This means the effect of the ICI is not serious. It
only causes a little degradation in performance: We try to analyze the cause of the
phenomenon and find out that-the average spacing-of the adjacent subcarriers in a
single subchannel is about 32 X A fi. _However, the ' main leaked power just leak to
limited range about a few Af. Henee, the adjacent carrier is too far to be affected.

That is why the effect of ICI is not severe in Fig. 3.16.
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Chapter 4

Tracking of Multipath Time
Delays

4.1 Tracking of Multipath Time Delays

The proposed estimator above ,is basedyonsthe assumption that the delay times
have been known in advance.:=In section 3.2, we have mentioned the reason. In
order to loosen the restriction, we try-to-find-a way to detect the multipath time
delays. However, it is impossible’for.us to estimate time delays in real time just
by using a few pilots. Hence, we modify our goal to track time delays. Suppose
we have detected the initial multipath time delays in the beginning of transmission.
Therefore we only adjust the time delays of the paths for the following OFDM
symbol. Assume that the multipath time delays are slowly time-varying compared
with the complex gain of each path. Then we can use the estimate of {Hy,(n)} to

adjust delay {7;(n — 1)} to {7i(n)}.

And in order to avoid the effect of previous time delay, Now we just use those

channel gain estimate to adjust the time delay 7;(n).

The actual channel gain Hy,(n) on pilot carrier k; at time n have ever been shown

in (3.3) as
L-1 27k, (n)
Hy(n) = Y mn)-e’7 % , fori=0,1,---,M—1.



Then we get the decision-directed estimate I:Tdf,ki (n) as
Hayy,(n) = Hy,(n) + Nis(n)

where N, is channel gain estimation error. We refer to the concept of interpath
interference cancellation proposed by [9]. Just taking a designated path into account

and cancelling the effects of the other paths from the estimate I:Tdf,ki, we get

A(l) ~ Lil/\ _ - 27k;Tm(n—1)
Hp'(n) = Hygpg,(n)— ) hm(n)-e T
el

where H ,gi) is the frequency response of the [th path, and 7,,,(n — 1) is the estimated

multipath time delay for the m path. Consequently, H ,gf) (n) can be expressed as

=i 2wk (n)

) = n@)er?sn + Ny (n)

where Ny, (n) is the sum of the unremiovabletingerference from other paths and
channel estimation error Ny, (n). If the magnitude of h;(n) is much larger than that

of Nj,(n), then the phase of H ,Ef) (n).is similar te that of H ,gf) (n) where

2mk;Ti(n)

HY(n) = hn)-e” "7

Therefore, the time delay of the [th path can be extracted from the phase of H ,Ei) (n)

as

Or,(n) = arg (f[éi)(n))

= arg () - 2

+ bk, (n)
where ¢, (n) is phase noise at subcarrier k; caused by the unremovable interference
from other paths and channel estimation error Ny, (n). Accordingly, the estimate

of time delay 7;(n) can be obtained though 6, (n). There exists a straight line

approximation of the phases 6y, (n) and it is reasonably accurate:



For the sake of phase noise, the line may not go through all the estimated points
(ki, Ok;(n)). According to [12], the chi-square merit function can be used to measure

how well the linear model agrees with the observations as

ol (9k¢(n) + 2heg b) ’

X2 (a, b) =

where o; is the uncertainty of each observation 6y, (n) associated with the interference
term Nj,(n). And the merit x2(a,b) is minimized to determine a and b. Because
the merit is a quadratic equation, it has a convex surface. Hence global minimum
point can be found by taking partial derivatives of x?(a,b) with respect to a and b

as

Ox2(a, b) A M—1k. (0,%(71)-1-2;—;”&—6) 0

da b S 0;
Ox2(a,b) _ 3 M—1 . (n) -+ 2;—:”@ —b _0
ob £ o2 '

In fact, the uncertainty o; of @, (n) is hard to analyze. For simplicity, we assume

o; is equal to 1 for all 7. For convenience; define

M-1 M—1
W= Y ki Yo = Y Ok,
i=0 i=0
M—1 M—1
Yoo =y k2, Yho = D kibg,-
Then we can get
2 okt + b
= —— Y0
ko T, Vkk Y0,
27
= —— Mb.
Yo T, Yra +

Solving the system of equations, we get

g = o= Mk
2 ’
T:A

b — YekYo — Ve VKo
A )
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where
A = My — 7

According to [12], the formulas above are susceptible to roundoff error. Hence, an

alternative is as follows.

Define

M
M-1
T = Ai
i=0
Then, by direct substitution,
| M
a = 17 /\,0,%,
p 70"1"%1_:’7’1:04.
M

In fact, the parameter a is the estimate of time delay 7,(n) as

fin) = TR PPN (4.1)

The estimate 9;(n) of the phase of iy(n) is also obtained. as the parameter b:

~ e + QT—:’Yka

i(n) = b i (4.2)

The concept of time delay tracking is very simple. It can be interpreted as the
first order tracking method, because 7;(n — 1) is used in this algorithm. However,
there still exists a problem in implementation. Actually, arg (ﬁ ,g? (n)) is not unique.

The probable solutions 6y, (n) are
Ok, (n, m) = By, (n) + 27m

where 5’% (n) is the principal value of arg (flg)(n)), -1 < 5,%(71) < m, and m

is any integer. Then picking which one is a problem. Fortunately, we can refer
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Figure 4.2: Block diagram of multipath time delay tracking.

to the previous value T;(n — 1), because we have assumed the delay time varies
slowly. Then we can predict that the probable value of 6, (n) is that closest to
(%Z_l) + arg(?zl(n))). Note that the method have a restriction. That is the power
of the /th path must be larger than the power of the unremovable interference from
other paths and the channel estimation error, or the phase of H ,5? (n) is distorted
too seriously to be identified. A block diagram illustrates the operation of delay
time tracking shown in Fig. 4.2. In this thesis, we adopt the first order time delay

tracking method. Maybe we will take the second order tracking method into account

in the future.
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4.2 Simulations for Multipath Time Delays Track-
ing

We assume the initial acquisition of multipath time delays have been done. The
simulation only shows the performance of the proposed tracking method. We refer
to a channel model in 3GPP, where the [th path delay follows the following time-

variation [15]:
T = q + Ky cos(\t)

where ¢ is the center location of the Ith path, x; is the maximum distance away
from the center, and ); is the coefficient at time ¢ relative to the rate of path delay
variation. In general, the multipath time delays are slowly time varying compared
with the complex gain of the path'in mobile communications. Hence ); is chosen as

a small value.

In order to investigate intothe reliability-of the multipath time delay tracking
algorithm, the simulations are operated undeér*two different environments. The
channel characteristics are shown in Tables 4.1 and 4.2, respectively. The only
difference between the two channels is the multipath intensity profiles. In Table 4.1,
the multipath intensity profile is assumed to decay linearly. On the other hand, the
multipath intensity profile in Table 4.1 has exponential decay. The result of the
simulation for channel A is presented in Fig. 4.3, while that for channel B in Fig.

4.4.

We can find that the algorithm operates well at those paths with higher power
levels. That is because the power of the noise and the other unremovable paths
cover those paths with low power level. In channel A, the power distribution is more
uniform than that in channel B. Hence, the algorithm operates well for channel A.
For the case of channel B, the power is mainly concentrated in the few initial paths.

Then the time delays of the initial paths are well located, but the others are not.

95



Table 4.1: Characteristics of Simulation Channel A

| Tap | < (us) | K | A | Fractional Power |
1 0 0.5 0.01 0.4
2 0.2 0.5 0.01 0.25
3 0.5 1 0.01 0.15
4 1.6 1 0.02 0.12
5 2.3 1 0.02 0.08

Table 4.2: Characteristics of Simulation Channel B

| Tap | < (ps) | K | A | Fractional Power |
1 0 0.5 0.01 0.5
2 0.2 0.5 0.01 0.32
3 0.5 1 0.01 0.16
4 1.6 1 0.02 0.012
) 2.3 1 0.02 0.008

However we may not care about the paths with too low power levels. It can be

viewed as noise term and has no significant-effect on the channel estimation.
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Figure 4.3: Standard deviation'of time delay tracking error for channel A.
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Figure 4.4: Standard deviation of time delay tracking error for channel B.
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Chapter 5

Conclusion

We wanted to find a suitable channel estimation method for the IEEE 802.16a. There
exists a main problem of too few pilots in uplink channel estimation. That is the
major reason which makes the transform-domain estimator useless [8]. Even though
the transform-domain estimator has thelinformation of multipath time delays, it

also does not operate well due:to the noise effect.

In this thesis, a suitable channelestimator for the IEEE 802.16a was proposed.
It adopted a multistage architecture.in order to reduce the noise power step by
step. The main concept was to use the time correlation between adjacent OFDM
symbols to suppress the noise effect. Firstly, the least square estimator roughly
estimated the channel. Then by using the linear combination between decision-
directed and least squares estimators, the noise power was effectively reduced in low
SNR. Moreover, we used an adaptive filter to trace the time-variant channel along
the time axis so that we got better performance in high SNR. The decision-directed
estimator was used as the final stage. It could further reduce the noise power and
got more accurate channel estimate. Finally the proposed estimator could achieve
significant performance improvement over the least squares estimator about 7-8 dB

in a multipath time-variant environment.

According to our simulations, the proposed estimator worked well whether mul-
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tipath time delays were at sample spaced positions or not. It was also robust under
various multipath intensity profiles. For only one user, the ICI effect was not serious

and just caused a little performance degradation in high SNR.

Besides, in order to overcome the channel with time-variant path delays, we
modified the multipath time delay tracking algorithm which first proposed by [9]. It
was suitable for the channel which had roughly uniform multipath intensity profiles.
Sometimes, it failed to track those paths with lower power levels. However, we
conjectured that the paths with lower power levels had no significant effect in channel

estimation result.

Although, we have presented how to track the multipath time delays, the initial
acquisition still remains unsolved. Previously, we assume that the MAC supports
to do initial multipath time delays acquisition at.the beginning of communication.
But actually, the IEEE 802.16a does not deal with initial acquistion. Therefore
in the future work, we need ta solve the problem of initial multipath time delays
acquisition. In addition, the performance of time delay tracking is not good enough.
In this thesis, we adopt the first order time delay tracking method. Maybe we will

take the second order tracking method into account in the future.
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