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Abstract—In the IEEE802.11n WLAN standard, orthogonal
frequency division multiplexing (OFDM) modulation is employed.
Diversity techniques are implemented to overcome multipath
fading in the OFDM systems. A fractional sampling (FS) scheme
is one of the diversity techniques with a single antenna. This
scheme can also be applied in a MIMO-OFDM system to increase
its capacity. In this paper, the effect of FS in a WLAN system
following the IEEE802.11n standard is investigated through
experiments. Numerical results through the experiments indicate
that diversity gain through FS can be obtained in the NLOS
conditions.

[. INTRODUCTION

IEEE802.11n WLAN is one of broadband communication
standards specified in 2009 [1]. In the IEEE802.11n WLAN
standard, orthogonal frequency division multiplexing (OFDM)
is adopted as a modulation scheme. This is because OFDM
based systems can achieve high frequency utilization efficiency
due to orthogonal subcarriers [2], [3].

A multiple-input multiple-output (MIMO) technique
adopted in IEEE802.11n is also widely used in recent
wireless communication standards to realize high-speed and
reliable transmission [4]. The MIMO technique employs
multiple antennas both at a transmitter and a receiver in order
to increase the capacity of the MIMO system. Even though
the capacity of the MIMO system can be increased with
additional antennas, the form factor of the terminal may limit
the number of antenna elements.

On the other hand, for an OFDM receiver, a fractional
sampling (FS) scheme has been proposed to resolve this
problem [5]. FS can obtain diversity gain with a single antenna
by sampling the received signal higher than the baud rate.
Experimental investigation of FS in the IEEE802.11a/g WLAN
standard has already been carried out in [6]. However, its
diversity effect has not been confirmed with the IEEE802.11n
system. Therefore, in this thesis, the experimental investiga-
tion of FS with the IEEE802.11n signal is carried out. The
improvement of the capacity with FS in the IEEE 802.11n
system lies on the selection of the sampling point [7], [8]. In
the conventional MIMO system, the timing synchronization is
carried out in terms of the received signals sampled at the baud
rate [9-11]. In timing synchronization, the synchronization
point is selected with peak detection at the output of the
correlator. In this thesis, in conjunction with FS, timing syn-
chronization is conducted on the signal sampled higher than

the baud rate. Through the selection of the synchronization
point, path diversity is realized.

This paper is organized as follows. Firstly, the FS scheme
is described briefly in Section II. An experiment system is
then explained in Section III. Numerical results are shown in
Section IV. Finally, conclusions are presented in Section V.

II. OFDM WITH FRACTIONAL SAMPLING

Suppose there are M; transmit antenna elements and M,
receive antenna elements in a MIMO-OFDM system. The
following expression focuses on the m,th transmit and m,th
receive antenna elements.

The information symbol on the kth subcarrier from the m;th
antenna is s, [k] (k = 0,...,N — 1), and then the OFDM
symbol is given as

1 = 2mnk
Uy [TL] = ﬁ Z Smy [k} GXp(j
k=0

) (M

where n (n = 0,1,..., N — 1) is the time index, and N
is the size of the inverse discrete Fourier transform (IDFT).
After appending guard interval with the duration of N¢j, the
transmitted signal in a baseband form is given by z(t) =
ZT]::ENGI U, [N]Pex(t — nTy), Where piy(t) is the impulse
response of the transmit filter and 7 is the symbol dura-
tion. This signal is up-converted and transmitted through a
multipath channel between the m,th transmit antenna and the
m,th receive antenna with an impulse response, ¢y,,.m, (). The
received signal after down-conversion is given as

N—-1
Ymom, (1) = Z U, [P, (8= 1Ts) + v, (1) (2)

n=—Ngr

where Ay, m, (t) is the impulse response of the composite
channel including the baseband filters on the m,th trans-
mit antenna and the m,th receive antenna and is given by
Ry, () := Pex(t) * Cmpm, (t) * Prx(t), where x denotes
convolution, p,«(t) is the impulse response of the receive filter,
and v,, (t) is the noise on the m,th antenna. If y,, ., (¢) is
sampled at the rate of T,/G, where G is the oversampling
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rate, its polyphase components can be expressed as

N—-1
Ym,my [nv g} = Z Um,.my mhmrmt [n -1, g}
I=—Ngr1

+vm, [, 9] 3)
where g = {077G - 1}’ ymrmt[n’g}? hmrmt[nng and

Um, [, g] are the polynomials of sampled ¥, 1, (t), Rmm, (2),
and v,,, (1), respectively, and are expressed as

ymrmt (nTS + gTS/G)?

hmrmt (nTs + gTs/G)’

U, (nTs + g1/ G).

After removing the guard interval (GI) and taking discrete

Fourier transform (DFT), the received symbol on the kth
subcarrier is given by

Zi,my [K] = o, [K]8[K] + Wi, [K] 4)

where ., m, (k] = [Zm,m, [k, 0]z, m, [k, G — 1]]T, wlk] =
(Wi, [k, 0]...wp, [k, G — 1]]T, and Hy, i, [k] = [Hum,m, [k, 0]
il [k, G — 1]]T are G x 1 column vectors. The gth
component of the received symbol is given as [z,,,.m, [k]], =

y"nrmt [TL, g]
B, (10, 9]

vm'r' [n? g] =

Zmom Ky g] = Zf:;_ol Yo, [, g]le 7% and similarly for
Win,.m, [k, g] and vy, [k, g]. The channel response of the gth

sample on the kth subcarrier is given as H,, m,[k, 9] =

N .
Zn:()l h'rnr’rnt [’I’L, g] eXp(—j %)

III. EXPERIMENT SYSTEM
A. Measurement Setup

1) Measurement Environment: Figure 1 shows the mea-
surement environment. The room is shielded from electrical
magnetic waves. The boxes and the shelves are made of steel.
Through the measurement, non-LOS (NLOS) conditions are
evaluated. The receiver is placed and the signal is received
on 9 different positions with 6.14 cm (=wavelength) sepa-
ration for each measurement point. Figure 2 illustrates the
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Fig. 1. Measurement room.

block diagram of the experiment system. Table 2 shows the
specifications of the measurement equipments. The OFDM
signals of the IEEE802.11n system are generated by the signal
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Fig. 2. Experiment system.

TABLE I
MEASUREMENT EQUIPMENTS

AD boards Sampling frequency: 250 MHz
Signatec Resolution: 8 bits
“PDA1000”

Down converter Bandwidth of the baseband filter: 40 MHz

Koden Electronics Co. Gain: +40 dB
“A16-82100”
ESG vector signal generator Frequency: from 250kHz to 6 GHz
Agilent Maximum output power: +17 dBm
“E4438C”

generators. The received signals are down-converted to the
baseband with the down-converter. In the down-converter, the
bandwidth of the baseband filter is set to 40 MHz. The gain of
the LNA is set to +40 dB. The outputs of the down-converter
are digitized and saved in the A/D boards with the sampling
rate of 250 MHz and the resolution of 8 bits. The sampling
period of the received signal is 0.5 sec/measurement.

2) Transmit Signal: In this experiment, the OFDM signal
of the IEEE802.11n system is generated by the vector signal
generator. Specifications of the OFDM signal used for the
experiment are shown in Table II [1].

TABLE II
SPECIFICATION OF SIGNAL

Bandwidth of the channel 20 MHz
Center frequency of the channel | 2.442 GHz
Modulation scheme OFDM
Number of subcarriers 64
Number of data subcarriers 56
Symbol duration 3.2 us
Guard interval 0.8 us
Number of transmit antennas 2
Number of receive antennas 2

In this experiment, only the high throughput long training
field (HT-LTF) is used as a transmit signal. When the number
of transmit antennas is 2, the number of the HT-LTF per packet
is 2. The set of two HT-LTFs are transmitted repeatedly.

The OFDM signal is generated with the clock of 20 MHz
and is upsampled to 100 MHz. After upsampling, the signal
passes through a transmit filter. This frequency response satis-
fies the IEEE802.11n spectrum mask. The frequency response
of the filter is shown in Fig. 3. Finally, the filtered signal is
transmitted from the signal generator.

B. Signal Processing in Receiver

The block diagram of the receiver used in this experiment
is shown in Fig. 4. The received signal is down-converted to
baseband and sampled. The DC offset of the sampled signal
is removed and sampling rate conversion (SRC) is carried out.
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Fig. 3. Frequency response of transmit filter.

The sample rate after SRC is two times of the bandwidth of
the desired signal, i.e. 40 MHz. Timing synchronization is
achieved with the outputs of the correlators for the preamble
sequence. Frequency offset is then removed and the calculation
of correlation or the MIMO signals are demodulated. The
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Fig. 4. Block diagram of signal processing in receiver.

demodulation process in each block is explained as follows.
1) DC Offset Cancellation: The DC offset of the received
signal is estimated with the following equation.

SN Y, 1]
Ll g

where y,,, [n] is the nth sample of the received signal at
the m,th antenna and N, is the number of the samples for
averaging. Averaging is carried out over each measurement
period and N,, is about 5 x 105. DC offset cancellation can
be achieved by subtracting 6 from the received samples as
follows.

o=

(6)

where 4, [n] is the nth sample at the m,th antenna of the
receiver after DC offset cancellation.

2) Sampling Rate Conversion: SRC is carried out by the
Msets direct insertion/cancellation scheme in [12]. The nth
sample after Msets (Q —I')/Q SRC is given as

o= S [ )),

Ym, ] = Ym,.[n] — 0

(7

where [ y ] indicates the minimum integer number which
exceeds x and R, is a parameter which specifies the locations

of the inserted or cancelled samples, which is expressed as
c—1 Q-1
R, = -1 , - 8
Q-1+l o<y )
In this experiment, 25 set 24/25 SRC (M = 25, @ = 24 and
I' =1) is carried out.
3) Symbol Synchronization and Fractional Sampling: Be-

fore symbol synchronization, the received signal is downsam-
pled with the ratio of G/12 as

12

on, ] = G, [ - ©)

This downsampling corresponds to G times oversampling
of the desired signal. The initial phase of the symbol is
detected in the synchronization. Two schemes are used for
synchronization. The block diagrams of the synchronization
process are illustrated in Figs. 5 and 6. The output of the
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combiner in Synchronization Scheme 1 (SS1) is given with
the following equation
M, N N
Ol =Y I1) > Gmln+m—14(1-1)
my=1 m=11[=1

(N + Ngp))G] x sp[n+m—1+ NJ*|,  (10)

where sr,[n] is the nth sample of the HT-LTF, N is the OFDM

symbol duration, N¢; is the length of the GI and Ny, is the

number of the samples in the HT-LTFs. The M, outputs of

the correlators are combined and put into the peak detector in

this scheme. The synchronization points are the same on both
of the antenna branches.

The output of the correlator in Synchronization Scheme 2

(SS2) is expressed with the following equation
N N
Omr[n] = Z ngr[(n+m -1+ (l - 1)

m=1[=1

(N + Ngi1))G] x sp[ln+m —1+ NJ*. (11)



The output of the correlator at each antenna branch is directly
input to the peak detector. The synchronization point may be
different between the antenna branches.

The peak output of the correlator is detected with the
threshold. The threshold is set from 0.6 to 0.8 of the maximum
output of the correlator.

4) Frequency Offset Cancellation: The m,th received sig-
nal with the frequency offset can be expressed as

N—-1 M,

27(le
ymT Z Z unzt mT,mf, [n - l] GXp(j%)
=0 my=1
+A0 + Wiy, [1]
(12)
where u,,[n] = Zk 0 " S, [k] exp(j 20K), S, [K] i

the transmitted symbol on the kth subcarrier from the m;th
antenna, w,, [n] is the noise component of %, [n], £ is
the frequency offset normalized by subcarrier separation and
Ao = o — 0 (o is the DC offset in the received signal)
is the residual DC offset after cancellation. The frequency
offset is calculated with each HT-LTF. The frequency offset is
estimated as follows.

N Ngr—1
E *7arg Z Z Ym, TL+ ]-)N}
m=1 n=0
X Ty, [0+ (m — 1)N + NJ) (13)

where the guard interval of the HT-LTF starts from n = 0.
The received signal after removing the frequency offset that
is estimated by the HT-LTF is given as

/
2me

Um,.[n] is put into the DFT block for MIMO demodulation.
5) MIMO Channel Estimation and Equalization: The chan-
nel response is estimated with the HT-LTFs. In this experi-
ment, two transmit antennas are used for MIMO transmission.
Therefore, there are two HT-LTFs and both the HT-LTFs are
used for channel estimation. The received signals on the kth
subcarrier are expressed as the following equations.

Y, [n] = Ym,.[n] exp(—

z[k] = H[k]s [k] + wl[k] (15)
where
z11[k]  2z12[k] hii[k]  hialk]
z[k] = [ 2 [k]  zo2[k] } H[E] = [ hot[k]  haolk] }
_ | sulk] —silk] wii[k]  wiz[k]
slk] = [ Sk sl ]  Wik] = [ wor[K]  woalk] ] :

Zm, ;| k] is the jth HT-LTF received at the m, th receive antenna
and w;yy, [k] is the noise component in z;,,, [k]. The channel
estimation is carried out as

H[k] = z[k]s; ' [k] = H[K] + w[k]s, ' [K]. (16)

In this experiment, the signal-to-noise ratio (SNR) of the
received signal was about 30 dB and it is assumed that the
channel estimation is nearly ideal.

After the channel estimation noise is added to adjust the
SNR. The signal after SNR adjustment on the kth subcarrier
is given as

’

z [k]z[k] + Wadalk] (17)
where  #k] =  [a[k] AT, E.k =
SN G, 0] exp(—5 2ZEn), and Wogqlk] is the added

noise. After noise adjustment, the channel is equalized with
Zero-Forcing and the BER is then measured. The estimated
symbols after channel equalization are given as

sck] = H [K]z [§]

~—1
skl +H w [k] (18)
where w' [k] is the noise component on the kth subcarrier after
SNR adjustment.

IV. NUMERICAL RESULTS

A. Synchronization Performance

Figure 7 is the synchronization probability with different
correlator threshold levels. The SNR is set to 25 dB. In the
case of G = 1, the synchronization probability decreases
when the threshold increases while it is close to 1 with
G = 2. SS1 achieves better synchronization probability than
SS2. Figure 8 shows the synchronization probability versus
SNR with the threshold level is 0.6. If the SNR decreases,
the synchronization probability improves with G = 2 as
compared to G = 1. Moreover, at the low SNR region,
the synchronization probability of SS1 is better than that of
SS2. Even though the common synchronization point is not
optimum in terms of the BER performance as shown in the
following section, the summation of the correlator outputs
brings more signal energy in the peak detection.
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Fig. 7. Synchronization probability in the NLOS condition with different
threshold levels (SNR=25dB).
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SNRs (threshold level=0.6).

B. BER Performance

Figure 9 shows the BER curve. The BER is calculated
only when synchronization of the received signal is achieved.
Ey/Ny is equal to the SNR on each subcarrier because the
modulation scheme is BPSK. These BER performance is
calculated with the correlator threshold of 0.6.

In Fig. 9, the BER curve with G = 2 shows about 0.5 ~ 1
dB improvement as compared to that with G = 1 for SS1 and
about 2 ~ 2.5 dB improvement at the BER of 10~* for SS2.
This is because the multipath component is available and the
path diversity is achieved.
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Fig. 9. BER performance in the NLOS condition (threshold level=0.6).

V. CONCLUSIONS

In this thesis, the effect of the FS scheme in the IEEE
802.11n WLAN system has been investigated through the
experiment. In the FS receiver with G times oversampled
signals, two types of the synchronization schemes has been

evaluated. One of them determines the common synchroniza-
tion point for both of the antenna branches while the inde-
pendent synchronization points are selected for each antenna
branch in the other scheme. Numerical results showes that the
oversampling and the independent sampling point selection has
improved the performance by about 2 ~ 2.5 dB at the BER
of 10~ in the NLOS condition. It has also been clarified that
oversampling improves the synchronization probability in the
NLOS conditions. Consequently, it has been proven through
the experiment that diversity gain in the FS scheme can be
obtained in the IEEE 802.11n WLAN system in the NLOS
condition.
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