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Abstract
In this paper, authors have been evaluated the Frame Error Rate (FER) performance of IEEE
802.11 a/g/p standard 5 GHz frequency band WLAN over Rayleigh and Rician distributed
fading channels in presence of Additive White Gaussian Noise (AWGN). Orthogonal
Frequency Division Multiplexing (OFDM) based transceiver is implemented by using realtime signal processing frameworks (IEEE 802.11 Blocks) in GNU Radio Companion (GRC)
and Ettus USRP N200 is used to process the symbol over the wireless radio channel. The
FER is calculated for each sub-carrier conventional modulation schemes used by OFDM
such as BPSK, QPSK, 16, 64-QAM with different punctuated coding rates. More precise
SNR is computed by modifying the SNR calculation process of YANS and NIST error rate
model to estimate more accurate FER. Here, real-time signal constellations, OFDM signal
spectrums etc. are also observed to find the effect of multipath propagation of signals
through flat and frequency selective fading channels. To reduce the error rate due to the
multipath fading effect and Doppler shifting, channel estimation (CE) and equalization
techniques such as Least Square (LS) and training based adaptive Least Mean Square (LMS)
algorithm are applied in the receiver. The simulation work is practically verified at GRC by
turning into a pair of Software Define Radio (SDR) as a simultaneous transceiver.
Keywords: GNU Radio, USRP N200, OFDM, AWGN, Rayleigh and Rician Fading
Channel, FER, LS, LMS
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1. Introduction
Software Define Radio (SDR) is a platform where the majority of the physical layer signal
processing is done at software by using Field Programmable Gate Array (FPGA), General
Purpose Processor (GPP) and Digital Signal Processor (DSP) instead of using complicated
electrical hardware’s [1]-[3]. GNU Radio is an open source widely used software define
radio platforms [5] which has digital signal processing blocks such as signal sources, sinks,
filters, modulators, demodulators, encoders, decoders, equalizers, synchronizers and much
more [7], [26]. The critical signal processing blocks are developed in C++ language [1];
however basic flow graphs are generated in python language [5]. Using this software user
can build their own applications to transmit or receive data with the help of Universal
Software Radio Peripheral (USRP) devices associated Radio Frequency (RF) TX/RX ports
[1], [7].
OFDM is widely used in almost all wireless communication standards such as cellular
standards like LTE advance and WiMAX, digital broadcasting standards known as DVB-T,
IEEE 802.11 WLAN standards etc [4], [10]. In OFDM, parallel high rate data symbols are
loaded on comparatively low rate several numbers of closely spaced orthogonal sub-carriers
[4]-[6] having safety guard interval between two adjacent symbols and each sub-carriers are
performed with conventional digital modulation schemes such as BPSK, M-PSK, M-QAM
[10] etc. For the precise symbol duration, the sub-carriers are independent to each other. As a
result, for a particular center frequency of the symbol, only the corresponding sub-carriers
have the peak power while others are zero [7], [19]. It provides higher resistance to multipath
effects and gives high spectral efficiency [4]. IEEE 802.11 is basically set of a physical
layer (PHY) and Media Access Control (MAC) layer specifications for wireless
communication in 2.4, 5 and 60 GHz frequency bands [5], [17]. There are several 802.11
WLAN standards are exists among them few are given at Table 1.
Table 1. IEEE 802.11 PHY Layer standards [23]
Wireless LAN
standard

Radio Frequency
Band (GHz)

Modulation

Bandwidth
(MHz)

IEEE 802.11 a
IEEE 802.11 g
IEEE 802.11 p
IEEE 802.11 ac

5
2.4
5
5

OFDM
OFDM
OFDM
MIMO-OFDM

20
20
10
20, 40, 80, 160

Highest
Conceivable
Data Rate
(Mbps)
54
54
54
700-800

In wireless communication, multipath fading effect causes time and frequency dispersion
of wireless radio signals as the mobile devices are not stationary [6]. These effects have the
impact on the FER of any modulation schemes as mobile radio channels cause the significant
fade or distort of the transmitted signal with compared to AWGN channel [9], [11]. Channel
Estimation (CE) and equalization techniques can be applied to reduce the FER [8] and Inter
Symbol Interference (ISI) created by multipath fading effects [13]-[14]. For a particular
channel, ISI is introduced as the modulation bandwidth exceeds the coherence bandwidth
due to the pulse broadening in time domain [11], [17]. As the mobile fading channel
characteristics are random and time varying nature [11], the equalizers must have the
adaptive characteristics [9] to track with the time varying components [14], [17]. At the
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beginning, a fixed length predefined training symbols are periodically sent by the transmitter
that is known to the receiver so that the estimator can adapt to a minimum FER detection
function and have the idea of the channel impulse response behavior caused by multipath
[15]. Then the user’s data symbols are transmitted following by the periodic training
symbols [17] since the equalizer has the adaptive characteristics [16] it utilizes the adaptive
Least Mean Square (LMS) technique to estimate the desired filter coefficients in order to
compensate the distortion created by the multipath [3]. These predefined tanning symbols
help the receiver end estimator to update with the suitable filter coefficients on worse case
channel condition or even on rapidly time varying channel condition [19]-[20]. When the
training sequences are finished the filter coefficients are updated with nearly optimum values
through a continuous consequential adaptive algorithm process to get the convergence of the
estimator.

2. OFDM Overview
Due to high spectral efficiency and robust performance at multipath fading channel OFDM is
widely used in wireless communication. Let us consider, 𝑥𝑥1 , 𝑥𝑥2 , … … ., 𝑥𝑥𝑁𝑁 are the data
symbols in the frequency domain. These data symbols are transmitted to the IDFT operation
after inserting the OFDM pilot symbols. Therefore, for the 𝑘𝑘 𝑡𝑡ℎ data symbol the
corresponding time domain data signal 𝑥𝑥(𝑛𝑛) is given below [1], [4]:
𝑁𝑁−1

𝑥𝑥(𝑛𝑛) = � 𝑥𝑥(𝑘𝑘)𝑒𝑒
𝑘𝑘=0

𝑗𝑗2𝜋𝜋𝜋𝜋𝜋𝜋
𝑁𝑁

,

0 ≤ 𝑛𝑛 ≤ 𝑁𝑁 − 1

(1)

𝑘𝑘
𝑗𝑗
Here, N is the total number of sub-carriers. ∑𝑁𝑁
𝑛𝑛=1 𝑥𝑥(𝑛𝑛) (𝑥𝑥(𝑛𝑛) )*=0, here k ≠ j and *
𝑡𝑡ℎ
denotes the complex conjugate of the 𝑗𝑗 sample. This equation confirms the orthogonal
property of N OFDM sub-carriers to avoid Inter Carrier Interference (ICI) between them.
The guard interval is provided between each time domain data symbols to avoid the ISI in
OFDM system. Let the time domain samples 𝑥𝑥(𝑛𝑛) turn into 𝑥𝑥𝐺𝐺 (𝑛𝑛) after the insertion of the
guard interval and that should be transmitted over the wireless channel. The resulting
transmitted symbol is:

𝑥𝑥𝐺𝐺 (𝑛𝑛) = �

𝑥𝑥(𝑁𝑁 + 𝑛𝑛),
𝑥𝑥(𝑛𝑛),

𝑛𝑛 = −𝑁𝑁𝐺𝐺 , −𝑁𝑁𝐺𝐺 + 1, … … . , −1
𝑛𝑛 = 0 ,1 , … . . , 𝑁𝑁 − 1

(2)

Here, 𝑁𝑁𝐺𝐺 is the number samples in the guard interval. The transmitted signal will propagate
through the frequency selective multipath fading wireless channel. Therefore transmitted
symbols can be modulated as a circular convolution between channel impulse response and
transmitted data symbols. Let the receiver got the received signal as 𝑦𝑦𝐺𝐺 (𝑛𝑛) [4] expressed as
given below:
𝑦𝑦𝐺𝐺 (𝑛𝑛) = 𝑥𝑥𝐺𝐺 (𝑛𝑛) ∗ ℎ(𝑛𝑛, 𝜏𝜏) + 𝑤𝑤(𝑛𝑛) = ∫ ℎ(𝑛𝑛, 𝜏𝜏)𝑥𝑥𝐺𝐺 (𝑛𝑛 − 𝜏𝜏)𝑑𝑑𝑑𝑑 + 𝑤𝑤(𝑛𝑛)

(3)

Here, ℎ(𝑛𝑛, 𝜏𝜏) is the impulse response of the fading channel, 𝑤𝑤(𝑛𝑛) is the additive white
Gaussian noise. Channel impulse response ℎ(𝑛𝑛, 𝜏𝜏) consisting of 𝐿𝐿 paths can be expressed as
given below [6]:
𝐿𝐿−1

ℎ(𝑛𝑛, 𝜏𝜏) = � ℎ𝑗𝑗 𝑒𝑒
𝑗𝑗=0

𝑗𝑗2𝜋𝜋𝑓𝑓𝐷𝐷𝐷𝐷 𝑡𝑡

𝑛𝑛
𝑁𝑁

𝐿𝐿−1

𝛿𝛿(𝑛𝑛 − 𝜏𝜏𝑗𝑗 ) , 0 ≤ 𝑛𝑛 ≤ 𝑁𝑁 − 1 = � 𝑎𝑎𝑛𝑛 𝛿𝛿�𝑛𝑛 − 𝜏𝜏𝑗𝑗 �
𝑗𝑗=0

(4)
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Here, 𝐿𝐿 is the total number of possible propagation paths, 𝑓𝑓𝐷𝐷𝐷𝐷 is the 𝑗𝑗 𝑡𝑡ℎ path Doppler
frequency shift which creates ICI of the received signals, ℎ𝑗𝑗 is the complex impulse response
of the 𝑗𝑗 𝑡𝑡ℎ path and 𝜏𝜏𝑗𝑗 is the 𝑗𝑗 𝑡𝑡ℎ path time delay and 𝑎𝑎𝑛𝑛 is the complex path attenuation factor
which gives the time varying complex amplitude, defined as the exponential term 𝑎𝑎𝑛𝑛 =
𝑛𝑛

ℎ𝑗𝑗 𝑒𝑒 𝑗𝑗2𝜋𝜋𝑓𝑓𝐷𝐷𝐷𝐷𝑡𝑡𝑁𝑁 . Channel Doppler shift is chosen as per the jakes spectrum or a flat spectrum,
𝑣𝑣𝑓𝑓

[ −𝑓𝑓𝐷𝐷𝐷𝐷𝐷𝐷𝐷𝐷 , 𝑓𝑓𝐷𝐷𝐷𝐷𝐷𝐷𝐷𝐷 ], here maximum Doppler frequency 𝑓𝑓𝐷𝐷 = 𝑐𝑐 . Normalized Doppler
𝑐𝑐
frequency is defined as 𝑓𝑓𝐷𝐷 𝑇𝑇𝑠𝑠 , where 𝑇𝑇𝑠𝑠 is the symbol period. We assume that the delay
spreads are shorter than the cyclic prefix which allows reducing ISI between OFDM symbols.
After excluding the safety guard interval from 𝑦𝑦𝐺𝐺 (𝑛𝑛), the received signal turns into 𝑦𝑦(𝑛𝑛)
which are sent for the DFT operation to de multiplex the multi carrier signals and to get back
again frequency domain data samples which have been transmitted over the fading channel
[6], [10].
𝑁𝑁−1

−𝑗𝑗2𝜋𝜋𝜋𝜋𝜋𝜋
1
𝑌𝑌(𝑘𝑘) = � � 𝑦𝑦(𝑛𝑛)𝑒𝑒 𝑁𝑁 � , 0 ≤ 𝑘𝑘 ≤ 𝑁𝑁 − 1
𝑁𝑁

(5)

𝑌𝑌(𝑘𝑘) = 𝑋𝑋(𝑘𝑘)𝐻𝐻(𝑘𝑘) + 𝑊𝑊(𝑘𝑘),

(6)

𝑛𝑛=0

Finally, at the receiver end output the de multiplexed signal can be expressed as given below:
0 ≤ 𝑘𝑘 ≤ 𝑁𝑁 − 1

Here 𝑋𝑋(𝑘𝑘) is the transmitted signal, 𝐻𝐻(𝑘𝑘) is the channel transfer function represented in the
frequency domain and 𝑊𝑊(𝑘𝑘) is the FFT of Gaussian noise 𝑤𝑤(𝑛𝑛).

3. IEEE 802.11 a/g/p Transceiver Model at GNU Radio
Companion
IEEE 802.11 a/g/p standard transmitter specifies total 64 sub-carriers (N) for the 20 MHz
(802.11 a/g) or 10 MHz bandwidth (802.11p), among them data sub-carriers 𝑁𝑁𝐷𝐷 = 48 are
used for data, 4 pilot sub-carriers 𝑁𝑁𝑃𝑃 are assigned between data sub-carriers as per comb
pilot insertion method to assist receiver in frequency offset detection and compensation, rest
12 sub-carriers are kept as null 𝑁𝑁0 which is used to avoid Direct Current (DC) offset and
frequency leakage to other frequency bands [1]-[3]. In case of every non-null sub-carrier first
two symbols are kept for pilots were known as block type pilot symbols allocation to
estimate channel coefficient. This type of carrier allocation known as block-comb
combination method and it is very efficient to deal with quasi-static channels [10].

Fig. 1. IEEE 802.11 a/g/p OFDM sub-carrier allocator configuration [22]
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Fig. 2. Sub-carrier’s allocation and pilot’s insertion (comb and block types) in IEEE 802.11p

The receiver will get multiple copies of the signal with different strength even at the
different time due to the reflection, scattering of the transmitted signal over the fading
channels which may introduce the frequency offset in the sub-carriers. As a result, they may
lose the orthogonal property resulting inter carrier interference. To remove the multipath
effects guard interval 𝑁𝑁𝐺𝐺 known as a cyclic prefix is used at the beginning of each OFDM
symbol. The last 𝑁𝑁𝐺𝐺 = 16 samples are copied from the time domain OFDM symbol 𝑥𝑥 and
put at the beginning of the 𝑥𝑥 . As a result, 𝑁𝑁 + 𝑁𝑁𝐺𝐺 = 80 samples
(𝑥𝑥𝑁𝑁−𝑁𝑁𝐺𝐺 +1 , … … , 𝑥𝑥𝑁𝑁 , 𝑥𝑥1 , … … , 𝑥𝑥𝑁𝑁 ) are transmitted per OFDM symbol [12].
The physical layer is encapsulated in WIFI PHY Hierarchical block which is the integrated
systems for the transmitter and receiver in GNU Radio Companion given at Fig. 3.

samp_out
samp_in
carrier
mac_in
mac_out
Fig. 3. IEEE 802.11 WIFI PHY HIER Block (TX and RX)

Basically, the transmitter consists of an encoder, OFDM carrier allocator, Inverse Fast
Fourier Transform (IFFT) operation and cyclic prefix adder. In hierarchical block, WIFI
Mapper is responsible for data scrambling, interleaving and convolution encoding. Packet
Header Generator generates the header of the frame including the signal and services field.
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Fig. 4. IEEE 802.11 standard packet transmitter [22]

The frame header is BPSK modulated by the upper chunks to symbols block
(symbol table: 1, -1) and the remaining frame is modulated by the bottom chunks to
symbols block as per the preferred modulation schemes. Finally, the header is
integrated to the remaining of the frame by using Tagged stream MUX block. Then,
multiplexed frames are transmitted to the OFDM carrier allocator block for the
insertion of pilot sub-carriers uniformly inside the data sub-carriers and IFFT block
is used to convert the symbols from frequency domain to the time domain. At last,
OFDM Cyclic Prefixer block is used to add guard interval in the time domain before
each OFDM symbol of the frames to avoid ISI. A short OFDM training symbols consist
of 12 sub-carriers which are given below [23]:
𝑆𝑆−26,26
=�

13 0, 0, 1 + 𝑗𝑗, 0, 0, 0, −1 − 𝑗𝑗, 0,0,0,1 + 𝑗𝑗, 0,0,0, −1 − 𝑗𝑗, 0,0,0, −1 − 𝑗𝑗, 0,0,0, 1 + 𝑗𝑗, 0, 0 ,0 , 0, 0, 0, 0, −1 − 𝑗𝑗, 0
�
�
, 0,0, −1 − 𝑗𝑗, 0,0,0, 1 + 𝑗𝑗, 0,0,0,1 + 𝑗𝑗, 0,0,0, 1 + 𝑗𝑗, 0,0,0, 1 + 𝑗𝑗, 0,0
6

The factor �

13
6

(7)

is used to normalize the average power of the OFDM symbol. The predefined

long training symbols are 53 sub-carriers and it has a zero value at DC. The long training
symbols are given below [23]:

𝐿𝐿−26,26
= [1,1, −1, −1,1,1, −1,1, −1,1,1,1,1,1,1, −1, −1,1,1, −1,1, −1,1,1,1,1,0,1, −1, −1,1,1, −1,1, −1,1, −1,
−1, −1, −1, −1,1, 1,-1,-1, 1,-1, 1,-1, 1,1,1,1]

(8)
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Fig. 5. IEEE 802.11p 10 MHz PLCP Frame Contents
Table 2. IEEE 802.11 a/g/p wireless standard parameters and values [5], [23]
Parameter

Notation

Total OFDM Subcarrier
Pilot Sub-carrier
Data Sub-carrier
Preamble Duration
Guard Time
Bit Rate (Mbps)

𝑁𝑁𝑆𝑆𝑆𝑆

𝑁𝑁𝑃𝑃
𝑁𝑁𝐷𝐷𝐷𝐷𝐷𝐷
GI

Modulation Type
Bandwidth (MHz)
Symbol Period

Sub-carrier
Frequency Spacing

B
𝑇𝑇𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂

𝑁𝑁𝑠𝑠𝑠𝑠 + 𝐺𝐺
𝐵𝐵
𝐵𝐵
∆𝑓𝑓 =
𝑁𝑁𝑆𝑆𝑆𝑆
=

IEEE 802.11a/g
Values
64

IEEE 802.11p
values
64

4
48
16μs
0.8μs
6,9,12,18,24,26,48,
54
BPSK, QPSK,
16/64-QAM
20MHz
4μs

4
48
32μs
1.6μs
3,4.5,6,9,12,18,24
,27
BPSK, QPSK,
16/64-QAM
10MHz
8μs

0.3125 MHz

0.15625MHz

Fig. 5 describes the packet preamble structures of IEEE 802.11p. Each IEEE 802.11 a/g/p
frames consists of preamble including 10 short training symbols (𝑡𝑡1 𝑡𝑡𝑡𝑡 𝑡𝑡10 ) of each 1.6µs
located at the beginning of each frame used to detect starting of a frame, 2 long training
symbols (𝑇𝑇1 𝑎𝑎𝑎𝑎𝑎𝑎 𝑇𝑇2 ) of each 6.4µs used for channel equalization and channel estimation.
The rest of the frame is the signal field and data the field. Signal field contains the
information about modulation schemes, coding rates etc. by using only one OFDM symbol
and the data field generally used for transmitting data. Guard interval is used to avoid inter
symbol interference. The frame detection algorithm is based on the autocorrelation of the
short training sequence which is 16 samples repeating 10 times. The receiver feats this cyclic
pattern of short training symbols and calculates the autocorrelation value 𝑎𝑎 of the incoming
data sample stream 𝑠𝑠 with lag 16 by summing up the autocorrelation coefficients over an
adjustable window 𝑁𝑁𝑤𝑤𝑤𝑤𝑤𝑤 [2].
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𝑁𝑁𝑤𝑤𝑤𝑤𝑤𝑤−1

𝑎𝑎(𝑛𝑛) = � 𝑠𝑠(𝑛𝑛 + 𝑘𝑘)𝑠𝑠̅(𝑛𝑛 + 𝑘𝑘 + 16)
𝑘𝑘=0

185

(9)

Here 𝑠𝑠̅ express the complex conjugate of 𝑠𝑠 . Experimental result showed that adjustable
window 𝑁𝑁𝑤𝑤𝑤𝑤𝑤𝑤 = 48 gives better performance and the summation over this window turns into
moving average which acts as a low pass filter. The autocorrelation is high at the start of
each IEEE 802.11 a/g/p frame due to the cyclic property of short training sequence. The
autocorrelation 𝑎𝑎(𝑛𝑛) is normalized with the average power 𝑝𝑝(𝑛𝑛) such that the receiver was
independent of the absolute level of incoming samples [2].
𝑁𝑁𝑤𝑤𝑤𝑤𝑤𝑤−1

𝑝𝑝(𝑛𝑛) = � 𝑠𝑠(𝑛𝑛 + 𝑘𝑘)𝑠𝑠̅(𝑛𝑛 + 𝑘𝑘)
𝑘𝑘=0

(10)

Finally, the normalized autocorrelation coefficient 𝑐𝑐 can be expressed as [2]:
𝑐𝑐(𝑛𝑛) =

|𝑎𝑎(𝑛𝑛)|
𝑝𝑝(𝑛𝑛)

(11)

Here, |𝑎𝑎(𝑛𝑛)| denotes the magnitude of 𝑎𝑎(𝑛𝑛). Here the Fig. 6 given below expressed the
IEEE 802.11 standard frame receiver schematics at GNU Radio companion. These
schematics have basically 2 parts one is frame detection and another part is frame decoding.

Fig. 6. IEEE 802.11 standard packet receiver at GNU Radio Companion [22]

After that, normalized autocorrelation coefficients 𝑐𝑐(𝑛𝑛) and the received samples from the
USRP are sent to the WiFi Sync Short Block as input samples which act as like as a valve.
WiFi Sync Long block is used for frequency offset correction and symbol alignment. The
transmitter and receiver oscillators are clocking at slightly different frequencies due to this
there will be frequency offset between two devices. For the proper OFDM transmission, the
transmitter and receiver must be synchronized with the same clocking. The short training
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preambles are used to estimate the frequency offset between. Let us consider 𝑠𝑠(𝑛𝑛) represents
a sample of the short preamble and 𝑠𝑠(𝑛𝑛) corresponds to the sample 𝑠𝑠(𝑛𝑛 + 16) due to its
cyclic property. The frequency offset 𝑑𝑑𝑑𝑑 can be expressed as the average of the argument of
the product 𝑠𝑠(𝑛𝑛) �(𝑛𝑛
𝑠𝑠 + 16) for all the 16 samples which are given below [2]:
1
𝑑𝑑𝑑𝑑 =
𝑎𝑎𝑎𝑎𝑎𝑎{
16

𝑁𝑁𝑠𝑠ℎ𝑜𝑜𝑜𝑜𝑜𝑜 −1−16

�

𝑛𝑛=0

𝑠𝑠(𝑛𝑛)𝑠𝑠̅(𝑛𝑛 + 16)}

(12)

Here 𝑁𝑁𝑠𝑠ℎ𝑜𝑜𝑜𝑜𝑜𝑜 is the length of the short training samples. The calculated frequency offset 𝑑𝑑𝑑𝑑
is applied to every long training preamble and data symbols as well to get the perfect
synchronization. In the next block, the time domain samples are converted to the frequency
domain using FFT block. After the FFT block data samples are sent to OFDM Equalize
Symbol block for the channel estimation and phase offset correction. The Phase offset is
introduced between the transmitter and receiver as the sampling time is not synchronized
properly and symbol alignment in the receiver is not correct. Linear regression method is
used to estimate the phase offset between OFDM samples and it is linear with the frequency.
Let us consider, there are a set of N order pairs (𝑥𝑥0 , 𝑦𝑦0 ), (𝑥𝑥1 , 𝑦𝑦1 ), (𝑥𝑥2 , 𝑦𝑦2 ) …….. , (𝑥𝑥𝑁𝑁−1 ,
𝑦𝑦𝑁𝑁−1 ) and through this points using LS method, a regression line 𝑦𝑦� = 𝑎𝑎 + 𝑏𝑏𝑥𝑥� is computed.
IEEE a/g/p defines 4 pilot sub-carriers which are used to compute the values of 𝑎𝑎 𝑎𝑎𝑎𝑎𝑎𝑎 𝑏𝑏 to
equalize the phase offset of the OFDM data symbols in the physical layer frame. The final
stage of the receiver is the decoding of the payload using WiFi Decode Mac block which
performed the demodulation, de-interleaving, convolution decoding, puncturing and
descrambling [1]-[3] etc.

4. Wireless Channel Models
Multipath causes the propagation of radio signals transmitted from one antenna to another
through two or more paths. In urban areas, fading arises due to the different height of the
transmitting and receiving antennas as there is no particular line of sight (NLOS) to
propagate the signal from one antenna to another [11]. But fading may happen even there is a
presence of a Line of Sight (LOS) due to the reflection, scattering etc. of the transmitted
signal from the ground and surrounding area objects. The receiving antenna will get a
resultant signal which can vary widely in amplitude or even in phase based on the
distribution of the intensity and the bandwidth of the transmitted signal. The amplitude
variations of multipath fading signals are followed by Rayleigh and Rician distributions.
Multipath propagation can be categorized as large scale and small scale fading. Small scale
fading can be expressed as rapid fluctuations of the amplitude or phase of the transmitted
radio signal over a very short period of time or short travel distance. Large scale fading is the
consequence of signal attenuation due to the propagation over long distances and diffraction
around large objects. Multipath small scale fading effect causes few rapid changes in radio
channels media such as rapid changes in signal strength level, time dispersion produced by
multipath propagation path delays and random frequency modulation due to varying Doppler
shifts of different multipath signals [20]. The small scale fading can be expressed as a linear
filter with the time varying impulse response of a wireless channel. Time variation is
introduced due to the receiver motion in space and filtering nature is introduced due to the
summation of amplitudes, delays of multiple arriving waves at any instant of time. However
based on the time delay spread small scale fading can be categorized as flat fading and
frequency selective fading. As per Doppler spread small scale fading can be categorized as
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fast fading and slow fading. In GNU Radio, the fading model blocks exist for both Rayleigh
and Rician distributions. The models approximate a fading channel using the sum of
sinusoids method (SOS) for the number of anticipated multipath components. Generally, the
number of sinusoids value is set to 8 as it is considered a decent value. It takes other input
parameters such as the normalized value of Doppler frequency shift, a line-of-sight (LOS)
parameter which is false for Rayleigh distribution (NLOS) and true for Rician distribution
(LOS), the Rician factor K and a random seed to the noise generators [21].

Fig. 7. The Rayleigh (NLOS) and Rician (LOS) model block at GNU Radio

Frequency selective fading model takes the input of power delay profile (PDP) to design a
time varying multiple taps impulse response filtered channel model. In this fading model,
PDP is given as a vector to provide the time delay of each impulse. The PDP magnitudes
define the corresponding magnitudes to each time delay. A number of possible taps length of
the filter is also assigned to simulate the channel fading behavior and to interpolate the
power delay profile [21].

Fig. 8. Frequency Selective Fading Model block at GNU Radio

Fig. 9. L-tapped delay line FIR filter to describe the fading channel model characteristics.
(𝜏𝜏𝐿𝐿 is the delay of each tap during propagation, 𝑎𝑎𝐿𝐿 is the tap gain which causes the magnitude
variations of the impulses)
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Additive White Gaussian Noise (AWGN) is the random basic noise model that exists in
nature. This noise spectrum is uniform for all frequencies and the amplitude variation
follows Gaussian Probability Density Function (PDF) [12]. Due to this reason, it has a
uniform frequency spectrum shown in Fig. 10 (b) and constellation diagram show the higher
density at the center and less density outer from the center which is shown in Fig. 10 (c).
Additions of this noise to a transmitted radio signal during propagation through the wireless
causes the signal amplitude variations. The channel model simulates AWGN with a simple
static multipath environment using some parameters such as frequency offset; timing offset
using epsilon, taps of FIR filter to add delay to multipath and a random number generator
seed for the noise source [21].

(a)

(c)
(b)
Fig. 10. (a) AWGN Channel Model Block at GNU Radio (b) AWGN noise spectrum
(c) Constellation diagram of AWGN

5. FER Calculation of IEEE 802.11 a/g/p for AWGN Channel
Generally, NIST and YANS error rate models are so much popular to analyze the
performance of an IEEE 802.11 standard WLAN. These models compute SNR based on the
parameters used in simulation model such as noise figure, noise floor, path loss model etc.
The FER is computed based on the applied modulation scheme, coding rate, and frame size.
Let us assume that convolution coding and hard decision Viterbi decoding are applied to the
data symbols and transmitted over an AWGN channel model. In IEEE 802.11 a/g/p the bit
error probability is upper bound by following Chernoff Bound as per the NIST error rate
model [18]:
∞

𝑑𝑑
1
𝑃𝑃𝑏𝑏 <
� 𝐵𝐵𝑑𝑑 𝑃𝑃(𝑑𝑑) , 𝑃𝑃(𝑑𝑑) = [4𝑝𝑝(1 − 𝑝𝑝)]2
𝑘𝑘

𝑑𝑑=𝑑𝑑𝑓𝑓𝑓𝑓𝑓𝑓𝑓𝑓

(13)

Here, 𝑑𝑑𝑓𝑓𝑓𝑓𝑓𝑓𝑓𝑓 is the free distance of the convolution code, multiplication factor 𝐵𝐵𝑑𝑑 is the total
number of non-zero information bits that are in error while an incorrect path is chosen for the
specified hamming distance d, 𝑃𝑃(𝑑𝑑) is the probability of selecting a weight 𝑑𝑑 output
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sequence as the transmitted code sequence, 𝑝𝑝 is the simply the un-coded BER and 𝑘𝑘 is the
number of information bits per clock cycle. The signal to noise power ratio (SNR) in AWGN
is estimated using the equation given below [12]:
𝑆𝑆𝑆𝑆𝑆𝑆[𝑑𝑑𝑑𝑑] = 𝑃𝑃𝑟𝑟𝑟𝑟𝑟𝑟 − 𝑁𝑁𝐹𝐹 − 𝑁𝑁1

(14)

Here, 𝑃𝑃𝑟𝑟𝑟𝑟𝑟𝑟 is the received signal power at the receiving antenna, 𝑁𝑁𝐹𝐹 is the noise figure and
𝑁𝑁1 is the thermal noise floor. YANS model estimated the ratio between the energy per bit (𝐸𝐸𝑏𝑏 )
E
B
and noise power spectral density (𝑁𝑁0 ) as Nb = SNR R t , here 𝐵𝐵𝑡𝑡 is the noise bandwidth and 𝑅𝑅𝑏𝑏
o

b

is the raw bit rate calculated by the number of bits per OFDM symbol over the symbol
interval time. This model does not account for the reduction of energy due to the cyclic
prefix (CP) and the reduction of the net energy due to the pilot carriers which are basically
E
SNR
not used for carrying information. On the other hand, NIST model estimated b =
,
N0

log2 (M)

where M= number of signal constellations. NIST model does not account for the ratio of
used sub-carriers in OFDM system and CP. However, in order to calculate more accurate,
E
BER and FER for more precise estimation of b are required which given below [12]:
N0

𝐸𝐸𝑏𝑏
𝑁𝑁𝐹𝐹𝐹𝐹𝐹𝐹
1
= 𝑆𝑆𝑆𝑆𝑆𝑆 �
� 𝑥𝑥 �
�
𝑁𝑁0
𝑁𝑁𝐷𝐷𝐷𝐷 + 𝑁𝑁𝑃𝑃𝑃𝑃
𝑁𝑁𝐶𝐶𝐶𝐶𝐶𝐶𝐶𝐶

(15)

Here 𝑁𝑁𝐹𝐹𝐹𝐹𝐹𝐹 is the FFT length, 𝑁𝑁𝐷𝐷𝐷𝐷 is the number of data sub-carriers, 𝑁𝑁𝑃𝑃𝑃𝑃 is the number of
pilot carriers and 𝑁𝑁𝐶𝐶𝐶𝐶𝐶𝐶𝐶𝐶 is the number of coded bit per symbol in each OFDM sub-carrier.
The FER can be expressed as 𝐹𝐹𝐹𝐹𝐹𝐹 = 1 − (1 − 𝑃𝑃𝑏𝑏 )𝐿𝐿 ; Here L is the aggregated MAC frame
size. The standard size of L is basically 441 bytes. BER for the M-PSK modulated signal in
AWGN channel can be expressed as given below [24]:
𝑃𝑃𝑀𝑀−𝑃𝑃𝑃𝑃𝑃𝑃

2
=
max(𝑙𝑙𝑙𝑙𝑙𝑙2 𝑀𝑀, 2)

max(𝑀𝑀�4,1)

�

𝑘𝑘=1

𝑄𝑄(�

2𝐸𝐸𝑏𝑏 𝑙𝑙𝑙𝑙𝑙𝑙2 𝑀𝑀
(2𝑘𝑘 − 1)𝜋𝜋
sin
)
𝑁𝑁0
𝑀𝑀

(16)
2𝐸𝐸

For M=2, the above equation reduces to BER of BPSK modulation 𝑃𝑃𝐵𝐵𝐵𝐵𝐵𝐵𝐵𝐵 = 𝑄𝑄(� 𝑁𝑁 𝑏𝑏 ), here
0

the error function Q is expressed as given below:
𝑄𝑄(𝑥𝑥) =

1 ∞
𝑡𝑡 2
∫ exp �− 2 � 𝑑𝑑𝑑𝑑
2𝜋𝜋 𝑥𝑥

1

𝑥𝑥

= 𝑒𝑒𝑒𝑒𝑒𝑒𝑒𝑒 � �
2

√2

(17)

BER for the M-QAM modulated signal in AWGN channel can be expressed as given below
[24]:
𝑃𝑃𝑀𝑀−𝑄𝑄𝑄𝑄𝑄𝑄 =

4
3(𝑙𝑙𝑙𝑙𝑙𝑙2 𝑀𝑀)𝐸𝐸𝑏𝑏
𝑄𝑄 ��
�
(𝑀𝑀 − 1)𝑁𝑁0
𝑙𝑙𝑙𝑙𝑙𝑙2 𝑀𝑀

(18)

To estimate the performance of the receiver FER is calculated for different values of SNR
𝐸𝐸
(dB) expressed in terms of 𝑏𝑏. The data is transmitted over AWGN channel by choosing 16𝑁𝑁0

QAM modulation scheme for each sub-carrier with rate 24 Mbps. The outputs of the
simulated model at GNU Radio during real-time data transmission over AWGN channel

190

Muhammad Morshed Alam et al.: FER Performance Evaluation and Enhancement of IEEE 802.11
a/g/p WLAN over Multipath Fading Channels in GNU Radio and USRP N200 Environment

using USRP devices are given in Fig. 11. According to the above equations no. (15) and (16),
𝐸𝐸
both Bit Error Rate (BER) and FER are the functions of SNR and 𝑏𝑏 . As a result, with
𝑁𝑁0

decreasing SNR (dB) the coded and mapped constellations points that are carrying the data
symbols mentioned at Fig. 11 {(a), (b)} are spreading from the center and almost try to
overlap with each other due to the effect of AWGN. It causes the ISI and affects to maintain
the orthogonal property between the OFDM sub-carriers. To reduce the FER channel
estimation and equalization should be investigated at the receiver end.

(a) SNR=30 dB

(c) Power (dB) vs. Frequency (kHz), SNR=30 dB

(e) FER vs. SNR, M-PSK

(b) SNR=20 dB

(d) Power (dB) vs. Frequency (kHz), SNR=20 dB

(f) FER vs. SNR, M-QAM

Fig. 11. [(a), (b)] 16-QAM (1/2) constellation points for SNR=30 dB and 20 dB respectively with 24
Mbps data rate; [(c), (d)] OFDM spectrum for SNR = 30 dB and 20 dB respectively; [(e), (f)] FER
performance of OFDM for M ∊ {2,4}-PSK and M ∊{16, 64}-QAM with different coding rate ∊{1/2,
2/3, ¾} over AWGN channel
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6. FER Calculation of IEEE 802.11 a/g/p for Fading Wireless
Channel
Mobile wireless channel considered as the flat fading Rayleigh channel with Jake spectrum.
A particular frame will be successfully transmitted when it is fully in the inter-fading state.
Let us consider some random variable given below: 𝑡𝑡𝑖𝑖 = inter fading duration, 𝑇𝑇𝑖𝑖 is the mean
value of 𝑡𝑡𝑖𝑖 , 𝑡𝑡𝑓𝑓 = fading duration, 𝑇𝑇𝑓𝑓 is the mean value of 𝑡𝑡𝑓𝑓 , 𝑡𝑡𝐹𝐹𝐹𝐹 = frame duration and 𝑇𝑇𝐹𝐹𝐹𝐹 is
the mean value of 𝑡𝑡𝐹𝐹𝐹𝐹 . A particular threshold value of the received signal power is used to
determine the frame either is in the fading state or inter fading state. If any part of the frame
is in the fading state, then the frame delivery will be unsuccessful. The threshold is known as
𝑅𝑅
fading margin 𝑚𝑚 = 𝑟𝑟𝑟𝑟𝑟𝑟 , here 𝑅𝑅𝑟𝑟𝑟𝑟𝑟𝑟 is the required received power level and 𝑅𝑅𝑟𝑟𝑟𝑟𝑟𝑟 is the
𝑅𝑅
𝑟𝑟𝑟𝑟𝑟𝑟

mean received power level. FER can be written as [11]:
𝐹𝐹𝐹𝐹𝐹𝐹 = 1 −

𝑇𝑇𝑖𝑖
𝑃𝑃(𝑡𝑡𝑖𝑖 > 𝑇𝑇𝐹𝐹𝐹𝐹 )
𝑇𝑇𝑖𝑖 + 𝑇𝑇𝑓𝑓

(19)

For both 𝑡𝑡𝑖𝑖 𝑎𝑎𝑎𝑎𝑎𝑎 𝑡𝑡𝑓𝑓 , exponential distributions are assumed and the probability of 𝑃𝑃(𝑡𝑡𝑖𝑖 > 𝑇𝑇𝐹𝐹𝐹𝐹 )
can be written as 𝑒𝑒
[11]:

𝑇𝑇
− 𝐹𝐹𝐹𝐹
𝑇𝑇𝑖𝑖

.FER in Rayleigh fading channel can be expressed as given below
𝐹𝐹𝐹𝐹𝐹𝐹 = 1 − 𝑒𝑒 �−𝑚𝑚−𝑓𝑓𝑚𝑚 √2𝜋𝜋𝜋𝜋𝑇𝑇𝐹𝐹𝐹𝐹�

𝑣𝑣

(20)

𝑓𝑓 𝑣𝑣

𝑓𝑓𝑚𝑚 is the maximum Doppler frequency, defined as 𝑓𝑓𝑚𝑚 = = 𝑐𝑐 . Here, 𝑣𝑣 = velocity of the
𝜆𝜆
𝑐𝑐
mobile (𝑚𝑚𝑠𝑠 −1 ), 𝑓𝑓𝑐𝑐 = carrier frequency 5.89 GHz and 𝑐𝑐 = 3𝑥𝑥108 𝑚𝑚𝑠𝑠 −1. Normalized Doppler
frequency can be defined as 𝑓𝑓𝐷𝐷 = 𝑓𝑓𝑚𝑚 𝑇𝑇𝑠𝑠 , here 𝑇𝑇𝑠𝑠 𝑖𝑖s the symbol period. As a result, FER in
wireless channel depends on Doppler frequency shift, fading margin and frame duration.
Again to estimate the performance of the receiver, FER is calculated for different values of
SNR (dB) where the selected data rate is 24 Mbps, the chosen modulation scheme is 16QAM and transmission medium is the frequency selective fading channel. The channel is
simulated by introducing a tapped delay line FIR filter with an exponentially decaying
average power delay profile (PDP). The number of taps given in FIR filter is 8 and tap
characteristics is chosen as Rayleigh distributed (NLOS) and Rician distributed (LOS)
exclusively. A particular normalized Doppler shift ( 𝑓𝑓𝐷𝐷 𝑇𝑇𝑠𝑠 ) is added to get the relative
characteristics while the receiver is not stationary. In case of Rician distribution, the
transmitted signal experienced a dominant nonfading signal component due to the presence
of a line of sight (LOS) path between the transceiver. In this context, many weaker random
multipath signals arriving at different angles produced by reflection, diffraction or scattering
effect are superimposed on the dominant signal. The ratio between the deterministic signal
power and the variance of multipath known as the Rician factor K is set equal to 4 during
simulation.
The outputs of the simulated model at GRC during real-time data transmission over AWGN
and frequency selective fading channel model (Rayleigh Distributed-NLOS, Rician
Distributed- LOS) using USRP devices are given respectively at Fig. 12, 13. The
constellations diagrams at Fig. 12 and 13 {(a), (b)} shows that for the increasing Doppler
shifts the coded and mapped information data symbols carried by the constellations points of
16-QAM are spreading and overlapping to each other. The OFDM signal spectrums are also
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losing the ideal shapes meaning that the orthogonal property between multiple sub-carriers
are affected. Therefore, proper channel estimation is required for the error rate and ISI
minimization. The FER vs. SNR (dB) curves mentioned at Fig. 12 and 13 showed
comparatively less FER for less puncturing rate {M-PSK (1/2), M-QAM (1/2)} as well as for
the lower data rate.

(a) SNR=20dB, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0015

(c) Power (dB) vs. Frequency (kHz), SNR=20 dB,
𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0015

(e) FER vs. SNR, M-PSK, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133

(b) SNR=20 dB, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133

(d) Power (dB) vs. Frequency (kHz), SNR=20 dB, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133

(g) FER vs. SNR, M-QAM, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133

Fig. 12. [(a), (b)] 16-QAM Constellation Points [(c), (d)] OFDM symbol spectrum [for Rayleigh
distributed frequency selective fading channel having SNR=20 dB and 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0015, 0.0133
respectively] [(e), (f)] FER performance of OFDM for M ∊ {2,4}-PSK and M ∊{16, 64}-QAM with
different coding rate ∊{1/2, 2/3, ¾}, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133
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(a) SNR=20dB, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0015

(c) Power (dB) vs. Frequency (kHz), SNR=20dB, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0015

(e) FER vs. SNR, M-PSK, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133
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(b) SNR=20 dB, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133

(d) Power (dB) vs. Frequency (kHz), SNR=20 dB, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133

(f) FER vs. SNR, M-QAM, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133

Fig. 13. [(a), (b)] 16-QAM Constellation Points [(c), (d)] OFDM symbol spectrum [for Rician
distributed frequency selective fading channel having SNR=20 dB, Rician Factor K =4 and
normalized Doppler frequency 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0015, 0.0133 respectively] [(e), (f)] FER performance of
OFDM for M ∊ {2,4}-PSK and M ∊{16, 64}-QAM with different coding rate ∊ {1/2, 2/3, ¾},
𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133
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7. Channel Estimation (CE) Techniques
The CE process is the approximation and characterizing the effect of physical medium on the
transmitted data symbols. It allows the implementation of coherent demodulation technique.
CE technique basically uses the pilot reference signals of OFDM to estimate the channel
characteristics. This technique minimizes the Mean Square Error (MSE) in order to get more
accurate data symbols at the receiver end by utilizing the less computational method. Based
on the help of the position of neighboring pilot sub-carries both time and frequency-domain
interpolation are required to get the CE of each data sub-carrier in time-frequency plane as
the pilots are assigned combined block-comb allocation method. If the receiver has the prior
information of the transmitting data over the channel, it can utilize that knowledge in the
estimation process to get the more accurate data. Predefined training symbols are used at the
beginning of each IEEE 802.11 standard WLAN data packets with safety guard interval to
get the convergence of the estimator. IEEE 802.11 a/g/p uses two long preambles 𝑇𝑇1 𝑎𝑎𝑎𝑎𝑎𝑎 𝑇𝑇2
in the Least Square (LS) CE process. Let us consider for each OFDM frame the received
long preambles of a particular OFDM symbol are denoted as 𝑌𝑌𝑇𝑇1 𝑎𝑎𝑎𝑎𝑎𝑎 𝑌𝑌𝑇𝑇2 and predefined
frequency domain long training symbols are 𝑋𝑋𝑇𝑇1 𝑎𝑎𝑎𝑎𝑎𝑎 𝑋𝑋𝑇𝑇2 . Then the LS CE transfer function
is expressed as given below [3], [8]:
1 𝑌𝑌𝑇𝑇1 𝑌𝑌𝑇𝑇2
𝐻𝐻�
+
�
𝐿𝐿𝐿𝐿 (𝑘𝑘) = �
2 𝑋𝑋𝑇𝑇1 𝑋𝑋𝑇𝑇2

(21)

Above estimation is used to equalize the rest of the OFDM symbols. LS CE algorithm is
expressed as the ratio between the output 𝑌𝑌(𝑘𝑘) and input data 𝑋𝑋(𝑘𝑘) sequence. The LS
estimation of the channel transfer function 𝐻𝐻�
𝐿𝐿𝐿𝐿 (𝑘𝑘) can be written as given below [9], [17]:
𝐻𝐻�
𝐿𝐿𝐿𝐿 (𝑘𝑘) =

𝑦𝑦0 𝑦𝑦1
𝑦𝑦𝑁𝑁−1 𝑇𝑇 𝑋𝑋(𝑘𝑘)𝐻𝐻(𝑘𝑘) + 𝑊𝑊(𝑘𝑘)
𝑌𝑌(𝑘𝑘)
= 𝑌𝑌(𝑘𝑘)𝑋𝑋 −1 (𝑘𝑘) = � , , … . ,
� =
𝑥𝑥0 𝑥𝑥1
𝑥𝑥𝑁𝑁−1
𝑋𝑋(𝑘𝑘)
𝑋𝑋(𝑘𝑘)
𝑊𝑊(𝑘𝑘)
= 𝐻𝐻(𝑘𝑘) +
(22)
𝑋𝑋(𝑘𝑘)

The LE CE of the channel transfer function at pilot positions can be expressed as:
�𝐿𝐿𝐿𝐿,𝑃𝑃 �𝑘𝑘𝑝𝑝 � =
𝐻𝐻

𝑌𝑌𝑃𝑃 (𝑘𝑘𝑝𝑝 )
= 𝑋𝑋𝑃𝑃 −1 �𝑘𝑘𝑝𝑝 �𝑌𝑌𝑃𝑃 �𝑘𝑘𝑝𝑝 �
𝑋𝑋𝑃𝑃 (𝑘𝑘𝑝𝑝 )
𝑇𝑇
𝑌𝑌𝑃𝑃 (𝑁𝑁𝑃𝑃 − 1)
𝑌𝑌𝑃𝑃 (0) 𝑌𝑌𝑃𝑃 (1)
,……..,
�
=�
𝑋𝑋𝑃𝑃 (0) 𝑋𝑋𝑃𝑃 (1)
𝑋𝑋𝑃𝑃 (𝑁𝑁𝑃𝑃 − 1)

(23)

Here, a number of pilot signal 𝑁𝑁𝑃𝑃 = 4, 𝑌𝑌𝑃𝑃 (𝑘𝑘𝑝𝑝 ) is the received signal in the pilot positions (21,-7, 7, 21) and 𝑋𝑋𝑃𝑃 (𝑘𝑘𝑝𝑝 ) is the known transmitted pilot signal. The LS pilot estimated
�𝐿𝐿𝐿𝐿,𝑃𝑃 �𝑘𝑘𝑝𝑝 � is used to determine the channel estimate transfer function at
transfer function 𝐻𝐻
each neighboring sub-carrier. As the pilots are assigned in both time and frequency domain,
therefore, 2-D channel interpolation is required to compute the channel transfer function at
�
each sub-carrier 𝐻𝐻�
𝐿𝐿𝐿𝐿 (𝑘𝑘) from 𝐻𝐻𝐿𝐿𝐿𝐿,𝑃𝑃 �𝑘𝑘𝑝𝑝 � that can be expressed as [8]:
�
𝐻𝐻�
𝐿𝐿𝐿𝐿 (𝑘𝑘) = ∑𝑛𝑛𝑝𝑝 𝑘𝑘𝑝𝑝 𝐹𝐹�(𝑛𝑛, 𝑘𝑘); �𝑛𝑛𝑝𝑝 , 𝑘𝑘𝑝𝑝 ��. 𝐻𝐻𝐿𝐿𝐿𝐿,𝑃𝑃 �𝑘𝑘𝑝𝑝 �

(24)
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Here 𝐹𝐹�(𝑛𝑛, 𝑘𝑘); �𝑛𝑛𝑝𝑝 , 𝑘𝑘𝑝𝑝 �� is the estimation filter which coefficients are needed to be estimated
to get the estimation at a particular OFDM sub-carrier. The term (𝑛𝑛, 𝑘𝑘) defines the position
of particular OFDM channel that has to be estimated, 𝑛𝑛 denotes the OFDM symbol and 𝑘𝑘 is
the sub-carrier index. The filter coefficients can be estimated by using a low-pass filter
interpolation (LPI) technique at both time and frequency domain.
A signal 𝑥𝑥(𝑘𝑘) having bandwidth B can be restored properly from its samples 𝑥𝑥(𝑛𝑛) using an
𝐹𝐹
ideal low pass filter with bandwidth 𝑊𝑊 = 2𝑠𝑠 only if the sampling frequency 𝐹𝐹𝑠𝑠 ≥ 2𝐵𝐵. The
𝐹𝐹𝑆𝑆𝑆𝑆
, where 𝐹𝐹𝑆𝑆𝑆𝑆 is the
channel transfer function 𝐻𝐻�
𝐿𝐿𝐿𝐿 (𝑘𝑘) is sampled with the rate 𝑓𝑓𝑠𝑠,𝑡𝑡𝑡𝑡𝑡𝑡𝑡𝑡 =
𝑓𝑓𝑡𝑡

symbol rate (symbols/sec) and 𝑓𝑓𝑡𝑡 is the pilot separation along with time domain. The channel
maximum Doppler frequency 𝑓𝑓𝑚𝑚 defines the rate of change of the channel across the time
direction. A low-pass filter can be used for the time-domain interpolation by avoiding
𝐹𝐹
aliasing only when 𝑓𝑓𝑚𝑚 ≤ 𝑆𝑆𝑆𝑆 . For the frequency domain interpolation channel transfer
2𝑓𝑓𝑡𝑡
�
function 𝐻𝐻𝐿𝐿𝐿𝐿 (𝑘𝑘) is sampled with the frequency 𝑓𝑓𝑠𝑠,𝑓𝑓𝑓𝑓𝑓𝑓𝑓𝑓 = 𝑓𝑓𝑓𝑓 . ∆𝑓𝑓 , where 𝑓𝑓𝑓𝑓 is the pilot’s
separation along with frequency domain, ∆𝑓𝑓 is the sub-carrier spacing. The time period is
1
𝑇𝑇
, where 𝑇𝑇𝑆𝑆𝑆𝑆𝑆𝑆𝑆𝑆 is the OFDM symbol period
calculated from the sampling time .∆𝑓𝑓 = 𝑆𝑆𝑆𝑆𝑆𝑆𝑆𝑆
𝑓𝑓
𝑓𝑓𝑓𝑓

𝑓𝑓

without the cyclic prefix; it gives the periodic replicas of the channel impulse
response ℎ(𝑛𝑛, 𝜏𝜏).

Fig. 14. LS CE from pilot signal using LPI technique

Therefore, a low pass filter can be used along with frequency domain for channel
interpolation without aliasing only when maximum delay spread of the channel 𝜏𝜏𝑚𝑚𝑚𝑚𝑚𝑚 ≤
𝑇𝑇𝑆𝑆𝑆𝑆𝑆𝑆𝑆𝑆
. Fig. 15 gives the FER performance comparisons after applying LS CE technique
𝑓𝑓
𝑓𝑓

during data symbol transmission over AWGN and Rayleigh channel models. From Fig. 15 it
has been observed that LS CE gives better performance only for the static AWGN channel as
FER decreases suggestively for the AWGN channel that represents in blue dotted line. On
the other hand, Doppler frequency changing environment there are no changes in FER
enhancement more over it affects the receiver performance severely for high spread Doppler
shift. The channel response derived from above equations are used for the equalization by
considering that the channel is stationary for the whole packet. If the transmitter or receiver
is in motion then there will be the presence of frequency and phase offset of the transmitting
signal. As a result, at the receiver end, LS estimation is not efficient to minimize the FER.
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Fig. 15. FER performance of LS CE for 16-QAM over AWGN and Rayleigh fading channel
(𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 = 0.0133)

To improve the estimator performances iterative based CE method has been investigated
known as Least Mean Square (LMS) algorithm. The rapidly changing time varying channel
requires adaptive estimation process as it has to continuously up-to-date its filter coefficients
following the channel conditions. Adaptive algorithm enhances the performance by
minimizing the mean square error (MSE) between the desired equalizer output and the actual
equalizer output [8]. The unknown multipath fading channel has to be equalized and
properly estimated by using an adaptive filtering algorithm which has the knowledge of prior
transmission of data known as a periodic training sequence. This adaptive process is
continued until the MSE of LMS algorithm is zero and equalizer are converged. Let us
consider that signal 𝑥𝑥(𝑛𝑛) is transmitted over the time varying wireless fading channel which
is described through an L-tapped FIR filter having time varying complex coefficients 𝑎𝑎𝑛𝑛𝑛𝑛 .
The received signal at the channel filter output can be expressed as:
𝐿𝐿−1

𝑦𝑦(𝑛𝑛) = � 𝑎𝑎(𝑛𝑛, 𝑙𝑙)𝑥𝑥(𝑛𝑛 − 𝑙𝑙) + 𝑤𝑤(𝑛𝑛)
𝑙𝑙=0

(25)

Here, 𝑥𝑥(𝑛𝑛 − 𝐿𝐿) is the complex symbol strained from the 𝑥𝑥 constellation of the L paths at
time instant 𝑛𝑛 − 𝐿𝐿 , 𝑎𝑎(𝑛𝑛, 𝑙𝑙) is the complex channel tapped coefficients and 𝑤𝑤(𝑛𝑛) is the
AWGN noise. The LMS algorithm can be mathematically expressed as the vector notation as
given below:
The transmitted signal, 𝑥𝑥(𝑛𝑛) = [𝑥𝑥(𝑛𝑛) 𝑥𝑥(𝑛𝑛 − 1) 𝑥𝑥(𝑛𝑛 − 2) … … … … … . 𝑥𝑥(𝑛𝑛 − 𝐿𝐿)]𝑇𝑇 , the
received signal, 𝑦𝑦(𝑛𝑛) = [𝑦𝑦(𝑛𝑛) 𝑦𝑦(𝑛𝑛 − 1) 𝑦𝑦(𝑛𝑛 − 2) … … … … … . 𝑦𝑦(𝑛𝑛 − 𝐿𝐿) ]𝑇𝑇 , the filter
complex
coefficients
at
different
tap
positions,
𝑎𝑎𝑛𝑛 =
[𝑎𝑎0𝑛𝑛 𝑎𝑎1𝑛𝑛 𝑎𝑎2𝑛𝑛 … … … … … .. 𝑎𝑎𝐿𝐿𝐿𝐿 ]𝑇𝑇 ,AWGN vector 𝑤𝑤(𝑛𝑛) = [𝑤𝑤(𝑛𝑛) 𝑤𝑤(𝑛𝑛 − 1) 𝑤𝑤(𝑛𝑛 −
2) … . 𝑤𝑤(𝑛𝑛 − 𝐿𝐿)]𝑇𝑇 , the adaptive filter tap weights is 𝑎𝑎�.
𝑛𝑛 The received signal can be written
𝑇𝑇
in vector form as 𝑦𝑦(𝑛𝑛) = 𝑎𝑎𝑛𝑛 𝑥𝑥(𝑛𝑛). The error signal that has to be minimized adaptively and
update the filter tap weights accordingly in the estimation process can be expressed as
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𝑒𝑒(𝑛𝑛) = 𝑑𝑑(𝑛𝑛) − 𝑦𝑦(𝑛𝑛) = 𝑑𝑑(𝑛𝑛) − 𝑎𝑎𝑛𝑛 𝑇𝑇 𝑥𝑥(𝑛𝑛) , here 𝑑𝑑(𝑛𝑛) is the predefined known transmitted
training symbol that basically used for channel equalization and error approximation. The
error signal 𝑒𝑒(𝑛𝑛) requires to compute the cost function 𝐸𝐸[𝑒𝑒(𝑛𝑛)𝑒𝑒 ∗ (𝑛𝑛)] or MSE function and
minimization of the cost function is done by applying the steepest descent algorithm. By
detecting the prior known training sequence adaptive filter can compute the possible error
signal and minimize the cost function by driving the tap weights through iteration process
until the next training sequence is sent. At time instant 𝑛𝑛 the mean square error (MSE) can be
calculated as given below:
|𝑒𝑒(𝑛𝑛)|2 = 𝑑𝑑 2 (𝑛𝑛) + 𝑎𝑎𝑛𝑛𝑇𝑇 𝑥𝑥(𝑛𝑛)𝑥𝑥 𝑇𝑇 (𝑛𝑛)𝑎𝑎𝑛𝑛 − 2𝑑𝑑(𝑛𝑛)𝑥𝑥 𝑇𝑇 (𝑛𝑛)𝑎𝑎𝑛𝑛

(26)

Fig. 16. Adaptive CE using LMS algorithm

Now taking the expected mean of the above equation MSE can be written as [25]:
𝐸𝐸[|𝑒𝑒(𝑛𝑛)|2 ] = 𝐸𝐸[𝑑𝑑 2 (𝑛𝑛)] + 𝑎𝑎𝑛𝑛𝑇𝑇 𝐸𝐸[𝑥𝑥(𝑛𝑛)𝑥𝑥 𝑇𝑇 (𝑛𝑛)]𝑎𝑎𝑛𝑛
− 2𝐸𝐸[𝑑𝑑(𝑛𝑛)𝑥𝑥 𝑇𝑇 (𝑛𝑛)]𝑎𝑎𝑛𝑛

(27)

The cross correlation vector 𝑃𝑃𝐶𝐶𝐶𝐶 between the desired response 𝑑𝑑(𝑛𝑛) and the input signal
𝑥𝑥(𝑛𝑛) can be expressed as:
𝑃𝑃𝐶𝐶𝐶𝐶 = 𝐸𝐸[𝑑𝑑(𝑛𝑛)𝑥𝑥(𝑛𝑛)]
= 𝐸𝐸[𝑑𝑑(𝑛𝑛)𝑥𝑥(𝑛𝑛) 𝑑𝑑(𝑛𝑛)𝑥𝑥(𝑛𝑛 − 1) 𝑑𝑑(𝑛𝑛)𝑥𝑥(𝑛𝑛 − 2) … … … 𝑑𝑑(𝑛𝑛)𝑥𝑥(𝑛𝑛
(28)
− 𝐿𝐿) ]𝑇𝑇

The input correlation matrix 𝑅𝑅𝐶𝐶𝐶𝐶 is defined as given below:
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𝑅𝑅𝐶𝐶𝐶𝐶 = 𝐸𝐸[𝑥𝑥(𝑛𝑛)𝑥𝑥 𝑇𝑇 (𝑛𝑛)]
𝑥𝑥(𝑛𝑛)𝑥𝑥(𝑛𝑛 − 𝐿𝐿)
𝑥𝑥(𝑛𝑛)𝑥𝑥(𝑛𝑛 − 1)
𝑥𝑥(𝑛𝑛)𝑥𝑥(𝑛𝑛 − 2) … … … . …
𝑥𝑥 2 (𝑛𝑛)
𝑥𝑥(𝑛𝑛 − 1)𝑥𝑥(𝑛𝑛 − 2) … … . . 𝑥𝑥(𝑛𝑛 − 1)𝑥𝑥(𝑛𝑛 − 𝐿𝐿)�
= � 𝑥𝑥(𝑛𝑛 − 1)𝑥𝑥(𝑛𝑛)
𝑥𝑥 2 (𝑛𝑛 − 1)
𝑥𝑥 2 (𝑛𝑛 − 𝐿𝐿)
𝑥𝑥(𝑛𝑛 − 𝐿𝐿)𝑥𝑥(𝑛𝑛) 𝑥𝑥(𝑛𝑛 − 𝐿𝐿)𝑥𝑥(𝑛𝑛 − 1) 𝑥𝑥(𝑛𝑛 − 𝐿𝐿)𝑥𝑥(𝑛𝑛 − 2) … … . .

(29)

𝑇𝑇
The MSE can be written as 𝑀𝑀𝑀𝑀𝑀𝑀 = 𝐸𝐸[𝑥𝑥 2 (𝑛𝑛)] + 𝑎𝑎𝑛𝑛𝑇𝑇 𝑅𝑅𝐶𝐶𝐶𝐶 𝑎𝑎𝑛𝑛 − 2𝑃𝑃𝐶𝐶𝐶𝐶
𝑎𝑎𝑛𝑛 . Minimization of this
MSE equation in terms of tap weight 𝑎𝑎𝑛𝑛 is conceivable to adaptively tune the equalizer to
curtail the ISI in the received signal. Let the cost function 𝐽𝐽(𝑎𝑎𝑛𝑛 ) as the MSE which is
basically the function of tap gain vector 𝑎𝑎𝑛𝑛 . Minimization process is done by taking the
derivative and putting the derivative equal to zero as given below:
𝜕𝜕

𝜕𝜕𝑎𝑎𝑛𝑛

𝑛𝑛
𝑛𝑛𝑛𝑛
𝐽𝐽(𝑎𝑎𝑛𝑛 ) = −2𝑃𝑃𝐶𝐶𝐶𝐶
+ 2𝑅𝑅𝐶𝐶𝐶𝐶
𝑎𝑎𝑛𝑛 = 0

𝑛𝑛
𝑛𝑛𝑛𝑛
𝑛𝑛𝑛𝑛
= 𝑅𝑅𝐶𝐶𝐶𝐶
𝑎𝑎�,
𝑎𝑎�𝑛𝑛 = 𝑅𝑅𝐶𝐶𝐶𝐶
𝑃𝑃𝐶𝐶𝐶𝐶
𝑛𝑛

−1 𝑛𝑛
𝑃𝑃𝐶𝐶𝐶𝐶

(a) Implementation of IEEE 802.11 transceiver using LMS CE

(30)

(b) IEEE 802.11p Transmitter in GRC
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(c) IEEE 802.11p Receiver in GRC
Fig. 17. IEEE 802.11p GNU Radio Implementation Blocks

Eventually, the Minimum Mean Square Error (MMSE) or the optimal cost function in terms
of optimal tap gain vector 𝑎𝑎�𝑛𝑛 can be written as given below:
𝑇𝑇

𝑛𝑛
𝐽𝐽𝑜𝑜𝑜𝑜𝑜𝑜 = 𝐽𝐽(𝑎𝑎�𝑛𝑛 ) = 𝐸𝐸[𝑑𝑑(𝑛𝑛)𝑑𝑑 ∗ (𝑛𝑛)] − 𝑃𝑃𝐶𝐶𝐶𝐶
𝑎𝑎�𝑛𝑛

(31)

𝑦𝑦(𝑛𝑛) = 𝑎𝑎𝑇𝑇 (𝑛𝑛)𝑥𝑥(𝑛𝑛)

(32)

𝑎𝑎𝐿𝐿 (𝑛𝑛 + 1) = 𝑎𝑎𝐿𝐿 (𝑛𝑛) − 𝛼𝛼𝑒𝑒 ∗ (𝑛𝑛)𝑦𝑦𝐿𝐿 (𝑛𝑛)

(34)

The LMS is computed through the 𝑛𝑛 iterative processes of minimization of the cost function
to get the convergence state of the equalizer and adaptive adjustment of tap weight vector
which can be summarized by the equations given below:

𝑒𝑒(𝑛𝑛) = 𝑥𝑥(𝑛𝑛) − 𝑦𝑦(𝑛𝑛)

(33)

L is the number of delay taps in the fading channel model, 𝛼𝛼 is the step size which defines
the rate of convergence and stability of the LMS algorithm, 𝑎𝑎𝐿𝐿 (𝑛𝑛 + 1) denotes the weight
vector to be computed at iteration (𝑛𝑛 + 1) . The stability of 𝛼𝛼 is defined within the range

0 < 𝛼𝛼 < ∑𝐿𝐿

2

𝑗𝑗=1 𝜆𝜆𝑗𝑗

𝑛𝑛𝑛𝑛
, here 𝜆𝜆𝑗𝑗 is the 𝑗𝑗𝑗𝑗ℎ Eigen value of the convergence matrix 𝑅𝑅𝐶𝐶𝐶𝐶
.
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Fig. 18 (a) illustrates the FER performance after applying LMS CE technique during data
symbol transmission over Rayleigh (NLOS) and Rician (LOS) distributed fading channels. It
has been noticed that the adaptive LMS CE technique reduced FER at the receiver that is
represented in dotted line in Fig. 19 (a) for both the channel models with compared to the
not equalized FER which are represented in solid line in Fig. 19 (a). Here the receiver has
given significantly less FER when the SNR approaches at 25 dB.
Fig. 18 (b) illustrates the LMS CE estimator performance for different normalized Doppler
frequency values in Rician (LOS) fading channel. It has been observed that with increasing
the relative speed 𝑣𝑣 ∊ {84, 120,150} 𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚𝑚 (𝑚𝑚)/𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠𝑠 (𝑠𝑠) and corresponding normalized
Doppler frequency 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 ∊ {0.0133, 0.0188,0.0235}, the FER has significantly lower values
while SNR approaches at 25 dB.

(a) FER vs. SNR, 16-QAM, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133

(b) FER vs. SNR, 16-QAM, 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 ∊ { 0.0133, 0.0188, 0.0235}

Fig. 18. LMS CE estimator performance comparisons for 16-QAM, 24 Mbps data rate, Rayleigh and
Rician channel model; (a) FER vs. SNR for 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 =0.0133; (b) FER vs. SNR with different normalized
Doppler shift 𝑓𝑓𝑑𝑑 𝑇𝑇𝑠𝑠 = 0.0133, 0.0188 and 0.0235 respectively

8. Conclusion

At the receiver, LS and training symbol based adaptive LMS CE techniques have been
applied in GNU Radio and USRP N200 platform to minimize the FER of IEEE 802.11 a/g/p
standard transceiver while data pass through the wireless fading channel models developed
in GRC. More precise approximation of SNR is done by modifying the SNR calculation
process of YANS and NIST error rate model as mentioned in the equation no. (15) to get
accurate BER and FER of IEEE 802.11 a/g/p standard transceiver. The wireless fading
channels can be expressed as the FIR filter with delay taps and complex tap coefficients that
actually gives impulse response by adding certain distortion to the amplitude and phase of
the transmitted symbol. Here it has been observed that for fading channels LMS CE
techniques give better performance as it adjusts with the channel condition through the
training based adaptive minimization process of error cost function. According to the FER vs.
SNR curve analysis, for the both of fading channel models known as Rayleigh and Rician,
assigned Power Delay Profile (PDP), normalized Doppler shift 0.0133, chosen modulation
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scheme 16 QAM and data rate 24 Mbps, the receiver has given suggestively less FER while
SNR approaches at 25dB. Therefore, according to the analysis, it has been stated that applied
channel estimation and equalization technique enhances the receiver sensitivity.
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