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Abstract—Multiband orthogonal frequency-division multiplexing
(MB-OFDM) systems employ a frequency-hopping technology to
achieve the capabilities of multiple access and frequency diver-
sity. However, they also complicate the packet detector (PD) and
time–frequency code synchronization in terms of the requirement
for fast synchronization of frequency hopping, extremely low
receiver sensitivity, and high hardware complexity. In this paper,
we first systematically analyze the differences between MB-OFDM
and conventional OFDM systems and then propose a band-
tracking PD (BT-PD) that can cope with a worse-case multipath
channel signal-to-noise ratio of −8.4 dB with a packet detection
error rate of less than 10−5. We also propose several low-cost
design schemes for the BT-PD, such as Walsh–Hadamard decompo-
sition, buffered-summation, and sign-bit-remaining methods. The
estimated gate count of the resulting implemented BT-PD is less
than half that of the existing solutions.

Index Terms—Orthogonal frequency-division multiplexing
(OFDM), time–frequency code (TFC), ultrawideband.

I. INTRODUCTION

MULTIBAND orthogonal frequency-division multiplex-
ing (MB-OFDM) technology (or the so-called time–

frequency interleaved OFDM) has recently been applied to
wireless personal area networks [1], [2]. This technique in-
creases both the traffic capacity and the frequency diversity, and
it follows the relevant Federal Communications Commission
(FCC) regulations, which specify that the spectrum from 3.1
to 10.6 GHz can be used for unlicensed ultrawideband com-
munication devices. Furthermore, MB-OFDM employs several
types of time–frequency codes (TFCs) in the preamble part
to easily identify the packet properties and frequency-hopping
sequences. However, although MB-OFDM can lever the suc-
cessful experience of other OFDM systems, such as wireless
local area network (WLAN) [3] and digital video broadcasting
terrestrial television [4], there are still many differences be-
tween MB-OFDM and conventional OFDM systems, and these
differences are often the bottlenecks of system performance. As
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Fig. 1. Critical components of the MB-OFDM receiver.

illustrated in the dashed box of Fig. 1, the potential bottlenecks
of the receiver front end are given in the list that follows.

1) Feedback control to the radio frequency (RF) circuit.
Controlling the hopping of the RF circuit requires a feed-
back path from baseband to RF. The building blocks of
the analog/RF circuit and the front end for the baseband
are shown in Fig. 1, where z−D and z−P denote the la-
tencies of analog-to-digital converter (ADC) and packet
detector (PD), and z−R and z−C are the processing delays
of the controller and the RF circuit. The processing delay
of the feedback loop results in an iteration bound [11]
that limits the system operation speed and performance.

2) Requirement for high noise immunity. To avoid interfer-
ing with the existing services for other communication
systems, the power spectral density of MB-OFDM must
not exceed −41.25 dBm in a 1-MHz bandwidth [1]. The
power spectral density of the interference at the receiver
of the MB-OFDM system could be 107 higher than that
of the MB-OFDM signal. Therefore, the noise immunity
capability in the MB-OFDM receiver should be higher
than that of the existing commercial OFDM systems.

3) Large hardware complexity. The receiver should iden-
tify different TFCs by detecting the preamble symbols
of received packets. Hence, the order of the hardware
complexity is proportional to both the frequency diversity
and the type of preamble. For example, there are six
preamble types for six band-hopping sequences, so the
receiver PD has to handle six different cases and has to
control the RF hopping process very rapidly. In addition,
because the OFDM symbols are transmitted sequentially
in three bands, as shown in Fig. 2 [1], the channel

0018-9545/$25.00 © 2007 IEEE



3792 IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. 56, NO. 6, NOVEMBER 2007

Fig. 2. Hopping diagram for the MB-OFDM system.

Fig. 3. Block diagram of the proposed BT-PD.

parameters, such as the channel group delays, channel
impulse responses (CIRs), and carrier frequency offsets
(CFOs), are all unfolded three times. Huge hardware
complexity is therefore unavoidable.

4) Low power requirement. MB-OFDM systems are often
applied in portable devices, and hence, a low power
consumption is also required.

In this paper, we systematically analyze the challenges and
implementation difficulties of the MB-OFDM system, focusing
on the baseband front-end circuits that are shown in the dashed
box in Fig. 1. To address the aforementioned difficulties, we
propose a combined solution—called the band-tracking PD
(BT-PD) algorithm—that includes both performance and hard-
ware improvements. The details of the proposed BT-PD are
shown in Fig. 3, where the functions of the building blocks are
given in the list that follows.

• PD: The PD is the datapath circuit that quantifies the
strength of input signal in each band. The design goal
of the PD is to maximize the signal-to-noise ratio (SNR)
while minimizing the gate count of hardware.

• PD procedure control (PDPC): The PDPC involves judg-
ing whether a signal is present by using several PD outputs
from each band. The PDPC can also search the optimal
symbol boundary to help the robustness of the equalization
after the fast Fourier transform (FFT) block.

• Frequency-hopping control (FHC): The FHC circuit con-
trols the RF circuit to receive signals on the correct bands.

To overcome the difficulties in the implementation of the
aforementioned components, we propose a series of solutions
in our baseband front end, which are called the BT-PD. It
cannot only cope with the frequency-hopping environment by
actively tracking the receiving band but also requires very little
hardware. The BT-PD can operate well at an SNR of −8.4 dB
with a packet detection error rate (PDER) of less than 10−5 in
the channel with the worse-case fading.

Hardware implementation is also a major challenge to the
MB-OFDM system and should be considered with the perfor-
mance degradation. We therefore also propose very large scale
integration implementation methods to relax the hardware com-
plexity and the iteration bound. The proposed methods are the
sign-bit-remaining method, Walsh–Hadamard (W–H) decom-
position method, buffered-summation method, and pseudonon-
causal relaxation (PNCR) method.

The remainder of this paper is organized as follows:
Section II provides an overview of the difficulties associated
with MB-OFDM. In Sections III and IV, we derive the algo-
rithms for the PD and PDPC, respectively. We then simulate
the BT-PD in worst-case conditions and analyze its perfor-
mance in Section V. The low-cost hardware approaches of the
BT-PD are presented in Section VI, and in Section VII, we
briefly summarize our paper.

II. MB-OFDM DESIGN ISSUES IN THE

BASEBAND FRONT END

A. Review of the MB-OFDM Specification

1) Frequency Hopping for Adjacent Symbols: In Fig. 2,
each OFDM symbol, including the packet preamble, will be
transmitted on specific bands as determined by a given TFC.
We have to redesign the PD to detect packets in accordance
with this protocol. In addition, to highlight the problems of
a conventional PD, we plot the architecture of a conventional
PD apparatus [5] in Fig. 4. The lower branch (containing a
squarer) calculates the input signal power, and the upper branch
(containing a multiplier) calculates the signal correlation power
between adjacent symbols. If the received signal comprises
only noise, the power ratio Mn is 0 because the output power
of the cross-correlation function between adjacent symbols is
almost 0. Otherwise, if the received signal is the preamble
part of the packet, the output of the cross-correlation function
between adjacent symbols is almost the same as that of the
autocorrelation function of the preamble part, so the power ratio
Mn is much larger. Fig. 5 shows the output waveform of the
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Fig. 4. Traditional PD.

Fig. 5. Symbol correlation output of a traditional PD.

power ratio. We can set the threshold value between 0 and 1
for determining whether a packet has been received. However,
using the correlation power is no longer suitable for the MB-
OFDM system because the adjacent symbols are conveyed in
different bands, whereas the received band is fixed before the
packet is detected.

2) Large Dynamic Range of the Received Power and the
SNR: Unlike a WLAN application where the PD can be truly
active after the automatic gain control (AGC) and variable-
gain amplifier (VGA) have stabilized, the PD in some MB-
OFDM receivers must be active before the AGC/VGA is stable
to correctly assign the RF signal to the next receiving band. For
this architecture, the PD should work well over a power range
of more than 60 dB, even if the ADC is saturated. In addition,
because the input SNR is from 24 to −8.4 dB as previously
mentioned, the large dynamic ranges of the input power and
the SNR make designing the PD difficult. Indeed, none of the
existing solutions [5]–[7] can cope with this problem.

B. Hardware Implementation Problems

In addition to the aforementioned issues, there are many
stringent hardware implementation problems associated with
MB-OFDM.

1) Large Hardware Complexity for Different TFCs: To meet
the spectrum mask of the RF band defined by the FCC, the
MB-OFDM specification exploits coefficients of preamble se-
quences with more than 5-bit precision [1]. Moreover, there
are six TFCs, each with 128 different taps. Therefore, if we
implement the circuit directly (we denote the circuit as “di-
rect implementation” in this paper), the total coefficients of
the matched filter comprise 5× 128× 6 bits. Low-cost design
must therefore be considered both in the transmitter and the
receiver.

2) RF–Baseband Iteration Bound: The building blocks of
the RF and baseband circuits are shown in Fig. 1. Because
zero padding is exploited in MB-OFDM to reduce the power

consumption and the passband ripple [1], the receiver should
postpone T samples to collect the postcursor of the OFDM
symbol to add it back to the FFT window. The circuit is denoted
as the overlap and add (OLA) circuit. The total aforementioned
delay should be less than the zero-padding length (denoted as
ZP ) between adjacent symbols, yielding

ZP ≥ D + P + T +R+ C. (1)

The typical values used in (1) are ZP = 37, D = 5 (pipeline
ADC), R = 1, C = 5 (corresponding to a 9-ns switching time,
as proposed in [1], with a 1.89-ns sampling rate), and P = 4
(by the unfolding 4 method [7]). Thus, the OLA delay T is less
than 22, which is not met by the required OLA period T of
channels CM3 and CM4 [5]. Therefore, the long latency of the
feedback loop could degrade the performance for long-duration
channels.

3) Different Group Delays in Each Band: Different bands
exhibit different phases, and therefore, three CFOs should be
compensated. Furthermore, different bands could exhibit dif-
ferent group delays [8], as follows:

τ(ωi) = −
{
arg

[
H

(
ejωi

)]}
, i = 1 ∼ 3 (2)

where the ωi values are the center frequencies of the three
hopping bands. The presence of different group delays in each
band is more serious than the CFO because the PD should
search a different FFT window immediately and provide the
information to the OLA and the FFT circuit before normal
receiving.

In Section III, we derive our BT-PD algorithm that can
alleviate the aforementioned problems.

III. PD OF THE PROPOSED BT-PD ALGORITHM

The proposed BT-PD comprises the three major components
shown in Fig. 3: 1) the PD, 2) PDPC, and 3) FHC. In this
section, we introduce the PD and its subcomponents: symbol
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Fig. 6. Datapath block diagrams of the BT-PD. (a) SC and SD in the PD for TFC = 1. (b) Detailed circuit of the SD.

combiner (SC), symbol detector (SD), and channel length in-
dicator (CLI). The algorithm derivation of the PDPC and the
FHC is discussed in Section IV.

A. SC

The block diagrams of the SC and SD are shown in
Fig. 6(a) and (b), respectively. To increase the noise immunity,
we use an SC to combine several preamble symbols—instead
of using only one symbol—to detect the packet arrival. Because
the preamble symbols are repeated, this technique will increase
the effective SNR. However, because the RF circuit for receiv-
ing is fixed at a specific band before the PDPC formally declares
that a packet has arrived, the received signal only appears in the
time slot when the transmitted band is the same as the (fixed)
receiving band. Therefore, we have to collect signal samples in
a queue and sum the suitable time slot when there are signals,
such as [1]

x(n) =
J−1∑
k=0

r(n−BWk), for TFC = 1 and 2 (3)

x(n) =
J−1∑
k=0

r (n− 2BW �k/2�+W ((k))2)

for TFC = 3 and 4 (4)

x(n) =
J−1∑
k=0

r(n−Wk), for TFC = 5 and 6 (5)

where r(n) is the received signal in the baseband, J is the
number of combined symbols, B is the total number of bands in
the band group, W is the total number of samples in one OFDM
symbol, “�·�” denotes the round-to-floor operation, “((·))2”
denotes the base-2 remainder operation, and

W = N + L (6)

where N is the FFT window size, and L is the zero-padding
duration. Typical values of B, N , and L are 3, 128, and 37,
respectively. From (3), the maximal length of the input queue is

G = (J − 1)BW + 1. (7)

The SC can improve the received SNR by J times. In addition,
because the storage devices of the input queue can be shared
with other components, such as the sampling frequency offset
compensation circuit or the frame synchronization circuit, there
is no extra loading for the memory devices in the SC.

B. SD

The proposed SD structure is shown in Fig. 6(b). The upper
block in the figure is the matched filter, which is a finite impulse
response (FIR) filter with preamble coefficients as filter coeffi-
cients, and the lower block is the power meter, which provides
the power sum of tap data. Before deriving the algorithm, we
explain the basic properties of the preamble coefficients of the
MB-OFDM system. We define the coefficient vector as

C ≡ [c0, c1, . . . , cN−1]T (8)

where the ci variables are the preamble coefficients. The inner
product of the coefficient vector is normalized as [1]

CHC = N. (9)

Because zero-padding signaling is adopted in the MB-OFDM
system, the transmitted OFDM symbol can be expressed in the
following vector form:

s(n) = [s(n), s(n+ 1), . . . , s(n+W − 1)]T (10)

s(n) =
{
c((n))W

, if ((n))W < N
0, otherwise

(11)
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where ((n))W denotes the remainder of n divided by W . From
the quasi-orthogonal properties of the preamble coefficients, the
cross correlation between the coefficient vector and transmitted
symbol vector is

[
CT ,0TL

]T
s(n) = δ(κ) + v(κ) ∼= δ(κ) (12)

and

κ ≡ ((n))W (13)

where δ(·) is the delta function, 0L is the zero vector with
length L, and v(·) is the small sidelobe signal, which can be
neglected because ‖δ(0)‖2 
 ‖v(κ)‖2 for all κ.

On the receiver side, we assume that there are J symbols
combined together in the SC, as shown in Fig. 6(a). To simplify
the derivation, we assume that the CFO is small, so the received
signal of the preamble part can be expressed in the following
matrix form [10]:

X(n) =JS(n)h+
J−1∑
k=0

nk(n) (14)

X(n) = [x(n), x(n+ 1), . . . , x(n+W − 1)]T (15)

h = [h0, h1, h2, . . . , hNm−1]T (16)

S(n) = [s(n), s(n− 1), . . . , s(n−Nm + 1)] (17)

where {hl} denotes the normalized CIR, Nm is the channel
duration, and nk(n) is the independent identically distributed
noise vector with power σ2

n. Substituting (12) into (14), and
assuming that the received signal power is σ2

s , yields that the
matched-filter output divided by JNσs is the estimator of the
normalized CIR, i.e.,

1
JNσs

CHX(n) = ĥκ +CH
J−1∑
k=0

nk(n). (18)

The output power An of the matched filter is

An = CHX(n)XH(n)C. (19)

Substituting (18) into (19), and taking the expectation value,
yields

Ãn ≡ E[An]

=CHE
[
X(n)XH(n)

]
C

= J2N2σ2
s |ĥκ|2 + JNσ2

n. (20)

Therefore, the expectation value of the average sum output is

Ẽn ≡ E[En] =
n+Nm−1∑
k=n

Ãk = J2N2σ2
s + JNmNσ2

n (21)

where we use the property of the normalized channel, i.e.,

Nm−1∑
κ=0

|hκ|2 = 1 (22)

and assume that Nm is known and can be obtained from the
CLI. The derivation of Nm is explained in Section III-C. Next,
the power-meter output Bn and its expectation value are

Bn = X(n)HX(n) (23)

and

B̃n ≡ E[Bn] = E
[
X(n)HX(n)

]
= Nσ2

x = N(J2σ2
s + Jσ2

n).
(24)

If a signal is not received or the signal in the matched filter does
not match the coefficient vector (i.e., σ2

s = 0 and σ2
x = σ2

n), the
expectation value of the filter output can be derived from (20),
(21), and (24) as

D̃n ≡ E[Dn] =
Ẽn

B̃n

=
JNmNσ2

n

JNσ2
x

= Nm. (25)

Otherwise, if the SD receives a preamble signal with correct
timing, the matched-filter output is

D̃n =
J2N2σ2

s + JNmNσ2
n

N(J2σ2
s + Jσ2

n)
=

JNσ2
s +Nmσ2

n

Jσ2
s + σ2

n

. (26)

To provide an intuitive understanding, we consider two extreme
cases. First, for very high SNR (i.e., σ2

s 
 σ2
n), the SD output

is bounded by

D̃n ≈ N. (27)

Second, for very low SNR (i.e., σ2
s � σ2

n), the PD output is

D̃n ≈ JN · SNR +Nm. (28)

The SD output is connected to the decision circuit (i.e., the
PDPC), and we can set a threshold level η in the PDPC. If the
SD output Dn is larger than the level in the PDPC, this means
that a packet has arrived. The properties of the proposed SD are
given in the list that follows.

1) The SD can operate well in poor-SNR conditions. In con-
trast to a traditional PD, which fails in the low-SNR case,
our SD in the BT-PD will increase the input sensitivity
JN times in the poor-SNR condition.

2) From the extreme case of (27) and (28), the output is
bounded from N to Nm so that the threshold level is
independent of the input power.

3) The division E/B in (26) and in Fig. 6 can be avoided
simply by checking the following inequality:

En ≥ Bn · η (29)

where η is the threshold level in the PDPC.
4) For the kth preamble symbol, the best symbol window

X(n0) can be obtained from the SD output from

{
X(n0)|n0 = argmax

n
(Dn), kW < n ≤ (k + 1)W

}
.

(30)
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In addition, the best FFT window can also be ob-
tained from{

X′(n1)|n1 = argmax
n

(An), kW < n ≤ (k + 1)W
}

(31)

where

X′(n1) ≡ [x(n1), x(n1 − 1), . . . , x(n1 −N + 1)]T .
(32)

Therefore, the SD provides the symbol synchronization
information to the circuitry of the inner receiver, such as
the FFT and OLA circuits, and the equalizer.

5) After considering the CFO, there is no closed-form solu-
tion of the SD output such as (25)–(28) for different TFCs
or different J values in (26). We discuss this issue in the
Appendix.

6) The power meter in the BT-PD can be used for other
purposes. For example, in the clear channel assignment
(CCA) process, the power meter can provide the input
power value to calculate the gain of the AGC/VGA.

C. Run-Time CLI

In (21) and (22), we assume that the channel length Nm is
known in advance, which is not true in reality. If Nm is too
small, the energy in each multipath channel cannot be collected,
and the performance of the SD will be degraded. On the other
hand, if Nm is too large, the noise term in (26) will also degrade
the SD sensitivity. Our goal here is to propose a run-time CLI
that can estimate the channel length and provide it to the SD.
From [1], if we neglect the ray distribution, the CIR and the
distribution of the cluster arrival time are given by

h(t) =
V −1∑
l=0

αlδ(t− Tl) (33)

p(Tl|Tl−1) =Λ exp(−Λ(Tl − Tl−1)) , l > 0 (34)

where the property of αl is

E
[
|αl|2

]
= Ω0 exp(−Tl/Γ) (35)

where Γ is the root-mean-square (rms) delay of the CIR, V
is the number of multipaths, Λ is the cluster arrival rate, Tl is
the delay of the lth cluster, and Ω0 is the initial cluster power.
Assuming that the sampling period is T0, and substituting (34),
(35), and (22) into (33), the power of the normalized channel is

E
{
|hκ|2

}
= (1− exp(−T0/Γ)) exp(−κT0/Γ)

∼= (1− exp(−3/Nm)) exp(−3κ/Nm) (36)

where κ is defined in (13), and we assume that Nm is three
times the sampled rms delay Γ/T0. For this condition, 95% of
the channel energy will be included within 0 to Nm − 1 taps.
Next, from (36) and applying a Taylor expansion, the maximal
value of the estimated CIR can be replaced by Nm, as follows:

max
κ

E
{
|hκ|2

}
= (1− exp(−3/Nm)) ∼= 3/Nm. (37)

To estimate the channel length, we define parameter Fk as
Ak/Bk, and from (20) and (24), the expectation value of
Fk is

F̃n ≡ E[Fn] =
Ãn

B̃n

=
JNσ2

s |hκ|2 + σ2
n

Jσ2
s + σ2

n

. (38)

We neglect the noise term σ2
n in (38) and substitute (37)

into (38) using Fn instead of F̃n, which yields the following
estimated channel length:

Nm
∼= 3N/max

n
Fn. (39)

The optimal SD output can be obtained by substituting the value
of Nm into the average sum circuit or (21).

IV. PDPC AND FHC OF THE PROPOSED BT-PD

Conventional OFDM systems [5], [6] contain a simple de-
cision device at the output of the PD. The receiver declares
that a packet has arrived if the output of the PD is larger than
the threshold set in the decision device. However, this direct
approach will not work under an SNR as low as −8.4 dB in
the MB-OFDM environment. In this section, we systematically
derive the PDPC algorithm to enhance the correctness of the
detection by using hypothesis testing over several OFDM sym-
bols. We also derive the band-hopping algorithm of the FHC
circuit, which deals with the synchronization of the receiving
bands.

A. PDPC

1) Operation Description and Receiver Events: The lowest
acceptable SNR for the lowest data rate is −5.4 dB. However,
because the PD is at the baseband front end, the PD should be
able to cope with a more severe condition (worse by 3 dB, as
suggested in [1]) to ensure the correctness of symbol timing
and frequency hopping. Therefore, the PD should work well
below −8.4 dB, which is lower than that which the existing PDs
in OFDM systems can cope. To achieve the goal, we have to
design a PDPC that can detect the arrival of the packets as well
as avoid false alarms by a period of the SD outputs. The carrier
frequencies of transmitted preamble symbols will be hopped
according to different TFCs so that the receiver has to choose
the correct receiving band by recognizing the TFC provided by
the SD. Consequently, a vicious circle could occur if the PDPC
of the receiver is not sufficiently robust.

First, we use several binary events and the conditional events
to describe our detector behavior, as shown in Table I.

The operation of the PDPC can be explained by using
Table II. Assume that the OFDM preambles are transmitted
from the time slot n to the time slot n+ 20 and that the assigned
TFC code is 1. In other words, the transmitted bands of the
OFDM symbols follow the repeating sequence 1, 2, 3, . . . [1],
as shown in the third row of Table II. Next, we focus on the
PD in the receiver. Because the accumulated signal power in
the SC is quite small at the beginning of receiving, and the SD
output Dn is less than the given threshold level η, we denote
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TABLE I
RECEIVER EVENTS OF PDPC FOR TFC = 1

TABLE II
OPERATION EXAMPLE OF PDPC FOR TFC = 1. “–” DENOTES “NO EVENT,” AND “T” AND “F” DENOTE “TRUTH” AND “FALSE,” RESPECTIVELY

“False” in the fifth row and also denote the event as Uo in the
sixth row (following the event definition of Table I). The SD
output is eventually larger than the threshold η at the time slot
n+ 9, and we denote “True” in the fifth row and denote U1

event in the sixth row. Although there is a received signal and
the inequality Dn > η holds true, the PDPC will not order the
RF to hop immediately to avoid the false alarm. The PDPC must
continuously monitor more than, for example, two symbols and
thus order the RF to hop after the time slot n+ 15. The output
of SD must be also larger than the threshold level η in the time
slots n+ 16 and n+ 17 to make sure that there is a signal in
bands 2 and 3. After all the procedures are finished, the PDPC
formally declares that the packet has arrived after the time slot
n+ 18, and we denote “True” in the last row.

In the following sections, we will use hypothesis events such
as X , Y1, and Y2 in the seventh row of Table II to optimize the
PDPC by a formal approach in terms of lower false-alarm rate
and packet-loss rate.

2) Probabilities of the Performance and the Procedure-
Improved Gains: To evaluate the overall performance of the
PDPC, we define the following probabilities.

Definition 1: The conditional probabilities are

P Loss ≡P (H0|G1) (40)

P FA ≡P (H1|G0) (41)

P Normal ≡P (H1|G1)P (G1) + P (H0|G0)P (G0) (42)

P PDER ≡ 1− P Normal (43)
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where P Loss is the packet-loss probability, which is the prob-
ability that the test will fail to detect the arrival of the packet;
P FA is the probability of a false alarm, which is the probability
that the test incorrectly decides that a packet is present when ac-
tually there is none; P Normal is the probability of PD detection
without errors; and P PDER is equivalent to the PDER. P Loss

and P FA should be as small as possible to ensure that P PDER

is sufficiently low. To achieve the goal, we have to carefully
design the PDPC based on the probabilities of the SD according
to the following equations:

pm1 (η) ≡P (Um
1 (η)|G1)) (44)

pm0 (η) ≡P (Um
0 (η)|G0)) (45)

pmLoss(η) ≡P (Um
0 (η)|G1)) = 1− pm1 (46)

pmFA(η) ≡P (Um
1 (η)|G0)) = 1− pm0 . (47)

To simplify the derivation, we assume that all probabilities are
ergodic and independent of the symbol index; for example, we
denote pmFA as pFA.

The PDPC can overcome the weakness of the SD perfor-
mance. For example, to decrease the false-alarm probability, the
PDPC can exploit both pmFA and pm+1

FA to double-check whether
the signal has arrived. We use the following measures to assess
the performance of the PDPC.

Definition 2: The procedure-improved gains in case of both
false alarm and packet loss are denoted as GFA and GLoss,
respectively, i.e.,

GFA(η) ≡
pFA(η)
P FA(η)

(48)

GLoss(η) ≡
pLoss(η)
P Loss(η)

. (49)

As aforementioned, the performance of the SD may be insuffi-
cient in a severe environment. For example, for channels with
an extremely low SNR and worse-case multipath fading, we
have to arrange the receiving procedure to exhibit large GFA

and GLoss to ensure that P FA and P Loss are sufficiently small.
3) Design of the PDPC by Hypothesis Testing: To sys-

tematically design the PDPC, we assume that the PD has to
successfully receive l symbols at the first band and then start to
hop. The PD then has to successfully receive r symbols in each
band before declaring that a packet has arrived. In addition,
the total symbol count should be less than the total number of
preambles z. Consequently, we use the following hypothesis
test to declare the packet detection:

H1 :X ∩ Y1 ∩ Y2 (50)

H0 :S −X ∩ Y1 ∩ Y2 (51)

where S denotes the complete sample space, X denotes the
symbol loss period (within which the symbols that arrived are
not detected by the SD), Y1 denotes the fixed-band continuous
detection period (within which the receiving RF circuit is fixed
at the initial band and waits for all l symbols to be detected
before band hopping), and Y2 denotes the band-hopping con-
tinuous detection period (BHCDP), within which the RF circuit

will be hopping for each symbol and where there are at least r
symbols detected across all the bands. The BHCDP can ensure
that there are signals in each band in the case of a false alarm.
The PD will formally declare that a packet has arrived after
all three events occur. The events X , Y1, and Y2 are shown in
Table II and defined as follows:

X ≡
�i/B�⋂
j=0

UBj
0 (η1) {∀i|0≤ i < z−l−r−1} (52)

Y1 ≡
l−1⋂
k=0

U
�i/B�+Bk+1
1 (η2) {∀i|0≤ i<z−l−r−1}

(53)

Y2 ≡
r−1⋂
q=0

V
�i/B�+Bl+q+1
1 (η2) {∀i|0≤ i<z−l−r−1}

(54)

where B is the total number of bands in the band group, and
η1 and η2 are the threshold levels for X and {Y1, Y2} events.
Substituting (44)–(47) into (50) and according to the events of
(52)–(54), the probabilities of correct detection and packet loss
are, respectively

P (H1|G1) =
z−Bl−r−1∑

i=0,((i))B=0

p
�i/B�
Loss (η1) · (1− pLoss(η2))

l

· (1− pLoss(η2))
r (55)

P (H0|G1) = 1− P (H1|G1). (56)

In addition, the false-alarm and normal-silence probabilities
during the period when z symbols arrive are, respectively

P (H1|G0) = (z −Bl − r)plFA(η1)prFA(η2) (57)

P (H0|G0) = 1− P (H1|G0). (58)

From (56) and (57), and assuming η1 = η2 = η, the procedure-
improved gains for false alarms GFA and packet loss GLoss on
a logarithmic scale are

GFA = −(l + r − 1) log {(z −Bl − r)pFA(η)} (59)

GLoss = log(pLoss)− log
{
1−

(
1− pLoss(η)z−Bl−r

)
· (1− pLoss(η))

l+r−1
}
. (60)

Therefore, the procedure of the PDPC can be used to decrease
the PDER.

B. FHC

Basically, the aforementioned PDPC is based on several
symbols to declare the packet arrival, but the major operation
of the FHC is restricted to one OFDM symbol. The FHC is
based on sampling data to search the optimal FFT window.
In addition, the FHC also searches the best switch time of the
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Fig. 7. State machine in the FHC.

Fig. 8. Waveform diagram for illustrating the tracking employed by the FHC
for the optimal symbol timing and FFT window.

receiving band to locate the exact symbol boundary. We have to
design an RF control algorithm to implement this mechanism.
A detailed state diagram of the FHC is shown in Fig. 7, whose
operation is explained with the waveform shown in Fig. 8, in
which the blue curve is the output of the SD. In region (I) of
Fig. 8, the initial state is the wait state. At the beginning of
region (II), the SD output Dn reaches the threshold level η0,
and the current state will temporarily shift to the countdown
state but will then immediately shift to the new threshold state
because the transition condition is also satisfied. After Dn

decreases, the state shifts to the countdown state, and the RF
circuit will hop to another band if the counter is complete.
Also, the hopping sequence would follow the given TFC, and
the current threshold level is set to the SD maximum of η1. In
addition, the new FFT window is calculated again by applying
(31) and the data in the FFT window are fed into the FFT
circuit. However, in region (III), Dn is again higher than the
original maximum value η1, and hence, the state machine also
shifts to the new threshold state and sets the threshold to η2.
Finally, the counter finishes the countdown in region (IV), the
current state shifts to the hopping state, and the RF circuit hops
to the next band and passes the captured FFT window to the
next stage. The aforementioned procedure will be repeated for
all three bands to obtain the optimal symbol timing of each
band. Although the group delay differs in the different bands,
as shown in (2), the state machine of the FHC will ensure that
the BT-PD continuously and actively tracks the optimal group
delay and provides optimal symbol and RF timing.

V. SIMULATION RESULTS AND PERFORMANCE ANALYSIS

A. Simulation Environment and Specification

The simulation block diagram is shown in Fig. 9. We used a
multiplexer and a demultiplexer to emulate the channel-hopping
effect. The receiver power was at the worst-case condition to
test whether the system can cope with low receiver sensitivity.

The specification in [1] defines that the start of a valid
OFDM transmission at a receiver level of at least −83.5 dBm
(minimum sensitivity at the lowest information data rate of
53.3 Mb/s) should cause CCA or the PD to declare “busy” with
a probability greater than 90% within 4.6875 µs. In the system
simulation, the SNR was −5.5 dB at the lowest information
data rate. To implement a more robust receiver front end, the
PD system should operate well at 3 dB below the lowest
information data rate. Therefore, our target SNR is −8.4 dB,
with packet-loss and false-alarm probabilities of less than 10−5.

B. Simulation of the BT-PD Operation

The SNR range of the BT-PD simulation was from 24.0
to −9.4 dB, with some nonideal effects such as the noise
figure, channel fading, frequency, and phase offset. The detailed
behavior of the BT-PD is provided in Fig. 10. Fig. 10(a) shows
the received power waveform, which indicates that the starting
point of the signal is blurred by the high noise power (SNR of
0 dB for the environment for this figure). Fig. 10(b) shows the
transmitting and receiving bands for each OFDM symbol. Both
lines are very close, indicating that our approach can correctly
trace the transmitting bands, although the receiver suffers from
multipath fading. Fig. 10(c) is the SD output waveform, where
the peak values for different OFDM symbols differ because
each has different timing, phase, and noise values. Therefore,
our FHC state machine in the BT-PD has to keep the maximum
output of the SD (the dashed line) and indicate the best FFT
window and best timing to the frame synchronization circuit.
Fig. 10(c) and (d) shows the symbol counter and sample
counter, respectively. The symbol counter counts the symbol
index from the first recognized preamble symbol and tells the
system what the symbol means (i.e., preamble or data). The
sample counter indicates the index of the current sample in this
OFDM symbol.

The simulation results indicate that the BT-PD can correctly
instruct the RF circuit to track the transmitted bands and
symbols in a channel with a poor SNR.

C. Performance Measures

We define two measures to evaluate the performance of
the PD system: the maximal correctly receiving probability
(MCRP), which is given by

MCRP ≡ max
η

{P Normal(η)} (61)

and the threshold range (TR) for which more than 90% of the
packets are correctly received, which is given by

TR ≡ max{η} −min{η}for {η|P Normal(η) ≥ 0.9} . (62)
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Fig. 9. Block diagram of the simulation environment. MUX: multiplexer; DEMUX: demultiplexer; AWGN: additive white Gaussian noise.

Fig. 10. Diagrams of the operation of the BT-PD. (a) Received signal power (SNR = 0 dB). (b) Transmit and receive bands. (c) SD output waveform.
(d) Symbol-counter index. (e) Sample-counter index.

From the MB-OFDM specification in Section V-A, the MCRP
should be higher than 1–10−5. However, the MCRP cannot
really reflect the performance when its value is very close to
1 because, for this case, we have to simulate a huge number of
packets to detect one that is received incorrectly to calculate
the MCRP. It may therefore be time consuming to evaluate
the probabilities for the full range of the threshold level. In
contrast, the TR is easily obtained after only several hundred
packet realizations. Moreover, the TR will change with any

minor modifications to the system and therefore provides an
easy method of determining detailed improvements and degra-
dations resulting from even minor changes in the PD system.

D. Performance Comparison

1) System Performance of an Existing Solution: The per-
formance simulations of the existing solution [9] are shown
in Fig. 11 by the three curves of the probabilities defined in
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Fig. 11. Performance of the existing PD for the CM4 channel with
SNR = −8.4 dB.

(40)–(42). The specification parameters are given in the list that
follows:

1) P Normal: the probability of the PD system correctly
detecting a packet within 4.6875 µs from the beginning
of a packet arrival;

2) P Loss: the probability of the PD system not detecting a
packet within 4.6875 µs from the beginning of a packet
arrival;

3) P FA: the probability of the PD system declaring “busy”
when there is no packet present.

For each point in Fig. 11, we ran 106 simulations for different
thresholds with different noise seeds and random timing offsets.
The SNR was −8.4 dB when the CM4 multipath channel
was used. The figure shows that the MCRP is only 0.47 at a
threshold level of 16, indicating that the performance does not
meet the specification described in Section V-A. In addition,
because P Normal is never higher than 90% for any threshold
level, the TR is 0.

2) System Performance of the Proposed BT-PD: The perfor-
mance of the proposed BT-PD is shown in Fig. 12, in which
there are three curves for each of P Normal, P FA, and P Loss

corresponding to three SNR values (−7.4, −8.4, and −9.4 dB),
and where the CM4 multipath channel was used. In addi-
tion, the parameters in (3) and (52)–(54) are J = 2, l = 2, and
r = 1, and the TFC is 1. Fig. 12 indicates that the suitable
TR will be low with a poor SNR but that there is still a large
range of the threshold level at which P Loss and P FA are both
sufficiently low. For our target SNR (−8.4 dB), the TR is
18.2, and the probability curves are replotted in Fig. 13 on a
logarithmic scale. This figure indicates that for a threshold level
of 22, the MCRP is almost 100% (or, for example, more than
1–10−5 in the restrictive sense). To sum up, our design can
declare “busy” correctly within 4.6875 µs at the TR from 18
to 24 under the worse-case multipath channel, with both P Loss

and P FA (or the P PDER) being less than 10−5. This result is
superior to that for the restrictive specification.

Fig. 12. BT-PD performance in the CM4 channel for SNR = −7.4, −8.4,
and −9.4 dB.

Fig. 13. BT-PD performance and MCRP for SNR = −8.4.

TABLE III
PERFORMANCE COMPARISONS OF DIFFERENT PD SCHEMES

In Table III, we compare the performances for several ex-
isting PD solutions. The simulation conditions are the same as
for Fig. 13. Because there is no power meter in [9] and the PD
cannot operate normally without using AGC, we assume that
the AGC is ideal in our simulation. In contrast, the tap-decrease
method in [12] reduces the taps of the matched filter so that
the performance is degraded relative to [9]. Table III indicates
that the proposed BT-PD algorithm is superior to other existing
approaches.
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TABLE IV
IMPLEMENTATION METHODS AND THEIR PURPOSES

TABLE V
MINIMAL MATCHED-FILTER OUTPUT FOR ALL TFCS FOR DIFFERENT TRUNCATED WORD LENGTHS OF THE PREAMBLE COEFFICIENTS

VI. HARDWARE IMPLEMENTATION OF THE

PROPOSED BT-PD

As mentioned in Section I, the hardware complexity of the
PDs is very high; thus, a low-cost design is essential. However,
the gate counts of the SC, PDPC, and FHC are much smaller
than those of the matched filters and power meter in the SD in
Fig. 6, and hence, we focus on the SD. We also propose a PNCR
method for relaxing the iteration bound in (1). For clarity, we
list our implementation schemes and their purposes in Table IV.

A. Sign-Bit Remaining in Preamble Coefficients

The coefficients in the matched filter are longer than 5 bits
to fully meet the precision of the original specification. This
long word length will increase the complexity of both the
transmitter and receiver. We reduce the word lengths (and,
hence, the hardware requirements) using a canonical sign digit
on the transmitter side and a word-length-truncation method on
the receiver side.

Assume that the ideal received signal is a vector C, as
defined in (8), and that the truncated coefficient vector of the
matched filter is Ctrun. Table V lists the matched-filter output
of CTCtrun for different truncated word lengths of the pream-
ble coefficients. For the full word length, the value of CTCtrun

is N (128), as shown by (9). It is evident that if there is only one
bit (the sign bit) for each coefficient, the orthogonality property
still holds true, and the loss at the matched-filter output is only
0.778 dB.

B. W–H Decomposition and Matched-Filter Retiming Method

Because only the sign information of the preamble coef-
ficients needs to be kept in the matched filter with slight
degradation, we can decompose each coefficient into two W–H
subsequences [9], as follows:

Ci = Ai ⊕ Bi, i = 1 − 6 (63)

where ⊕ denotes the W–H product, Ci is the coefficient vector
for the six TFCs, and Ai and Bi are factorized coefficients
with 16 and 8 taps, respectively. After applying W–H de-

Fig. 14. (a) Cascaded W–H matched filter. (b) Broadcast-type retiming FIR
filter. (c) Basic building block in both W–H filters.

composition, the total order of the matched filter is reduced
from 128 to (16 + 8) [i.e., a W–H hardware reduction factor of
128/(16 + 8)].

The hardware circuit of the decomposed matched filter is
shown in Fig. 14(a). We retime the FIR matched filter into the
data broadcasting type [11] for consistency with the operating
speed of 528 MHz. In addition, we precalculate the 1’s comple-
ment of the input signal to be used in each processing unit (PU),
as shown in Fig. 14(b), where sk is the kth coefficient (only one
bit) of Ai or Bi. To further reduce the hardware complexity and
avoid having to use an adder in the 2’s complement converter
(for multiplying by −1), we map multiplier coefficients of +1
and −1 onto 0 and 1, respectively. The adder in a traditional 2’s
complement converter (i.e., 2’s complement is 1’s complement
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Fig. 15. Low-cost scheme of the power meter.

plus 1) is combined with the adder in branch summation, as
shown in Fig. 14(c), where we use the carrier-in of the adder as
the function of “plus 1.” Applying the retiming method requires
only one adder in the PU and no multiplier.

C. Buffered Summation to Reduce the Squaring Circuit

Fig. 6 shows the 128 squaring circuits that are used to
calculate the input signal power. However, we use the buffered-
summation method to reduce the hardware complexity in a real
implementation, as shown in Fig. 15. When new data arrive,
we add the new squared data into the accumulator and subtract
the oldest squared data from the accumulator. This implemen-
tation requires only two squaring circuits and two adders (one
adder for adding new data and the other for subtracting the
oldest data).

D. PNCR Method

To relax the RF–baseband iteration bound, as shown in (1),
we approximate the matched-filter output as follows:

y[n] =
N−1∑
i=0

cix
k
n−i ≈

N−1∑
i=N−Q

cix
k
n−i +

N−Q−1∑
i=0

cix
k−1
n−i (64)

where Q is the relaxation factor, and k is the preamble symbol
index. The principle of operation is demonstrated in Fig. 16.
Fig. 16(a) shows the output waveform of the received data
and the original output of the matched filter. If a preamble
sequence is received, the matched filter of the SD will not detect
the preamble symbol until the full FFT window of length N
is filled. In contrast, Fig. 16(b) shows that Q samples of the
previous preamble symbol are used to replace those data that
have yet to be received, because the current preamble is almost
the same as the previous one if there is no noise or frequency
offset, and thus, the total latency is relaxed from N to N −Q.
For the first preamble symbol, the sensitivity of matched filter
will be degraded by (N −Q)/N because we do not have
previous preamble data in this case. However, the estimation
bias can be corrected in the second preamble symbol by using
the FHC state machine in Fig. 7. Therefore, the PNCR method
will only slightly degrade the PD performance. In addition, the
PNCR can also enhance the bit error rate by enlarging the
postcursor region and adding the samples in the region into
the FFT window using the OLA circuit.

E. Cost–Performance Comparison of the Low-Cost BT-PD

The calculated hardware reductions of the aforementioned
low-cost design methods are listed in Table VI(a), where N
is the number of points in the FFT, FD is the W–H hard-
ware reduction ratio, NC is the original word length of the
preamble coefficients in the matched filter, FT is the word-
length-reduction ratio of the preamble coefficient, and NX is
the input data word length. We assume that the complexity of
an adder depends on the input width and that the complexity
of the multiplier is the product of the word lengths of both
inputs. Using real numerical values in Table VI(a) results in
Table VI(b), where FD = 128/(8 + 16), FT = 5, N = 128,
NX = 5, and NC = 5. This indicates that the final gate count
of the combination circuit is only 2.28% that of the direct
implementation. In addition, the hardware complexity is only
half that in [12], where the cost-down approach reduces the tap
number by 4, which degrades the performance by 6 dB (i.e.,
10 log 4 dB).

We have introduced several low-cost implementation meth-
ods to reduce the area and power requirements. To clarify the
performance degradation for each low-cost method, we define
BT-PDs I–IV to enable a fair comparison of the performance.
The used methods for BT-PDs I–IV are listed in Table VII,
in which the related MCRP and TR are also given. The table
indicates that the TR is degraded by 8.1 (i.e., 18.2–10.1) after
the fixed-point implementation. In addition, there is almost no
degradation for the W–H decomposition (BT-PD III) relative to
the fixed-point version (BT-PD II). The TR is further decreased
by 2.7 (i.e., 9.8–7.1) after the implementation of the PNCR
in BT-PD IV. However, all of the BT-PDs meet the stringent
specification of the MCRPs all being larger than 1–10−5.

VII. CONCLUSION

The PD of a MB-OFDM system is very difficult to design
because of the requirement for frequency hopping and the
hardware complexity. In addition, it should be able to cope
with an SNR as low as −8.4 dB. Here, we have described the
difficulties both in algorithm and hardware implementations.
We propose a BT-PD that requires only 2.28% of the gates
and 50% of the hardware complexity relative to the direct
implementation method and other existing solutions described
in [12]. Moreover, the BT-PD can cope with a worst-case SNR
with a PDER of less than 10−5.

APPENDIX

PERFORMANCE DEGRADATION OF THE

BT-PD FROM THE CFO

As mentioned in Section III-B, there is no closed-form solu-
tion of the SD output if the CFO is considered. However, we can
calculate the maximal degradation of the performance to check
the feasibility of the proposed BT-PD algorithm. To simplify
the analysis of the CFO effect, we observe that the performance
degradation from the CFO can be neglected in the case where
the SNR is large (i.e., σ2

s > σ2
n), because the degradations in

the numerator and denominator in (26) are the same. Therefore,
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Fig. 16. SD output for (a) typical approach waveform and (b) PNCR method.

TABLE VI
COMPARISON OF HARDWARE COMPLEXITY. (a) MATHEMATICAL DERIVATION. (b) NUMERICAL VALUES
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TABLE VII
BT-PD HARDWARE SCHEMES AND RELATED IMPLEMENTATION LOSSES

the degradation of the SD output is more serious in a low-
SNR environment. We start our derivation with the simplest
case TFC = 1, where the periods between symbols in the same
band are also the same. Thus, the received signal of (14) can be
modified as follows (see [5] and [6]):

X(n, ε) =
J−1∑
k=0

Φ(kBW, ε)S(n)h+
J−1∑
k=0

nk(n) (A1)

Φ(kBW, ε) =diag
(
ej2πεkBW , ej2πε(kBW+1)

. . . , ej2πε(kBW+W−1)
)

(A2)

where ε is the normalized CFO relative to the sampling clock,
and B, W , J , and κ are defined in (3)–(7) and (13). Next, (20)
can be modified as

Ãn(ε) ≡CHE
[
X(n, ε)XH(n, ε)

]
C

=

∣∣∣∣∣
J−1∑
k=0

ej2πε(n+kWB)

∣∣∣∣∣
2

N2σ2
s |ĥκ|2 + JNσ2

n. (A3)

For the low-SNR case, because the denominator of (26) is
dominated by the noise term σ2

n and is not decreased, the output
degradation of the SD is bound by

∆D̃n(ε) ≤
Ãn(ε)

Ãn(0)

=

∣∣∣∣J−1∑
k=0

ej2πε(n+kWB)

∣∣∣∣
2

N2σ2
s |ĥκ|2 + JNmNσ2

n

J2N2σ2
s |ĥκ|2 + JNσ2

n

. (A4)

To gain a realistic feeling for the CFO degradation, we pro-
vide an example to calculate the maximal ∆D̃n(ε) in (A4).
The following numerical values are used in (A4): the central
frequency is 3432 MHz (i.e., the first band), J = 2, the CFO is
as bad as 40 ppm, the SNR is −8.4 dB, the sampling rate is
528 Mb/s, N = 128, and the channel has an ideal impulse
response with additive white Gaussian noise. These values
result in a degradation of the SD output of −1.68 dB. In
other words, the required SNR with the same PDER should
be increased by 1.68 dB. This value is smaller than the SC
processing gain 10 log(J) (i.e., 3 dB) in (28). For other TFC

cases, the CFO performance degradation is similar but less
serious, because the period between received symbols in the
same band is smaller than in the case TFC = 1. Therefore, the
proposed BT-PD algorithm improves the performance for all
TFCs, even in the worst CFO condition.
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