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Abstract Bluetooth (BT) is by far the most popular short-
range technology for the development of wireless personal
area networks and body area networks. Nowadays, BT 2.0
and 2.1 + EDR are the most extended and implemented
versions of BT standard. This article presents an analytical
model that computes the packet delay of transmissions that
utilize this version of BT in noisy environments. The
model, which takes into account the packet retransmissions
caused by noise, is particularized to calculate the mean
packet delay as a function of the signal-to-noise ratio for
the different enhanced data rates provided by BT 2.0 and
2.1 specifications. Thus, the model permits evaluating the
efficiency of using these enhanced rates in the presence of a
certain noise level.

Keywords Bluetooth - Enhanced data rate - RFCOMM -
Packet delay

1 Introduction

Bluetooth (BT) communication standard has been widely
adopted for the deployment of personal area network
(PAN) and body area network (BAN) networking
applications.
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Although it was initially created to avoid cables in short
range networks, BT interfaces have been integrated into a
high diversity of commercial devices, from handheld pro-
ducts (smartphones, laptops, electronic pads, tablets) to
medical sensors, automobile electronics, music players,
headsets or gaming consoles such as Sony PlayStation 3 or
Nintendo Wii. This expansion of BT-enabled hardware
fostered the release in 2004 of a version of the standard
(BT 2.0 4+ EDR) aimed at providing a bandwidth higher
than the basic speed supported by BT 1.1 and 1.2 versions.
In BT 1.1 and 1.2 this basic bit rate of 1 Mbps was
achieved with a Gaussian frequency shift keying (GFSK)
modulation. On the contrary, the main novelty of BT
2.0 + EDR and 2.1 4+ EDR standards [1, 2] (hereinafter
referred to as BT 2.x + EDR) is the adoption of two new
modulation schemes. These schemes allow a faster data
transfer through the so-called enhanced data rates (EDR).
These novel differential phase shift keying (DPSK) based
schemes (m/4-DQPSK and 8-DPSK) enable the transmis-
sion of the BT packet payload at a bit rate of 2 Mbps or 3
Mbps, respectively.

BT physical layer operates in the Industrial, Scientific
and Medical (ISM) 2.4 GHz unlicensed band. As a result,
BT radio connections are prone to interferences from other
wireless transmitters (Bluetooth or not) working in the
same ISM band. Because of the popularity of some of these
technologies coexisting in the same ISM band (especially
802.11 but also 802.15.4), most real transmission of BT-
capable applications will take place in the presence of a
strong environmental noise.

Common non real-time data are transmitted by BT
through asynchronous connection-oriented links (ACL).
Bluetooth ACL packets must be positively acknowledged
by the receiver if they are properly received. In other case,
the packet must be retransmitted, which increases the
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transmission delay and degrades the performance of BT.
Noise can induce unrecoverable bit errors in the packets
and provoke these retransmissions. In this sense, the impact
of the noise on the bit errors suffered by the BT signal
highly depends on the modulation scheme that is being
employed. In fact, EDR allows higher bit data rates at the
cost of a higher sensitivity to the noise.

This paper analytically characterizes and evaluates the
effects of noise on the packet delay experienced by trans-
missions for the different modulations contemplated by
BT. The study permits to assess the feasibility of BT
communications in the presence of a certain noise level,
characterized as a value of signal-to-noise ratio (SNR) per
bit.

This paper is organized as follows: Sect. 2 reviews the
literature related to the modelling and performance evalu-
ation of the different modulations contemplated by the BT
2.x + EDR specification (GFSK, mn/4-DQPSK and
8-DPSK). Basing on existing studies, Sect. 3 presents a
model to compute the delay of BT packets in ideal con-
ditions (i.e. with no packet retransmissions). In Sect. 4 this
model is extended to characterize the non-ideal case where
noise introduces an extra delay due to retransmissions. This
analytical model is utilized in Sect. 5 to evaluate the per-
formance of the different modulations for different noise
levels. Section 6 presents an empirical evaluation of the
analytical model for actual transmissions using the basic
rate. Finally Sect. 7 recapitulates the main conclusions of
the paper.

2 Related work

Many works in the literature have provided insights on the
analysis of the existing modulation techniques for RF
communications. In the case of the three modulating
schemes employed by BT 2.x + EDR, extensive studies
have been devoted to characterize the relationship between
the SNR and the bit error ratio (BER). For example the
performance of GFSK is modelled in [3], n/4-DQPSK in
[4-11] and 8-DPSK in [12-14].

Some of these abstract models are particularized to
improve or evaluate specific characteristics of the BT
transceivers. For example, the study in [15] offers an
analysis of the GFSK modulation with non-coherent
detection for systems that employ frequency hopping as the
spread spectrum technique (which is the case of BT).
Assuming a Rayleigh-type radio channel, the authors pro-
pose a model to relate the BER to the SNR ratio and the
modulation index.

The work in [16] details the design of a GFSK trans-
ceiver with carrier frequency offset correction. The design
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incorporates a mechanism to simplify the implementation
of a multi-symbol receiver. The study shows the results that
could be obtained if this design is applied to a BT receiver.

Similarly, the paper in [17] proposes a scheme for a
digital GFSK transceiver that includes a new method to
estimate the carrier frequency. The scheme is evaluated
through simulations analysing the obtained BER. Simula-
tions assume an additive white Gaussian noise (AWGN)
channel.

An analogous mechanism for carrier synchronization in
a GFSK receiver is offered in [18]. By means of simula-
tions the mechanism (which is not implemented) is con-
trasted against the behaviour (in terms of the obtained
BER) of the typical DFT-based method. Noise is also
modelled by an AWGN channel.

After proposing a new radio channel model (based on
Markov chains), the performance of BT piconets is eval-
uated in [19].

Other works in the literature specifically focus on
characterizing the impact of noise on BT transmissions.
Authors in [20] study the performance of BT 1.1 in
Gaussian and Rayleigh-type channels. The paper provides
an analytical formulation (with some mathematical mis-
takes) to calculate the throughput that can be obtained by
the different BT packet types as a function of the SNR. The
proposed expressions allow to compute the packet error
rate (PER) from the BER experienced by a GFSK modu-
lation. Finally the study discusses the convenience of the
different packet types for the considered channel types
(Raleigh or AWGN).

A RF simulation system for BT transceivers is presented
in [21]. The system emulates the channel by combining an
AWGN and the effect of interfering signals.

Authors in [22] propose a set of rules to select the BT
packet type basing on the estimated SNR. The study sug-
gests employing new modulations (not considered by BT
2.x + EDR) and new algorithms to calculate the SNR.
However, the viability of the implementation of these
algorithms at the LM (Link Manager) layer of an actual BT
host controller is not analysed.

The performance of BT transmissions in Nakagami-type
channels is studied in [23] through simulations by
observing the evolution of the BER as a function of the
SNR. Analyses are conducted for different values of the
fading parameter of the Nakagami distribution (as well as
for an AWGN channel).

The study in [24] expands the model in [20] (conceived
for BT 1.1) to include the EDR modes. As in [20] the
benefits of using the different sizes for the new packet
types—under an AWGN channel—are evaluated. The
paper proposes a set of rules for selecting the packet type as
a function of the SNR. Authors suggest that this selection
must be performed at the L2CAP layer although they do
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not clarify how this decision must be implemented at the
baseband layer.

A MATLAB simulation model for the physical layer of
a BT 2.0 + EDR transceiver is presented in [25]. The BER
computed with this model for different values of SNR is
compared to that obtained with theoretical models which
also assume an AWGN channel.

The operation of Wireless Application Protocol (WAP)
applications over BT is evaluated in [26]. The modelling of
the communications again assumes that bit errors in a
simulated BT piconet are caused by an AWGN channel.

Zanella [27] presents a Markovian model of the BT
2.0 + EDR transmissions in fading channels. In [28] the
same author offers theoretical expressions to calculate the
bit error probability for BT 2.0 transmissions for both
AGWM and Rice fading channels.

The recent study in [29] describes different GFSK
demodulation techniques in BT framework. In addition, the
authors propose a novel scheme for a digital GFSK
demodulator that is able to improve the performance of BT
without introducing any complexity in the hardware
implementation. The analysis of the behaviour is carried
out for an AWGN channel.

Other references dealing with the optimization and
implementation of BT demodulators for GFSK, m/4-
DQPSK and 8 DPSK modulations can be found in [30-38].

The throughput of the recent version of BT for low
energy devices is modelled in [39]. The model, conceived
for error-prone links, offers an expression to compute the
maximum throughput as a function of the BER.

As aforementioned, bit error rate has been analytically
characterized in some studies (such as those authored by
Zanella). However, to the best of our knowledge, the
packet delay has not been analytically modelled in the
existing literature about the performance of BT 2.x + EDR
in noisy environments. Data delay is an important metric to
evaluate the performance of any networking application. In
fact packet delay is a key factor to determine the quality of
service that is actually perceived by the end-users. More-
over, if a finite period (‘flush timeout’) is set for the proper
transmission and reception of the BT packets, data can be
discarded if not successfully acknowledged within this
interval. Additionally ACL links are disconnected if no
packets are received during a certain supervision timeout
period (whose default value is 20 s). The timeouts set by
the upper layers should be also considered to evaluate the
impact of packet delay. Consequently, delay induced by
environmental noise may cause applications to become not
viable if a certain SNR is not guaranteed. The goal of the
present work is to offer an analytical characterization of the
delay of BT 2.x 4+ EDR standards for the different mod-
ulations (packet type) and under diverse conditions of the
noise. The model considers the effects of the

retransmissions provoked by the noise together with the
procedures (packetization, segmentation, header overhead,
etc.) operated at the different layers in the whole BT pro-
tocol stack for a typical serial port profile (SPP) connec-
tion. By employing this model, the performance of the
different available rates of BT 2.x + EDR can be predicted
as a function of the measured SNR. Thus the utilized
modulation at the BT host controller could be dynamically
adjusted to minimize the delay.

Hence, the feasibility of using the EDR modulations will
be investigated basing on a realistic metric of the behaviour
of a BT connection.

3 Characterization of the delay for the ideal case

The specification of BT 2.0 + EDR enables the BT host
controller to use diverse types of Baseband packets. The
maximum allowed payload sizes for the different packet
types are summarized in Table 1. The acronyms DH (data
high rate) and DM (data medium rate) indicate the pro-
tection utilized by each type for the payload bits. In par-
ticular, DM packets incorporate a forward error correction
(FEC) field to increase the robustness of the transmission
but at the cost of transporting less user data than DH-type.
In BT, both DM and DH packets may consist of 1, 3 or 5
BT slots. Thus, in the identifiers of the packet type in
Table 1, the number (1, 3 or 5) after DM or DH defines the
number of BT slots of the packet. Similarly, the digit
before the name indicates the modulation technique and
consequently the utilized data rate (1, 2 or 3 Mbps). It
should be remarked that EDRs are only conceived for DH-
type packets. Thus, DM packets are necessarily transmitted
at 1 Mbps.

Aiming at estimating the time required to transmit a BT
packet, we have to consider the influence of the existing
layers in the BT protocol stack: mainly the BT Baseband,
L2CAP (Logical Link Control & Adaptation Protocol) and
the protocol selected by the BT profile. BT profiles, which
are intended to guarantee the interoperability between
different vendors, specify standard interfaces to access
particular services. SPP, which is the basis for other BT
profiles, is the most commonly implemented profile in
commercial BT devices, ranging from handheld devices
(BlackBerry units, Smartphones, etc.) to medical wireless
sensors or peripherals such as keyboards or GPS.

SPP uses RFCOMM protocol to emulate RS232 cable
communications. RFCOMM conveys the user data (orga-
nized in frames) to the lower BT stack layers by means of
L2CAP. L2CAP multiplex, segment and reassemble the
data flowing from/to the upper layers. This fragmentation is
executed so that only one single RFCOMM frame is
encapsulated into every L2CAP frame. L2CAP frames are
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Table 1 Maximum payload and utilized rate for the different packet
types of Bluetooth 2.x + EDR

Packet Bit rate Maximum Notation
type (Mbps) payload (bytes) in the text
DM1 1 17 5
DM3 1 121 Yy
DM5 1 224 oy
1-DH1 1 27 LY,
1-DH3 1 183 L,
1-DH5 1 339 LY
2-DHI 2 54 L%
2-DH3 2 367 258
2-DH5 2 679 Ly
3-DHI 3 83 Ly,
3-DH3 3 552 LY,
3-DHS5 3 1,021 LES

in turn layered over BT Baseband. As a consequence,
L2CAP frames are divided into a series of BT baseband
packets which are transmitted to the radio medium by the
physical layer.

To calculate the time which is needed to transmit a
certain number of user data bytes, we have to take into
account the fragmentation and the packet overhead applied
by each protocol layer. In the absence of retransmissions,
this time can be computed [40] as:

tr(Ny) = nuy(Nu) - tack (Lg + Or(Lg) + Hy)
+ trx(Ly (Nu) + Or(Ly(Nu)) + Hi) (1)

being:

e Ny the number of user data bytes,

e [Lp: the maximum size of the RFCOMM frames. The
value of the size is limited by two bounds: the
maximum frame size (N;) of RFCOMM and the
maximum transfer unit of L2ZCAP for RFCOMM (Mp):

Lz = min(Ny, Mg — Og(N1)) (2)

where Og(x) is the overhead that RFCOMM introduces in

each frame: 5 or 4 bytes depending if the data size is higher
than 127 bytes or not.

e H;: the size of the L2ZCAP header (4 bytes).

e n,/Ny): the number of non-final RFCOMM frames
which are required to transport the N user data bytes.
This number is directly computed from Ny and Lg, in
the way:

gy (Ny) = Fz—ﬂ 1 (3)

where [x] represents the lowest integer higher than x.

e Ly(Ny): the number of data bytes of the last RFCOMM
frame, also computable from N and Ly as:
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Ly(Ny) = ((Ny — 1) mod Lg) + 1 (4)

e t4cx(x): the delay required to transmit and acknowledge
all the Baseband BT packets corresponding to the first
and the intermediate RFCOMM frames. This variable
has to compute all the one-slot packets (ACK) which
must be sent by the receiver to acknowledge every
received packet. The term f4cx(x) can be calculated
with the recursive expression in Eq. (5). This formula
takes into consideration that a RFCOMM frame may
require more than one BT packet. In that case, as the
last condition in the expression indicates (when
x > Lsy), the frame will be segmented and transmitted
as a series of 5-slot BT packets followed by one 1, 3 or
5-slot packet. The formula assumes the optimal case in
which no retransmission occurs, so that the transmis-
sion of an n-slot packet just requires (n + 1) slots (n for
the packet plus 1 slot for the acknowledgment).

0 x=0
2-Ts 0<x<Ly
_ )4 T Lis<x<Ls
fack (¥) = 6-Ts L3y <x<Lss

6-Ts- {LJ + tack (x mod Ls)
LSs

x> Ls,

(5)

In the previous expression the operator | x| represents the
highest integer lower than x, T defines the duration of a BT
slot (625 ps), while Ly, L3, and Lsg are the maximum sizes
of the payload of a 1, 3 and 5-slot BT packet, respectively.
These sizes are 17, 121 and 224 bytes for DM-type packets
(see Table 1). In the case of DH-type packets, most vendors’
BT 2.x chipset tries to minimize the number of employed BT
packets. Consequently, packets with a higher maximum
payload (i.e., those used with a rate of 3 Mbps) are chosen.
Thus, Ly, Lss and Ls, correspond to L?, I ng and Lg{s (83,
552 and 1,021 bytes respectively).

e 17x(x) defines the time to transmit the final RFCOMM
frame (of x bytes). As the reception of user data finishes
when the last bit of the final frame arrives at the receiver,
the term does not add the final acknowledgement slot of
the last BT packet by only considering the time needed
to convey the bytes in the last frame. Again, this
transmission delay essentially depends on the employed
packet-type and rate. For the DM-type, we have that:

0 x=0
tyx(x) = q di(x) 0<x<LY
i (x mod LY) + 1, 0 (L¥) |x/L¥ | x> LY
(6)
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where d,(x), defined in (8), is the time required to transmit
a BT packet with a data payload of x bytes at the basic rate
of 1 Mbps.

As in the case of t4cx, this expression for #7x also con-
templates the segmentation that takes place if the final L2ZCAP
frame needs more than one DMS5 packet (which occurs if
x > L). So, the acknowledgment slots of the corresponding
intermediate 5-slot BT packets are also computed.

For DH-type packets, the time to transmit the last packet
of the final RFCOMM frame depends on the modulation
that is being employed. The selection of the rate in turn
relies on the implementation of BT 2.x + EDR. Basing on
the tests performed with actual interfaces using chipsets
[41] from CSR (the most popular vendor of BT technol-
ogy), we have concluded in a previous study [40] that the
firmware selects the rate following the next criteria:

1. If DH-type packets are considered, the firmware only
employs enhanced rates (1-DHI1, 1-DH3 and 1-DHS5
packets are not utilized).

2. The packet size (that is to say, the number of required
slots) is tried to be minimized. Thus, the rate of 3 Mbps
is preferred if the use of a rate of 2 Mbps obliges to
increase the number of utilized slots.

3. [If the data can be transported at 2 Mbps within the
same number of slots than at 3 Mbps, the rate of 2
Mbps is chosen as it incorporates a more robust
modulation technique.

Assuming these criteria, the term t7x(x) for DH packets
can be computed as it follows:

trx (x) =

0 x=0

dy(x) 0<x§L§{1
ds(x) LY, <x<If,
dy(x) Lg{l <x§L§{3
d;(x) LYy <x<Ll,
dy(x) L§{3 <x§L’Z5
ds(x) LZS <x§L§{5
tACK(Lgfs) . {éJ +tTX(x mod Lg{s) x> LS

The previous expression incorporates the changes in the
used modulation (between 2 and 3 Mbps) that occur when the
data exceed the maximum payload of the different packet types.

In Egs. (6) and (7), the variable d;(x) defines the time
that the baseband requires to transmit x user data at a rate
(i) of 1, 2 or 3 Mbps. This time can be estimated from the
number of symbols, n,y,,;(x), that must be sent to transport
the data:

di(x) = Lsym * nsymi(x) + AEDR, with i € {1,2, 3} (8)

where f,,,, is a constant describing the time to transmit a
symbol (1 ps, as BT transmits 1 Megasymbol per second
for any the employed rate) while Agpg; defines the extra-
delay caused by the use of the enhanced rates of 2 and 3
Mbps. In particular, under EDR, BT introduces additional
control and timing information to allow the radio module to
synchronize to the new modulation format (see Fig. 1 for a
better understanding of the structure of a BT packet uti-
lizing EDR).

According to the BT specifications [1, 2], this extra
delay (4gpg;) results from summing three components:

0
Agpr, = {

'EDRg + 'EDRs + EDR:

i=1
(i=2)Vv(i=23)

9)
where:

® 15pre 1 the guard time between the last symbol of the
packet header (encoded with GFSK) and the EDR
Synchronization Sequence. This short period enables
the BT radio module to prepare for the change in the
modulation. The standard defines a variable range for
this value from 4.75 to 5.25 ps. For our model tgpg, is
rounded to 5 ps.

® 1rpgrs 1S the constant time of 11 ps required to transmit
the 11 symbols of the enhanced data rate synchroniza-
tion sequence. The goal of this sequence is to allow the
synchronization of the symbol timing and phase for the
new modulation type.

® tgpr, represents the 2 ps corresponding to the specific 2
symbol trailer that must be added after the packet
payload to mark the end of the packet.

On the other hand, the number of required symbols
Nsymi(X) can be directly computed from the type of the uti-
lized rate (i) and the number of bits in the packet payload
[n4(x)] and in the associated overhead of the BT packet:

R, (%) = Ops + F’df’ﬂ (10)

where Opp indicates the 126 bits of overhead of the BT
packet (72 bits of the initial access code plus 54 bits of the
packet header). These two fields are always transmitted
under the basic GFSK modulation (at 1 Mbps, with 1 bit
per symbol). Thus, the number of symbols required to
transport the overhead coincides with the number of bits
Opp. Conversely, as the rest of the packet can make use of
the EDRs, the number of symbols that the payload
demands depends both on the number of bits n,(x) and the
number of bits per symbol i (1, 2 or 3 for a rate of 1, 2 and
3 Mbps, respectively).

@ Springer



1974

Wireless Netw (2015) 21:1969-1984

éGFSK >

modulation

<———DPSK or GFSK modulation

<&——Payload —>

Synchr. [Payload [Data
Sequen. [Header [Payload CRC [Trailer

<TEDRg ><€tepr, > <YEDR: >

—

|Access [Packet [Guard
Code  [Header [Time

Fig. 1 Bluetooth EDR packet format (shadowed fields are specific of
EDR packets)

To calculate the value of n,(x), we have to consider that
DM packets support FEC 2/3 protection, so that 5 redun-
dancy bits are added for every 10 information bits (if the
number of bits is not a multiple of 10, the packet is filled
with extra bits):

(x + Hp(x) + Ocgc) - 8 DH packets
na(x) =4 5. [(x + Hr (x)l:)r Ocke) - 8} DM packets
(11)

where Ocgrc (2 bytes) is the overhead incorporated to the
CRC field while Hp(x) describes the size of the payload
header: 1 byte for DM1 and 1-DHI1 type packets, and 2
bytes for the rest of packet types:

mw={, 13 (12)
where L is the maximum size of the payload of a 1-slot
packet for DM1 and 1-DHI1 types: L;; = LIIVI (17 bytes) and
L, = L{'{l (27 bytes), respectively. As abovementioned,
CSR Bluetooth firmware does not employ 1-DH1 packets.
Thus Hp(x) is always 2 bytes for DH packets.

The strategy for the rate selection may change for the
firmware of other vendors (for example, ISSC BT inter-
faces [42] only use 3-DHI1, 3-DH3 and 3-DHS5 packets).
However, the previous equations could be easily adapted
for these variations.

4 Characterization of the delay with packet
retransmissions

The model presented in the previous section is conceived for
the optimal case in which all the BT packets are properly
received and acknowledged, so that no retransmission is
required. However, as aforementioned, environmental noise
can cause packet retransmissions, which will be reflected in a
variable packet delay. The goal is now to define the analytical
relationship between the mean packet delay of the BT trans-
missions and the existing SNR. As it has been stated in the
state-of-the-art (in Sect. 2), the characterization of the trans-
mission channel as an AWGN channel has been widely con-
sidered by the literature for the analysis of the performance of
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BT connections and even for the design of BT radio trans-
ceivers [17-21, 23-26, 28-30, 32, 35, 36]. In studies on BT
technology, several reasons have been argued to justify the use
of this Gaussian characterization of the channel. BT com-
munications are usually deployed in static (indoor) office
scenarios. Therefore the transmission model can assume that
short term (fast) fading has a marginal effect on BT operation.
Typical BT connections consist in low range communications
where line-of-sight (LOS) from the receiver to the transmitter
normally exists. In this sense, indoor environments are usually
determined by the existence of other interfering technologies
(such as Wi-Fi) which operate in the same 2.4 GHz ISM band.
These interfering sources (with different spectral properties)
can be reasonably modelled by a noise with a constant spectral
density [43—46]. Authors in [47] experimentally show that the
in-band interference power of Wi-Fi can be modelled as a
band-limited AWGN, at least for the central part of the active
Wi-Fi channels.

An AWGN channel adds a white (flat power) noise to
the whole considered signal bandwidth. In the next sub-
sections, assuming this AWGN channel, a formula for
estimating the mean packet delay is calculated.

4.1 Computation of the bit error probability

The first step is to analytically relate the bit error rate
(BER) of the BT transmissions to the existing SNR for the
different modulations employed by BT, that is to say,
GFSK, 1/4-DQPSK and 8-DPSK modulations.

For an AWGN channel, a noise with constant energy is
added in the whole signal bandwidth. So, the SNR ratio can
be expressed [48] as:

P,
SNR = (13)
No-B

where:

e P, is the power (in W) at the receiver.

e N,2 is the power spectral density (PSD) of the noise
introduced by the channel, defined in W/Hz.

e 2.B symbolizes the bandwidth (in Hz) of the signal at
the receiver.

Aiming at comparing the impact of noise on the digital
modulations utilized by BT 2.x 4+ EDR, we characterize
the SNR in terms of the energy emitted per bit or per
symbol:

P, Es K
No-B Ny-B-Ts Ny-B-Tp

SNR = (14)
where E, and T; denote the energy (in W) per symbol and
the symbol transmission period, respectively, while E, and
T, are the energy per bit (in W) and the bit transmission
period.
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The terms B, T and T}, are pre-defined values by the BT o0

standard. Thus, the SNR can be directly referred to the (o, ) = / xe oux)dx
SNR ratios per symbol (y,) and bit (y;), as it follows [48]: 4

Es ( ) ( 12+/52 0 n (21)
Yy = — 15 =e ( )

R 'y

E (B>o>0)

Y» = No (16)
0

The relationship between these two variables can be cal-
culated as:

Vs
= 17
b log:M (17)

where M represents the number of symbols of the modu-
lation constellation.

On the other hand, to compute the BER or bit error prob-
ability, P, as a function of y,, we have to analyse the partic-
ularities of every modulation employed by BT 2.x + EDR.
For the case of multi-level symbol constellations, P, can be
obtained from the probability of symbol error (P,) and the
number (M) of existing constellation symbols. Assuming that
bit errors are uncorrelated, for low values of P, (e.g. below 0.1)
P, can be reasonably approximated [48] as:

P
P},)l()gzM (lngM)Ph — P;, d

Py logoM
(18)
The relationship between P, and 7y, for the three mod-

ulations employed by BT 2.x is obtained in the next three
subsections:

Pi=1—(1-

4.1.1 GFSK modulation

GFSK scheme can be assimilated to a FSK modulation. To
determine the bit error probability, we have to take into
account that BT was conceived as a low-cost technology.
At the expense of a lower performance, non-coherent
detection is preferred to simplify the hardware architecture
of the demodulator. When this type of detection is utilized,
the bit error probability can be computed [49] as:

P, = %e(*’?") (19)

The previous expression describes a lower bound for P,
which assumes an orthogonal modulation scheme with a
modulation index & of 0.5. However, BT specification
imposes the index % to have a value in the interval [0.28-
0.35], lower than 0.5. Under this non-orthogonal modula-
tion, P, can be estimated [50] from:

Py =00 ) 55 e, ) (20)

where Q,(a, ) represents the Marcum Q-function, which is
defined as follows:

where 1,,(x) expresses the n-order modified Bessel function
while o and f are two parameters that can be calculated
from vy, [50]:

o= \/Vz” (1 - M) (22)
pe B (1 vTp) )

In the previous expressions the term p is the so-called
correlation coefficient, which can be calculated from the
modulation index A:

sin(2mh)

_ Stmh) 24
p 20 (24)

Therefore, to calculate the bit error probability, P,, for
transmissions with the basic rate of BT, we just have to
consider that the modulation index & is in the range
[0.28-0.35]. In any case, this computation neglects the
effect of the Inter-Symbol Interference (ISI) which is
introduced by the Gaussian filter implemented by GFSK.

4.1.2 7w/4-DQPSK modulation

As it refers to the performance of the radio receiver, n/4-
DQPSK (Differential Quaternary PSK) modulation has an
identical behaviour to DQPSK (4-DPSK) for an ideal lineal
AWGN channel [51]. Thus, for n/4-DQPSK, the symbol
error probability, P, can be approximated [51] as:

/2
sin 7% / exp(ys . (1 — cos ;- cos 0

2 1 —cosZ - cos0
T EA (1 —cosZ-cos0)

P, = ) 4o (25)

The m/4-DQPSK constellation defines 4 different sym-
bols (M = 4), so that 2 bits are codified per symbol. On the
other hand, once the value of M is known, P, and y, can be
easily derived from P, and y, by applying Eqgs. (18) and
(17), respectively. So we have that the expression for the
calculus of P, under n/4-DQPSK is:

/2
1 sin 7%
Py = logzM. 2n /
—n/2
exp((?b -logoM) - (1 — COS 77+ COS 9))
(1 —cosZ - cos0)

do (26)
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4.1.3 8-DPSK modulation

In this case, the Eq. (26) also permits to calculate the bit
error probability, P, if M is set to 8 (as 8-DPSK codifies
log,8 = 3 bits per symbol). However, as it is remarked in
[50], the exact computation of this formula for P, under M-
DPSK becomes very complex for values of M higher than
2. Authors in [51] provide an upper bound for the value of
P, which can be computed as:

1 4 cos T
<206, —— M, — il
PL7206q/2.“m% Q( y(l cmﬂ)) (27)

From this expression and Eq. (18), P, can be easily
derived.

4.2 Computation of the mean packet delay

After determining the bit error probability (P;) as a function
of the SNR ratio per bit (y,), the model developed in Sect. 3
has to be extended to compute the packet delay in scenarios
where bit errors and, consequently, packet retransmissions
can occur. For this purpose, the components of the delay
(now defined as the mean expected values Z5ck,(x) and
frx,(x)) are recalculated depending on both the employed
modulation and the PER, that is to say, the probability that a
packet has to be retransmitted due to uncorrectable bit errors.
So, the first step to extend the analytical model of Sect. 3 is to
determine the relationship between this PER and the bit error
probability (P,). As previously commented, DM packet type
includes specific mechanisms to correct bit errors in the
payload and reduce packet transmissions. Conversely, the
payload of DH packets is unprotected. On the other hand, the
packet header presents the same protection with indepen-
dence of the packet type (the packet header is FEC encoded
for both types). As a result, the calculus of this relationship
between PER and P, has to be particularized for each packet
type and each packet field (payload and header).

4.2.1 Retransmission probability due to errors
in the payload of the DH packets

As long as DH packet type does not include any correction
mechanism for the payload, the probability that a DH
packet is correctly received is the probability that no bit
error occurs during the transmission of the packet.

Assuming that bit errors are uncorrelated, the probabil-
ity of transmitting i correct bits can be characterized as a
binomial distribution in the following way:

n

HXD(J'OHYPZi (28)
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where the random variable X represents the number of
correct bits in a received packet of n bits while P, is the bit
error probability.

Thus, if a DH packet with a payload of x bytes contains
ny(x) bits, the probability Ppg.(x) of receiving this packet
without any bit error is:

Ppi, (x) = P(X = ng(x)) = (1 — P,)"® (29)

This equation is valid for both the basic transmission
mode and the EDRs.

4.2.2 Retransmission probability due to errors
in the payload of the DM packets

The payload of DM packets is encoded with a 2/3 FEC
protection. In particular, a shortened Hamming (15, 10)
code is adopted. This code, which utilizes 15 bits to encode
10 data bits, can correct one bit in every group of 15 bits.
Assuming the binomial distribution used for DH packets,
the probability of not suffering an unrecoverable error
within a group (P,) can be calculated from the probability
of receiving at least 14 correct bits as it follows:

15
Py=3 ( 11-5) (1= py) P (30)
i=14
The retransmission of a DM packet is required when two
or more bit errors occur in a group. So, the success prob-
ability (i.e. the probability Ppyu(x) that a DM packet is
properly received) can be derived from P, by taking into
account the number of ny(x) 15-bit groups in the packet:

Ppu, (x) = P(X = ng(x)) = (Pg)"™ (31)

Both DM and DH packets incorporate a Cyclical
Redundancy Code of 16 bits (CRC-16), which enables the
detection of any error altering an odd number of bits [52].
Therefore, this model presumes that the probability of not
detecting an error at the Baseband layer is negligible. So,
all packets with unrecoverable errors are assumed to be
retransmitted.

4.2.3 Retransmission probability due to errors
in the header of the packets

The header of BT Baseband packets is protected with FEC
1/3. For every bit in the 18-bit header, two redundancy bits
are added, so that 18 groups of 3 bits (54 bits) are trans-
mitted in the header of every packet. Under FEC 1/3 pro-
tection, a single bit error in any 3-bit group can be
corrected. Thus, the probability (Pg) of not suffering an
unrecoverable error in the header can be computed as the
probability of having one or no error per group:
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Py = (3-(1—Pb)2-Pb+(l—Pb)3)18 (32)

4.2.4 Global retransmission probability

Assuming again than errors in the payload and in the
header are uncorrelated, the global probability of a packet
not being retransmitted can be directly determined by
multiplying Py by Ppyq(x) for DM packets (or by Ppg(x)
for DH packets). Then the packet retransmission (or packet
loss) probability P; is computable as:

Pi(x) = { I — Ppp,(x) - P DH packets

1 — Ppy,(x) - P DM packets (33)

Once that the packet retransmission probability is known,
the next step is to calculate the mean number of times that
packets are transmitted. The hardware of the BT host con-
troller can be configured to retransmit a packet up to a certain
number of times which is set by a specific timer (fushTO). In
most actual implementations, the default value of this timer
does not set any limit. As a consequence, the mean number of
transmission attempts (N7,) of a packet can be directly
derived from the retransmission probability:

. 0 i 1
Nie=(1-P)- Y i P = (34)
i=1

T 1-P

Taking into account this new variable, we can now
calculate the mean time to transmit and confirm x-byte user
data when retransmissions take place. As in Sect. 3, the
times needed by non-final and final RFCOMM frames are
separately estimated.

The mean time (f4cx, (x)) to transmit and confirm a non-
final RFCOMM frame not requiring more than one 5-slot
packet can be computed as:

Tack, (x) = —p < trre (%) + tack (%)

= (Ne = 1) - trra(x) + tac (%) (35)

where f4cx(x) is again the time required to transmit and
confirm the last (and successful) retransmitted packet,
while fgrx(x) represents the mean time required to
retransmit a packet.

0

ﬁ(x) = (N_Tx - 1) ) tRTx(x) + tACK(x)

Ls

((N_Tx— 1) “trre(Ls) + [ACK(LS)) . LXJ + fack,(x mod Ls)

Remark that, in the previous formula, (N7, — 1) - tgr(x)
represents the extra time caused by unsuccessful attempts
of transmitting a packet. This delay component z7(x) due
to the retransmission of a packet must be in the range:

R T (%) < tr7e(X) < IR, () (36)

The inferior limit of this range [fgyymin(X)] can be
computed as:

0 x=0
) 2Ty 0<x<L
IR T (X) = 4-Ts Li<x<lIls 7
6-Ts L3<x<Ls

where Ly, L, and L5 are the maximum sizes of a BT packet
of 1, 3 or 5 slots respectively. Table 1 defines the values of
these sizes depending on the packet type (DM or DH) and
the employed data rate (basic rate for DM packets or up to
3 Mbps for DH packets). In particular, these values are 17,
121 and 224 bytes if DM-type packets are being employed.
In opposition, when DH-types (and EDR) are considered,
the values for L, L, and Ls are determined by the maxi-
mum sizes of 3-DHI1, 3-DH3 and 3-DHS5 packets (83, 552
and 1,021 bytes, respectively).

Note that Eq. (37) presumes the best case in which all
packets are retransmitted immediately after a bit error is
detected and a negative acknowledgment (NAK) is
received at the transmitter to indicate the error. Conse-
quently this delay just computes the slots (1, 3 or 5) to
transmit the erroneous packet plus the corresponding slot
for the NAK packet. On the other hand, the transmission of
two consecutive PDU can be separated up to Tp,o seconds
(npouslots). So, the maximum delay fg7x,qx(x) provoked by
a retransmission is:

IR (x) = Tpou (38)

The value of #z7(x) within this range depends on the
hardware implementation of the BT host controller and on
the number of slaves that form the BT piconet. In the rest
of this analysis of this article we assume the worst case in
which every retransmission introduces a delay of T,

When the data in an intermediate frame exceed the
maximum capacity of the payload of a single BT packet,
fack (x) can be again recursively calculated as:
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where Ls is the maximum size of a 5-slot BT packet.

The time required by the final RFCOMM frame (f7x, (x))
can be obtained extending the previous equations for
fack,(x). Thus, this delay 77y, (x) can be recursively com-
puted as:

frx, (x) =
0 x=0
(N_Tx - 1) 'tRTx(x) + fo(x) 0<x<Ls

N X _
tAck, (L5) . \\L—SJ + 17, (X) . (x mod L5) x> Ls

(40)

As in the case without retransmissions (see Eq. 7), the pre-
vious expression also considers the time to transmit and confirm
the intermediate packets of the final frame by adding the term

Tack, (x) (being {L%J the number of intermediate packets).

After determining 7xck, (x) and #7x,(x), the global mean
packet time required to transmit Ny user data bytes when
retransmissions (losses) occur (E(NU)) is obtained by
substituting in Eq. (1) t4cx(x) and f7x(x) by these two new
terms. In the sense master—slave, this mean delay is:

B (V) = 204 (V) - o (L + O(Li) + Hir)
+ 1y, (Lyy(Nu) + Or(Ly(Ny)) + Hy)
@)

In the sense slave—-master, the mean delay is practically
the same. We only have to add the slot (7) in which the slave
is addressed by the master. So, this mean delay 7z, (N) is:

T (No) = T + Ty, (No) (42)

5 Discussion of the performance of Bluetooth
2x + EDR

This section discusses the performance of the different BT
modulations in the presence of a certain SNR, that is to say,
in the non-ideal case where an existing noise can induce
packet losses and, consequently, packet retransmissions.
The performance is evaluated in terms of the mean trans-
mission delay, which is calculated by using the previous
analytical model implemented through Python scripts [53].
MATLAB computing and simulation environment [54]
was also employed. In our study, we consider two scenarios
depending on the size of the user data that have to be
transmitted. To isolate the effect of the retransmissions, the
two considered sizes were 70 and 200 bytes. The limit of
200 bytes is set taking into consideration the lowest max-
imum capacity of the different BT packet types. The
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maximum size of the data payload of a single 5-slot DM-
type packet is 224 bytes while 5-slot packets of the DH
type (1-DHS, 2-DHS and 5-DHS), which do not include
any FEC protection field for the data, can transport more
user data in a single packet (see Table 1).

Remark that the comparison would not be adequate for
user data that, after adding the headers of L2CAP and
RFCOMM layers, require a payload with a size higher than
this value of 224 bytes. In that case the transmissions with
DM packets would demand to divide the data into several
BT packets. This fragmentation implies an intrinsic extra
delay which is not directly related to the impact of the
noise on the delay experienced by the different modula-
tions employed by BT.

For both scenarios (with N = 70 and 200 bytes), Table 2
presents the mean computed delay (77y,(N)) obtained for the
ideal case without noise (y, = oo0) and for three different
values of the SNR per bit (y, = 10.5 dB, y, = 12 dB and
y» = 15 dB). The delay is calculated by using the formula in
Eq. (41), taking into consideration the overhead introduced
by the headers of RFCOMM and L2CAP. Table 2 shows the
results for both the basic bit rate of 1 Mbps (which can use
DM or DH-type packets) and when the EDRs (which only
employ DH-type packets) are utilised. In this second case,
the selection of the rate and the packet rate follows the
algorithm described in Sect. 3. Accordingly, with the EDR
modulations, a 3-DH1 packet is employed to transmit 70
bytes while a 2-DH3 packet is considered to transport 200
user data bytes. In the case of DM packets (always trans-
mitted at the basic rate of 1 Mbps), 70 user data bytes need
one DM3 packet (a 3 slot packet) while 200 bytes only fitin a
DMS5 packet (comprising five slots). If DH type is used at the
basic rate, a DH3 and a DHS packets are required to transport
70 and 200 bytes, respectively.

For every case, Table 2 also includes the estimated BER
and PER. In the table, the obtained transmission delay is
marked as ‘infinite’ to indicate an extremely high and
unrealistic value that would provoke the connection loss in
an actual BT communication.

In the ideal case (y, = c0), results obviously demonstrate
the advantages of employing the EDRs, which reduce the delay
by more than 50 %. However, the table shows that under the
8-DPSK modulation (utilized by 3-DH1) the packets are very
sensitive to the presence of noise. Even for the highest con-
sidered SNR, the mean transmission delay is about several
seconds (which is unaffordable for most practical applications
of BT). As the values of the SNR decrease, the performance of
EDR and even DH packets (at the basic rates) severely degrades
while DM-type packets still experience delays under 10 ms.
For a SNR of 10.5 dB and 200 user data bytes, for example,
only DM type packets guarantee the feasibility of the BT
connection, as far as the use of DH-type or EDRs induce an
intolerable delay.
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Table 2 Comparison of the

PER. BER and mean s (dB) N (user data bytes) BER Packet type PER Trx,(N) (ms)

transmission delay obtained for 0 70 0 DM3 0 1.116

the existing packet types and

different values of the SNR per @© 70 0 DH3 0 0.782

bit and diverse packet o 70 0 3-DHI 0 0.360
) 200 0 DM5 0 2.691
) 200 0 DH5 0 1.830
) 200 0 2-DH3 0 0.996
15 70 5426 x 10°°  DM3 2.056 x 1077 1.116
15 70 5426 x 10°®  DH3 3.533 x 1073 0.808
15 70 9.632 x 107> 3-DHI 9.983 x 107! 3,570.000
15 200 5426 x 107 DMS5 5.301 x 1077 2.691
15 200 5426 x 10™®  DH5 9.203 x 1073 1.911
15 200 9.264 x 10™®  2-DH3 1.566 x 1072 1.115
12 70 1.106 x 10> DM3 8.432 x 1073 1.180
12 70 1.106 x 1073 DH3 5.163 x 107! 8.786
12 70 4117 x 1072 3-DHI ~1.000 o0
12 200 1.106 x 107> DMS5 2.160 x 1072 2.884
12 200 1.106 x 107> DH5 8.484 x 107! 50.790
12 200 1.282 x 1073 2-DH3 8.877 x 107! 60.300
10.5 70 5.648 x 107> DM3 1.915 x 107! 2.892
10.5 70 5.648 x 107> DH3 9.757 x 107! 301.910
10.5 70 6.554 x 1072 3-DHI ~1.000 o0
10.5 200 5.648 x 107> DM5 4219 x 107! 9.076
10.5 200 5.648 x 107> DH5 ~9.999 x 107! 136,200
10.5 200 5.767 x 107> 2-DH3 ~9.999 x 107! 143,100

These conclusions are corroborated in Figs. 2 and 3,
which represent again the mean delay 77x, (M (N)) required
to transmit 70 and 200 user data bytes, respectively. The
delay is calculated as a function of the SNR per bit (y,). In
order to compare the performance of the two EDR modu-
lations individually, the curves are now computed impos-
ing a fixed packet type. Commercial implementations of
the BT Baseband tend to minimize the number of BT
packets that are needed to transmit the data flowing from
the higher layers. Consequently, for every packet type and
data rate, BT chooses (if possible) the shortest packet (i.e.
that requiring less slots) that can transport the data without
fragmenting them. For the DH, 2-DH and 3-DH packets
types, 70 bytes will be transported in one DH3, one 2-DH3
and one 3-DHI1 packets, respectively. Similarly, 200 user
data bytes require one DHS, one 2-DH3 or one 3-DH3
packet, depending on the employed rate (1, 2 or 3 Mbps).

From the graphs, we can clearly observe that the elec-
tion of the most adequate packet type and data rate must be
based on the existing noise conditions. For noisy environ-
ments with a low value of the SNR, the use of DH-type
packets and certain high rate modulations can lead to high
packet delays which will most probably cause the con-
nection loss. In fact, the figures show the existence of

different intervals of the SNR for which a specific type of
packet and modulation is most suitable. In particular, we
can distinguish the following ranges:

e 9, < 8.5 dB: Under these circumstances, independently
of the employed modulation, the delay soars and the
retransmissions renders the connection unfeasible.
Thus, the BT link cannot be maintained for all cases.

e 8.5dB <y, < 10.0 dB: Only FEC protected DM-type
packets can be utilized to guarantee the viability of the
link. The use of DH-packets induces intolerable
transmission delays. Consequently, enhanced rates are
not possible for a SNR per bit lower than 10 dB.

e 10.0dB <7y, <13.8 dB: The use of DH and 2-DH
packets is now viable while this is not the case for
3-DH type. From a SNR of 13 dB the delay with DH-2
improves the results obtained with DH packets. Nev-
ertheless, for this range of the SNR, the delay of the
transmissions with the DM-packet type (always at the
basic rate of 1 Mbps) reaches its minimum so that DM-
type still outperforms the behaviour of DH packets at
any rate.

e 13.8dB <y, <19.0 dB: The lowest delay is accom-
plished with 2-DH packets. DH-type packets at 1 Mbps
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Mean delay as a function of the SNR per bit (User Data Size=70 bytes)
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Fig. 2 Mean transmission delay 77x, (N) as a function of the SNR per

bit (y,) for the different packet types (DM and DH) and data rates (1,
2 or 3 Mbps). User data size: 70 bytes

Mean delay as a function of the SNR per bit (User Data Size=200 bytes)
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Fig. 3 Mean transmission delay 77y,(N) as a function of the SNR per
bit (y,) for the different packet types (DM and DH) and data rates (1,
2 or 3 Mbps). User data size: 200 bytes

also enable a better performance than the DM-type.
3-DH packets only become an option for values of SNR
higher than 16 dB.

e 7, > 19.0 dB: From this point, we can assume that the
optimal performance is achieved with the highest data
rate (3-DH).

6 Empirical evaluation of the model for the basic rate

The main problem of evaluating the proposed model with
real BT interfaces is that user cannot select the EDR that an
actual BT controller employs. When the DH mode (that for
which enhanced rates are available) is set, commercial BT
hardware is programmed to change the modulation (i.e. the
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rate) as a function of the detected losses. However, from
the tests that we have conducted in our laboratory (with
interfaces from different manufacturers), we have con-
cluded that present implementations of BT hosts follow a
highly conservative policy to select the modulation. Thus,
as soon as any loss is detected, the basic rate of 1 Mbps is
set. As a consequence, it is not possible to evaluate the
accuracy of the model for the EDRs in the presence of
noise in a real scenario.

In any case, we have checked the validity of the model
when the DM mode (and consequently the basic data rate)
is utilized. For this purpose, we employed the testbed
sketched in Fig. 4 and pictured in Fig. 5. To emulate a
Gaussian channel in a fully controlled environment, we
deployed an evaluation scenario where the transmissions
between two BT units are exclusively regulated by two
externally adjustable parameters: an attenuation factor and
an additive Gaussian white noise. Aiming at this goal, the
testbed utilizes a signal attenuator and a commercial noise
generator between the two BT devices (which perform as
the BT master and the BT slave). To isolate the testbed
from any external interference, the communications are
carried out through coaxial cables with SMA connectors
(the attenuation of the cables and the connectors is lower
than 0.5 dB so it can be neglected). BT interfaces were
inserted in metal covered boxes for a better isolation.

As it refers to the BT interfaces, the experimental test-
bed includes two BT development boards from Bluegiga
manufacturer [55]. These interfaces, which incorporate a
serial peripheral interface (SPI) programming interface,
integrate a WTI11-E BT module with the Bluecore-4
chipset from CSR (the most popular vendor of BT
technology).

To estimate the actual SNR (through the actual power
densities of the noise and the signal at the BT receptor), we
utilized an N9010A spectrum analyser from Agilent
Technologies.

Figures 6 and 7 compare the mean packet delay com-
puted by the model and the empirical results measured in
the testbed for two different conditions (i.e. when two
different values are set for the power of the additive
Gaussian noise). The graphs show the evolution of the
delay as a function of the size of the data payload. Both BT
modules were connected to the same equipment (a personal
computer) to avoid any synchronization problem in the
measurements. The connections were accomplished by
C-programmed scripts employing the BlueZ protocol stack.
The scripts performed a series of periodical and systematic
transmissions of user data from the master to the slave
(similar results were obtained in the opposite sense). The
tests were iterated by modifying the payload data size from
10 to 1,500 bytes. The delay for each data packet was
estimated as the time from the start of the transmission in
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Fig. 4 Connection diagram of
the employed testbed
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Fig. 5 Picture of the global testbed employed to evaluate the accuracy of the model
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Fig. 6 Comparison of the mean packet delay obtained in the real
testbed and the results derived from the analytical model for a signal-
to-noise ratio (SNR) of 10.95 dB (polling time, Ty, of 10 ms)

the master to the reception of the last bit in the slave. The
delay provoked by the operating system and the USB
connections with the modules were measured and detracted
from the shown results.

Figures 6 and 7 confirm the accuracy of the model to
compute the actual delay of a BT connection.

On the other hand, noisy scenarios with very higher
delays are also difficult to implement because existing
timeouts defined in the protocol stack force the interface to
assume that the connection is lost.

35

30

25 4

20 -

e Analytical model

+ Testbed measurements

Mean Packet delay (ms)

4100 100 300 500 700 900 1100 1300 1500
User Data size (in bytes)

Fig. 7 Comparison of the mean packet delay obtained in the real
testbed and the results derived from the analytical model for a signal-
to-noise ratio (SNR) of 14.95 dB (polling time, Ty, of 10 ms)

We think that the conclusions of this evaluation
(showing the accuracy of the model for the basic rate)
could be extrapolated to the same tests with BT modules if
an enhanced rate could be fixed by the user.

7 Conclusions

This paper has presented an analytical model that allows
calculating the transmission delay of BT 2.x + EDR
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connections in the presence of noise. The model has been
particularized for the three modulations (the basic speed of
1 Mbps and the two EDRs) which are provided by the
specification. By utilizing the model, we have investigated
the feasibility of the different modulations for different
levels of noise (expressed in terms of the SNR per bit). As
higher rates are associated to less robust signals, the per-
formed study identifies the modulation and packet-type that
offer the lowest delay for a certain SNR. This study could
be employed to optimize the implementation of the BT
host controller, which could select the most adequate
packet type and data rate basing on the existing noise
conditions.

Acknowledgments This work has been supported by European
FEDER funds and the Spanish Ministry of Science and Innovation
(Grants TEC2009-13763-C02-01 and TEC2013-42711-R).

Open Access This article is distributed under the terms of the
Creative Commons Attribution License which permits any use, dis-
tribution, and reproduction in any medium, provided the original
author(s) and the source are credited.

References

1. Bluetooth SIG. (2004, November 10). Bluetooth core specifica-
tion version 2.0 + EDR. In Specification of the Bluetooth system.
Bluetooth Special Interest Group. https://www.bluetooth.org/
Technical/Specifications/adopted.htm. Accessed April 25, 2014.

2. Bluetooth SIG. (2007, 26 July). Bluetooth core specification
version 2.1 + EDR. In Specification of the Bluetooth system.
Bluetooth Special Interest Group. https://www.bluetooth.org/
Technical/Specifications/adopted.htm. Accessed April 25, 2014.

3. Shimizu, M., Aoki, N., Shirakawa, N., Tozawa, Y., Okubo, N., &
Daido, Y. (1997). New method of analyzing BER performance of
GFSK with postdetection filtering. IEEE Transactions on Com-
munications, 45(4), 429-436.

4. Chandra, A., Mandal S. C., & Bose, C. (2008). BER of m/4-
DQPSK with multichannel reception: Some series solutions. In
Proceedings of TENCON 2008—2008 IEEE Region 10 confer-
ence (pp. 1-6).

5. Al Falujah, 1., & Prabhu, V. K. (2008). Error performance of
DQPSK with EGC diversity reception over fading channels.
IEEE Transactions on Wireless Communications, 7(4), 1190—
1194.

6. Kiasaleh, K., & He, T. (1996). Performance of DQPSK com-
munication systems impaired by mixer imbalance, timing error,
and Rayleigh fading. In Proceedings of the IEEE international
conference on communications (ICC 96) (Vol. 1, pp. 364-368).

7. Kiasaleh, K., & He, T. (1997). On the performance of DQPSK
communication systems impaired by timing error, mixer imbal-
ance, and frequency nonselective slow Rayleigh fading. /IEEE
Transactions on Vehicular Technology, 46(3), 642-652.

8. Miller, L. E., & Lee, J. S. (1998). BER expressions for differ-
entially detected m/4-DQPSK modulation. /IEEE Transactions on
Communications, 46(1), 71-81.

9. Ng, C. S., Tjhung, T. T., Adachi, F., & Lye, K. M. (1993). On the
error rates of differentially detected narrowband n/4-DQPSK in
Rayleigh fading and Gaussian noise. IEEE Transactions on
Vehicular Technology, 42(3), 259-265.

@ Springer

10.

11.

12.

13.

14.

15.

16.

17.

19.

20.

21.

22.

23.

24.

25.

26.

Sun, Y., Baricz, A., Zhao, M., Xu, X., & Zhou, S. (2009).
Approximate average bit error probability for DQPSK over fad-
ing channels. Electronics Letters, 45(23), 1177-1179.

Wong, D. P. C., & Mathiopoulos, P. T. (1992). Nonredundant
error correction analysis and evaluation of differentially detected
n/4-shift DQPSK systems in a combined CCI and AWGN envi-
ronment. I[EEE Transactions on Vehicular Technology, 41(1),
35-48.

Chow, Y. C., Nix, A. R., & McGeehan, J. P. (1994). An error
bound analysis for M-DPSK in frequency-selective Rayleigh
fading channel with diversity reception. In Proceedings of the
Singapore ICCS’94. Conference proceedings (Vol. 2, pp. 686—
690).

Kostic, I. (2008). Average symbol error probability for M-ary
DDPSK. Electronics Letters, 44(20), 1203-1204.

Noneaker, D. L., & Pursley, M. B. (1994). Error probability
bounds for M-PSK and M-DPSK and selective fading diversity
channels. IEEE Transactions on Vehicular Technology, 43(4),
997-1005.

Liu, H., Venkatesan, V., Nilsen, C., Kyker, R., & Magana, M. E.
(2003). Performance of frequency hopped noncoherent GFSK in
correlated Rayleigh fading channels. In Proceedings of the IEEE
international conference on communications (ICC’03) (Vol. 4,
pp. 2779-2783).

Tibenderana, C., & Weiss, S. (2004). Low-complexity high-per-
formance GFSK receiver with carrier frequency offset correction.
In Proceedings of the IEEE international conference on acous-
tics, speech, and signal processing (ICASSP’04) (Vol. 4,
pp. 933-936).

Chang, D. C., & Shiu, T. H. (2006). Digital GFSK carrier syn-
chronization. In Proceedings of the APCCAS 2006, IEEE Asia
Pacific conference on circuits and systems (pp. 1523-1526).

. Chang, D. C. (2009). Least squares/maximum likelihood methods

for the decision-aided GFSK receiver. IEEE Signal Processing
Letters, 16(6), 517-520.

Garcia-Armada, A., Rodriguez, B. B., Jiménez, V. P. G., &
Séanchez-Fernandez, M. (2007). Modelling, performance analysis
and design of WPAN systems. Wireless Personal Communica-
tions, 42(3), 367-386.

Valenti, M. C., Robert, M., & Reed J. H. (2002). On the
throughput of Bluetooth data transmissions. In Proceedings of the
IEEE wireless communications and networking conference
(WCNC2002) (Vol. 1, pp. 119-123).

Skudlarek, J.P. (2002). RadiSim—A fast digital RF behavioral
simulator including bit error rate assessment for system explo-
ration, validation, and tuning. In Proceedings of the 2002 IEEE
international workshop on behavioral modeling and simulation
(BMAS 2002) (pp. 61-66).

Yoon, J. H, Lee, S. B., & Park, S. C. (2004). Packet and mod-
ulation type selection scheme based on channel quality estimation
for Bluetooth evolution systems. In Proceedings of the IEEE
wireless communications and networking conference (WCNC
2004) (pp. 1014-1017).

Roh, J. S. (2006). Performance analysis and evaluation of Blue-
tooth networks in wireless channel environment. In Proceedings
of the international conference on systems and networks com-
munications (ICSNC’06) (p. 61).

Hua Y., & Zou Y. (2008). Analysis of the packet transferring in
L2CAP layer of Bluetooth v2.x + EDR. In Proceedings of the
international conference on information and automation (ICIA
2008) (pp. 753-758).

Mikulka, J., & Hanus, S. (2008). Bluetooth EDR physical layer
modeling. In Proceedings of the 18th international conference,
Radioelektronika, 2008 (pp. 1-4).

Moon 1. Y. (2007). Performance analysis of WAP in Bluetooth
ad-hoc network system. In Knowledge-based intelligent


https://www.bluetooth.org/Technical/Specifications/adopted.htm
https://www.bluetooth.org/Technical/Specifications/adopted.htm
https://www.bluetooth.org/Technical/Specifications/adopted.htm
https://www.bluetooth.org/Technical/Specifications/adopted.htm

Wireless Netw (2015) 21:1969-1984

1983

27.

28.

29.

30.

31.

32.

33.

34.

35.

36.

37.

38.

39.

40.

41.

42.

43.

44,

45.

information and engineering systems, Lecture notes in computer
science (Vol. 4692/2010, pp. 390-396).

Zanella, A. (2009). A mathematical framework for the perfor-
mance analysis of bluetooth with enhanced data rate. IEEE
Transactions on Communications, 57(8), 2463-2473.

Zanella. A. (2007). Analysis of the packet reception statistics of
Bluetooth v2 4+ EDR in fading channels. Technical report 155,
Department of Information Engineering, University of Padova,
Italy.

Yu, B., Yang, L., & Chong, C. C. (2011). Optimized differential
GFSK Demodulator. IEEE Transactions on Communications,
59(6), 1497-1501.

Han, D., & Zheng, Y. (2008). An ultra low power GFSK
demodulator for wireless body area network. In Proceedings of
the 34th European solid-state circuits conference (ESSCIRC
2008) (pp. 434-437).

Han, U. D., & Zheng Y. (2009). A GFSK demodulator based on
instant phase computation and adaptive multi-threshold quanti-
zation. In Proceedings of the IEEE Asian solid-state circuits
conference (A-SSCC 2009) (pp. 249-252).

Ibrahim, N., Lampe, L., & Schober, R. (2007). Bluetooth receiver
design based on Laurent’s decomposition. IEEE Transactions on
Vehicular Technology, 56(4), 1856—1862.

Kao, H. S., Yang, M. J., & Lee, T. C. (2007). A delay-line-based
GFSK demodulator for low-IF receivers. In Proceedings of the
54th IEEE international solid-state circuits conference (ISSCC
2007) (pp. 588-589).

Lee, T. C., & Chen, C. C. (2006). A mixed-signal GFSK
demodulator for Bluetooth. IEEE Transactions on Circuits and
Systems II: Express Briefs, 53(3), 197-201.

Xia, B., Xin, C., Sheng, W., Valero-Lopez, A. Y., & Sanchez-
Sinencio, E. (2003). A GFSK demodulator for low-IF Bluetooth
receiver. [EEE Journal of Solid-State Circuits, 38(8), 1397-1400.
Xin, C., Xia, B., Sheng, W., Valero-Lopez, A. Y., & Sanchez-
Sinencio, E. (2002). A mixed-mode IF GFSK demodulator for
Bluetooth. In Proceedings of the IEEE international symposium
on circuits and systems (ISCAS 2002) (Vol. 3, pp. 457-460).
Sheng, W., Xia, B., Emira, A. E., Xin, C., Valero-Lépez, A. Y.,
Moon, S. T., & Sanchez-Sinencio, E. (2003). A 3-V, 0.35-um
CMOS Bluetooth receiver IC. IEEE Journal of Solid-State Cir-
cuits, 38(1), 30-42.

Hyun, S. B, Tak, G. Y., Kim, S. H., Kim, B. J,, Ko, J., & Park, S.
S. (2004). A dual-mode 2.4-Ghz CMOS transceiver for high-rate
Bluetooth systems. ETRI Journal, 26(3), 229-240.

Gomez, C., Demirkol, 1., & Paradells, J. (2011). Modeling the
maximum throughput of Bluetooth low energy in an error-prone
link. IEEE Communications Letters, 15(11), 1187-1189.

Luque, R., Morén, M. J., & Casilari, E. (2010). Minimum
transmission delay in Bluetooth 2.0 + EDR. Electronics Letters,
46(13), 955-957.

CSR. Cambridge Silicon Radio Plc. BlueCore Bluetooth, chipset.
http://www.csr.com.

ISSC (Integrated System Solutions Corp). http://www.issc.com.
tw/.

Shin, S. Y., Park, H. S., Choi, S., & Kwon, W. H. (2007). Packet
error rate analysis of ZigBee under WLAN and Bluetooth inter-
ferences. IEEE Transactions on Wireless Communications, 6,
2825-2830.

Shin, S. Y., Kang, J. S., & Park, H. S. (2009). Packet error rate
analysis of ZigBee under interferences of multiple Bluetooth
piconets. In Proceedings of the 69th IEEE vehicular technology
conference (VIC Spring 2009) (pp. 1-5).

Yang, G., & Yu, Y. (2009). ZigBee networks performance under
WLAN 802.11b/g interference. In Proceedings of the 4th

46.

47.

48.

49.

50.

S1.

52.

53.
54.

55.

international symposium on wireless pervasive computing (IS-
WPC 2009) (pp. 1-4).

Mikulka, J., & Hanus, S. (2008). Bluetooth and IEEE 802.11b/g
coexistence simulation. Radioengineering, 17(3), 66-73.
Mangir, T., Sarakbi, L., & Younan H. (2011). Analyzing the
impact of Wi-Fi interference on ZigBee networks based on real
time experiments. International Journal of Distributed and Par-
allel Systems (IJDPS), 2(4), 1-10.

Goldsmith, A. (2005). Wireless communications. New York:
Cambridge University Press.

Bruce Carlson, A. (1986). Communication systems: An intro-
duction to signals and noise in electrical communication (3rd
ed.). NewYork: McGraw-Hill Education.

Proakis, J. (2000). Digital communications (4th ed.). NewYork:
McGraw-Hill Science.

Simon, M. K., & Alouini, M. S. (2005). Digital communication
over fading channels (Wiley series in telecommunications and
signal processing) (2nd ed.). Hoboken, NJ: Wiley-IEEE Press.
Moon, T. K. (2005). Error correction coding: Mathematical
methods and algorithms. Hoboken, NJ: Wiley-Interscience.
Python programming language. https://www.python.org/.
MATLAB, the language of technical computing. http://www.
mathworks.com/products/matlab/.

BlueGiga Tech. WT11 evaluation kit. http://www.bluegiga.com/.
Accessed September 9, 2010.

Jose-Rafael Luque received
the B.S. degree (1999) in Elec-
trical (Telecommunications)
Engineering and the Ph.D.
degree (2010) from the Univer-
sity of Malaga (Spain). From
September 1996 to September
2004, he worked as consultant
in a state-owned telecommuni-
cations company. From Sep-
tember 2004, he works as
secondary teacher on informat-
ics area. Besides, from October
2006, he also works as an
Assistant  Professor in the

Department of Electronic Technology (University of Malaga, Spain).
His research areas include Bluetooth performance modelling and
wireless networking for telemedicine applications.

Maria-Jose Morén received the
B.S. degree (2000) in Electrical
(Telecommunications) Engineer-
ing and the Ph.D. degree (2008)
from the University of Malaga.
From July 2000 to 2004, she
worked as a consultant in a state-
owned telecommunications
company. From October 2004,
she has worked as a research
assistant and an assistant profes-
sor in the Universities of Malaga
and Seville (Spain). Her research
area focuses on Bluetooth per-
formance modelling, wireless

technologies for telemedicine applications and usability issues in wire-
less personal area networks.

@ Springer


http://www.csr.com
http://www.issc.com.tw/
http://www.issc.com.tw/
https://www.python.org/
http://www.mathworks.com/products/matlab/
http://www.mathworks.com/products/matlab/
http://www.bluegiga.com/

1984

Wireless Netw (2015) 21:1969-1984

Eduardo Casilari received the
Ph.D. degree (1998) in Elec-
trical  (Telecommunications)
Engineering. In  September
2001 he became an associate
professor in the University of
Malaga (Spain). His present
research interests are focused
on the analysis and character-
ization of low-power technol-
ogies for wireless sensor
networks, as well the applica-
tion of wireless technologies
in Personal Area Networks
and Body Area Networks. He

has co-authored more than 20 articles in JCR journals and has

@ Springer

published more than 100 works in different conferences. More
information at: http://webpersonal.uma.es/de/ECASILARI/pagina.
html.


http://webpersonal.uma.es/de/ECASILARI/pagina.html
http://webpersonal.uma.es/de/ECASILARI/pagina.html

	A characterization of the performance of Bluetooth 2.x + EDR technology in noisy environments
	Abstract
	Introduction
	Related work
	Characterization of the delay for the ideal case
	Characterization of the delay with packet retransmissions
	Computation of the bit error probability
	GFSK modulation
	 pi /4-DQPSK modulation
	8-DPSK modulation

	Computation of the mean packet delay
	Retransmission probability due to errors in the payload of the DH packets
	Retransmission probability due to errors in the payload of the DM packets
	Retransmission probability due to errors in the header of the packets
	Global retransmission probability


	Discussion of the performance of Bluetooth 2.x + EDR
	Empirical evaluation of the model for the basic rate
	Conclusions
	Acknowledgments
	References




