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ABSTRACT

In this paper, an indoor communication system using ultra-
sonic signals is described. The system uses differential binary
phase-shift keying (DBPSK) for transmitting binary data as a
part of an indoor positioning system. A synchronization and
decoding approach is proposed that exploits the correlation
properties of the DBPSK waveforms. All of the detection and
decoding/demodulation processes are performed digitally—
no analogue circuits are involved. Experiments that were car-
ried out using off-the-shelf components confirmed the feasi-
bility of the proposed system.

Index Terms— Ultrasonic based communication, DBPSK,
correlation, waveform, modulation

1. INTRODUCTION

Ultrasonic based positioning is attractive for indoor location
systems. Owing to the low propagation speed of sound, sig-
nal parameters such as time-of-flight can be estimated more
accurately than in radio frequency (RF) based systems [1, 2].
Applications of ultrasonic systems include hospitals and ubiq-
uitous computing [3, 4].

Traditionally, ultrasonic positioning systems (e.g., [1, 2,
5]) used RF signals to synchronize system units to allow for
measurement of time-of-flight. In these, systems, the RF
transceivers can be used for data communications between
units.

In [3] and [4], indoor data communication using airborne
ultrasound is discussed. The papers considered different fac-
tors that affect the design and operation of the systems. How-
ever, no details on the actual operation of the communica-
tion system were given. The papers suggest using M-ary
frequency-shift keying (MFSK). The advantage of such modu-
lation scheme is that it requires simple non-coherent detection
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and does not have the stringent synchronization requirements
of coherent detection [6].

This paper proposes a system for ultrasonic data com-
munication utilizing differential binary phase-shift keying
(DBPSK) over 4 frequency channels. The transmission al-
ternates periodically between channels in a way similar to
a frequency-hopping spread-spectrum (FHSS) modulation
schemes. This approach simplifies the system operation, as
will be revealed subsequently.

In section 2, general issues related to the design of the
signals are discussed and a design is identified. Section 3
discusses the DBPSK waveform properties that are exploited
by the system. Section 4 describes the operation of the system
in terms of the detection and the decoding of the signals. In
Section 5 the experimental setup is described and test results
are reported. Section 6 gives the conclusions of this paper.

2. SIGNAL DESIGN

In a communication system, orthogonal frequency sets should
be separated by at least 1/Tb, where Tb is the symbol dura-
tion (bit duration in the case of binary transmission) [7]. The
acoustic channel is known for its large Doppler shifts com-
pared to the RF channel [3]. Therefore, in the case of an
ultrasonic based communication system, Doppler effect has
to be accounted for in the signal design. Here, we propose
increasing the frequency separation to

∆f =
1

Tb
+ 2fg (1)

where fg is a guard frequency meant to accommodate Doppler
shifts between −fg Hz and +fg Hz. The introduction of such
redundancy ensures that the frequency contents of each chan-
nel will always remain within a distinct frequency band.
Fig. 1 depicts an orthogonal frequency set based on Eq. (1).

The number of orthogonal frequencies available for trans-
mission can be calculated from the total available bandwidth,



B, as

K =
B

∆f
=

B
1
Tb

+ 2fg
. (2)

Doppler shift at a frequency f0 under motion with velocity
v (normally + or -) is given by fd = f0v/c, where is the c
is the speed of wave propagation. For ultrasound, typically,
the value c = 343 m/s is used corresponding to an indoor
temperature of 20o Celsius.

Typical off-the-shelf ultrasonic transducers have band-
widths of B = 4 kHz around the frequency 40 kHz. Indoor
motion velocities are normally 1–2 m/s. Based on these
facts, the design parameters are selected as follows. The total
bandwidth is divided into 4 channels (K = 4), each with
a bandwidth (∆f ) of 1 kHz. The guard frequency is set to
fg = 167 Hz, which can accommodate motions with speeds
up to 1.43 m/s. These choices result in a symbol duration,
Tb, of about 1.5 ms, which correspond to a symbol rate of
approximately 666 symbol/s. If 4-FSK modulation is to be
used, this gives a data rate of 1.332 k bit/s.

In the application of interest, short codewords are trans-
mitted by each transmitter device in the environment at ran-
dom times. Long intervals of silence occur between the code-
word bursts from a device to allow for reverberation (multi-
path) to attenuate and to avoid collision between bursts from
different transmitters. The receiver has to listen to the chan-
nels continuously to detect the arrival of the data and syn-
chronize to each symbol. With MFSK this can be difficult
since the channel used for transmitting a certain datum is de-
termined by that datum. This leads to uncertainty in the chan-
nels to be received, and hence makes synchronization harder.

Here we propose transmitting binary data using DBPSK
over the four channels in sequence (f1, f2, f3, f4). The first
bit is transmitted over the first channel, the second bit over the
second, etc. The pattern can be repeated until all of the data is
transmitted. This resembles a FHSS scheme and can provide
some resistance against multipath effects [6, 8]. However,
the major advantage is that the received hopping pattern is
known, which simplifies receiver operation. Also, the (a pri-
ori known) orthogonality between consecutive channels and
other properties of DBPSK waveforms can be exploited for
synchronization, as will be demonstrated subsequently. This
is achieved at the cost of a reduction in data rate; due to the
differential nature of DBPSK two symbols are required to
transmit every single bit, and the data rate drops to 333 bit/s.

3. DBPSK WAVEFORMS

DBPSK represents one binary digit by a phase-shift of 0 ra-
dian and the other by a phase-shift of π radian. A startup sym-
bol relative to which data is encoded is always required [6].
This means that to transmit a single binary digit over a certain
frequency, two symbols are required. This leads to the afore-
mentioned data rate reduction. Here, we conceive the two

Fig. 1: Orthogonal frequency set.

symbols pertaining to a binary digit transmitted over a certain
frequency, as a single waveform. Therefore, the waveforms
for binary 0 and binary 1 at frequency fk, k = 1, ..., 4 can be
written in the form

s0k(t) = Ak cos(2πfkt) g (t) +Ak cos(2πfkt) g (t− Tk)

s1k(t) = Ak cos(2πfkt) g (t)−Ak cos(2πfkt) g (t− Tk)

(3)

where Ts is the sampling interval; Ak =
√
2Ek/Tk; Ek is the

energy per symbol; Tk is the symbol duration and is assumed
to be equal for all k (Tk = Tb,∀k); and g(t) is a function that
is defined as g(t) = 1, 0 ≤ t < Tk, g(t) = 0, otherwise.

A pair of signals, s1(t) and s2(t), is said to be orthogonal
if it satisfies

∫ +∞
−∞ s1(t)s2(t) = 0 [7]. Clearly, each pair,

[s0k(t), s1k(t)],∀k, represents an orthogonal pair. Since the
frequency set of fk, k = 1, .., 4 is designed to be sufficiently
orthogonal, then the waveforms; sbk(t),∀k, b = 0, 1; are also
sufficiently pairwise orthogonal.

Now, consider a discrete version of Eq. (3), which is easily
obtained by replacing the continuous-time variable t by nTs,
where n = 0, 1, 2, ... and Ts is the sampling interval. This
results in the discrete waveforms, s0k[nTs] and s1k[nTs], or
simply s0k[n] and s1k[n]. For the orthogonality property to be
maintained for these sampled signals, the sampling theorem
has to be respected. Namely, the sampling rate, Fs = 1/Ts,
has to satisfy Fs ≥ 2W , where W is the highest frequency
in the frequency band of interest. The maintenance of the
orthogonality property can be directly implied from the re-
lationship between the Fourier transforms of the continuous-
time and the corresponding discrete-time signals.

Fig. 3 plots the auto- and cross-correlations of an exam-
ple pair, [s01[n], s11[n]] at a frequency of 40 kHz and an-
other orthogonal pair, [s02[n], s12[n]] at 41 kHz, in the noise-
free case. Fig. 3 (a) shows the autocorrelation and the cross-
correlations of s01[n] with the other three orthogonal wave-
forms, whereas, Fig. 3 (b) shows similar correlations pertain-
ing to s11[n]. Each waveform consists of 512 samples.

The autocorrelations looks much like those of narrowband
signals; the magnitude grows towards the zero lag point and
the autocorrelation has both negative and positive peaks. The



positive peak occurs exactly at zero lag. Due to the phase-
shift in the middle of the waveform, the autocorrelation of
s11[n] has two smaller peaks in addition to the main peak. The
cross-correlation of s01[n] and s11[n] (orthogonal waveforms
at the same frequency) has four (two negative and two pos-
itive) peaks and two (one negative and one positive) valleys.
This cross-correlation has its minimum absolute value at zero
lag. The cross-correlation of each of s01[n] and s11[n] with
the other orthogonal pair (lower plots) are generally smaller
in magnitude compared to the upper plots, and they do not
show a significant variation in magnitude towards zero lag.

These correlation properties can be exploited to imple-
ment a simple and robust detection scheme without precise
symbol synchronization, as will be shown in the next section.

4. SYSTEM OPERATION

The operation of the system can be summarized by the fol-
lowing two steps:

I. Detection of the arrival of the frequency sequence.

II. Decoding of the binary bits.

The decoding requires synchronization. Next, it will be
shown that that synchronization and decoding can be per-
formed simultaneously.

4.1. Detection

To detect the arrival of the first cycle (4 frequencies) of the
transmission, matched filters or equivalently bandpass filters
can be used [8]. Here, we benefit from the discrete Fourier
transform (DFT) [9] to detect the frequencies of interest. DFT
can normally be employed as a filter bank and is computation-
ally attractive [10].

The detection system is depicted in Fig. 2. This scheme
is inspired by FHSS world [8] and operates as follows. The
receiver takes a window of N samples of the received sig-
nal, x[n], with N equivalent to the number of samples in the
period of a frequency duration (2Tb). The DFT of the data
is computed and the energy in each of the four bands is es-
timated, as indicted by the summation over frequency band
Bk. The estimated energy from each of the four stages is
compared to a suitably selected threshold. If the threshold is
exceeded, a binary output, bk, that indicates this fact, is set to
take the value 1, otherwise, it remains 0. The binary outputs
pertaining to different bands are delayed such that the system
output will accumulate a value of 4 only when the four fre-
quencies are received in the correct order. This is supposed
to protect against false detection due to in-band interferences.
Detection is declared when the output reaches the value 4.
Note that the binary signals, bk, are just indicators of the ar-
rival of the corresponding frequencies and have nothing to do
with the actual data encoded therein.

Fig. 2: Detection System.

Due to misalignment, windowing can result in a portion
of a received frequency being in one window and another por-
tion in the next window. If the proportion is close to 0.5, this
may lead to a duplication of detection. Naturally, the receiver
will select the first detected sequence. This kind of alignment
results in an uncertainty of a half window length in the loca-
tion of the start of the pattern. This should be dealt with in the
decoding stage.

4.2. Decoding

Let us redefine the received sequence, x[n], such that x[0]
is the received sample that coincides with the start of the
frequency sequence according to the detection stage. Also,
let sbk[0] coincide with the same starting point. As pre-
ceded, there is an uncertainty of N/2 samples in estimating
this discrete time. With this in mind, the portions of the
cross-correlations that are relevant to the decoding of the data
carried in frequency fk (k = 0, .., 4; b = 0, 1) are [9]

Ebk[l] =
l+N∑
n=l

x[l]sbk [n− l] ,

l = −N

2
− (k − 1)N, ...,−N

2
− kN (4)

Now, define the function

∆Ek[l] = |E0k[l]| − |E1k[l]| . (5)

This function combines the contributions of the correlations
of the two different waveforms at each frequency. This def-
inition is aimed at decreasing any peaks other than the main
peak (see Fig. 4), and therefore, reducing the probability of
picking a wrong peak when sources of error (e.g., noise) are
present.



In the ideal case, it is expected that |Ek[l]| will have its
peak value at l = pk, exactly when the test data sbk has the
best alignment (or synchronization) with the corresponding
frequency in the received signal. To determine which binary
is being received, Ek[pk] is tested. If Ek[pk] > 0, then binary
0 is received; and if Ek[pk] < 0, then 1 is received.

Fig. 4 depicts examples of the functions involved in the
decoding process for one frequency, where binary 1 is re-
ceived. Fig. 5 plots bit-error rate versus Eb/η0, where η0 is
the noise spectral density of an added white Gaussian noise
(AWGN). The figure represents the detection and decoding
performance obtained from simulation for DBPSK data trans-
mitted over a frequency of 39 kHz as a part of a sequence of
frequencies of 38, 39, 40 and 41 kHz and Tb = 1.5 ms. Per-
formance is clearly seen to improve as Eb/η0 increases. The
bit-error rate decreases to very small values for high Eb/η0
ratios.

5. EXPERIMENTAL TESTS

The proposed communication system was tested experi-
mentally in a real office environment. The experimen-
tal setup consisted of an ultrasonic transmitter (400ST160
from Prowave), an ultrasonic sensor (SPM0204UD5 from
Knowles), a sensor interface, a DSP board (SMT361A from
Sundance) and a PC. The sensor interfacing circuit was de-
signed to amplify the sensor outputs from a few millivolts to
a maximum of two volts that could be admitted by the DSP
board. Also the interface performed high pass filtering that
suppressed all sound contents in the audible range.

Throughout the experiments, signals were sampled at a
rate of 167.857 samples/s, which results in approximately 512
samples per frequency. The frequency channels 38, 39, 40
and 41 kHz were used. In the tests, codewords of 8 bits (two
cycles of the frequency set) were transmitted at random inter-
vals. The test space is depicted in Fig. 6, with the locations
of the transmitter and receiver marked and the test codewords
given in the attached table. In all of the tests, the transmit-
ter was situated at the location marked Tx1, whereas the re-
ceiver was moved between two different locations; Rx1 and
Rx2. The difference between the two receiver locations is that
Rx1 was sufficiently far from any rigid reflector, while Rx2
was about 49 cm from a rigid wall. According to the system
parameters, the latter distance is sufficiently small for early
multipath pertaining to a certain frequency to catch up with
the direct path reception of the same frequency.

For each receiver location, codeword-1 was transmit-
ted 15 times at random intervals. The same is repeated for
codeword-2 and codeword-3. The results are summarized in
Table 1, where the errors are classified according to the num-
ber of bits in error in each of the 8-bit codewords. It can be
seen that for Rx1, the receiver managed to detect and decode
each of the three codewords correctly without a single bit er-
ror in all case. On the other hand, for Rx2, multipath (due to
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Fig. 3: Example of Correlations functions for s01[n] and
s11[n].
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Fig. 4: Example of the functions involved in the decoding
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Fig. 6: Experimental Setup.

reflections from walls) seems to have affected performance.
It can be seen that 1-bit errors are more dominant, while
larger bit errors are quite rare. The latter results highlight the
difficulties that surrounds the operation of the systems in a
reverberant environment such as indoors. Namely, acoustic
systems can be expected to face performance loss near rigid
reflectors. To overcome such difficulties, error correction
codes can be utilized, which requires increasing the trans-
mitted data size. This is acceptable in applications with low
system throughput requirements.

Table 1: The number of occurrences of different number of
bit errors in 15 transmissions per codeword for receiver loca-
tions Rx1 and Rx2.

Rx1 Rx2
Error CW-1 CW-2 CW-3 CW-1 CW-2 CW-3
1-bit 0 0 0 2 5 3
2-bit 0 0 0 0 1 0
3-bit 0 0 0 0 0 1
>3-bit 0 0 0 0 0 0

6. CONCLUSIONS

This paper presented an ultrasonic based binary communica-
tion system for indoor environments. The system was de-
signed to transmit transmitter identification and synchroniza-
tion information to aid the operation of an ultrasonic based in-
door positioning system. Experimental results demonstrated
the robustness of the proposed communication system. How-
ever, performance was found to degrade close to rigid reflec-
tors such as walls, a point that is proposed for future consid-
eration.
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