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Autonomous robotics is an emerging technology for the inspection of a vast network of underground pipes. Com-
munication between autonomous robots is essential to optimise their efficiency and network coverage. However,
sending a message acoustically is not a well-researched topic because most of the existing literature is devoted to
the study of the acoustic properties of the pipe for the purpose of sensing rather than communication. In particular,
the influence of multi-modal propagation and background noise on the quality of acoustic communication in pipes
has not been well understood. This paper studies the performance of four standard acoustic communication tech-
niques in a dry drainage pipe to fill this knowledge gap. The noise resistance, communication range and data rate
of these techniques are estimated through numerical simulations and laboratory experiments. It has been found
that the techniques based on shift keying requires at least 5–10 dB signal to noise ratio (SNR) to function properly
while the chirp linear frequency modulation technique can operate reliably with SNR = 0 dB or event lower SNR.
The results also suggest that the multi-modal propagation in the pipe has significant effects on the package error
rate. The frequency dependent sound attenuation in the pipe also affects the communication range and data rate.
In particular, for a 150 mm diameter dry pipe the maximum robot operation distance is likely to be limited to 50–
100 m with the highest carrier frequency of around 10 kHz and data rates below 6300 bps. The results of this work
pave the way to the development of acoustic communication modules to be deployed on tetheless robots designed
to inspect a buried pipe network autonomously and collaboratively.

1. INTRODUCTION

There are millions of kilometres of buried wastewater col-
lection pipes around the globe. A considerable proportion of
this system is ageing and failing. These failures are leading to
blockages, pollution spills and flooding in urban areas. Real
time condition data to prevent these failures proactively are
rare and repair and rehabilitation of these assets are generally
reactive via disruptive excavation. To address this problem, the
British government invested heavily to develop the science of
miniature, cooperating swarms of autonomous robots for the
inspection of buried pipes.1 The focus of the Pipebots team is
on new science which is emerging from the latest advances in
robotics, sensing, control, additive manufacturing, and artifi-
cial intelligence (AI). Findings from the Pipebots project sug-
gests that that the success of autonomous robotic sensing in a
very large pipe network depends on the ability of these robots
to communicate information on the position and local condi-
tions wirelessly.2 Robust communication in a robot swarm is
essential to achieve good performance for a robotic swarm in-
specting autonomously a large, buried pipe network.

It is common to use radio waves (FR) to communicate mes-
sages above ground. However, this is problematic in buried
sewer pipes because the RF attenuation is too high. In a pres-
surized water pipe, optical waves have desirable advantage in
terms of high data rate reaching Gbps. However, it only works
as a line-of-sight communication and in the absence of scatter-
ers such as fog, spray, and dust. In this respect acoustic waves
are attractive to use for communication because they propa-

gate relatively long distances with little attenuation.3 In addi-
tion, relatively low cost, simple and robust acoustic sensors are
more suitable to work in the harsh environment such as sewer
pipes to deliver messages between robots and for being used
for detecting a critical change.

To the best of our knowledge there have been very few stud-
ies into the in-pipe acoustic communication. In 1997, Li et
al.4 used simulation-based approach to develop an underwa-
ter ultrasonic acoustic communication system for water tanks
and pipes to study the effects of multipath propagation. This
work is relevant as it reflects the challenges of sending mes-
sages acoustically in the pipe, but it is restricted to ultrasound.
The authors pointed out that the effect of multi-modal propaga-
tion in a pipe will be much stronger than multi-path propaga-
tion in a tank which requires efficient equalisation techniques
and one must choose the modulation method wisely to over-
come those effects. However, his work only presents the exist-
ing challenges and there was no demonstration of a successful
in-pipe acoustic communication. The details of communica-
tion such as encoding and MODEM (Modulation & Demodu-
lation) were also not mentioned in this paper. In 2000, Kokos-
salakis5 has discussed the basic process of deploying acoustic
wireless sensor networks to transmit data in a multi-shape, air-
filled pipe which illustrates the physical acoustics of a duct
and method of encoding and decoding, MODEM and equali-
sation. His work elaborated on most of the details that need
to be considered for in-pipe acoustic communication, and the
simulation results were successfully verified by experiments.
Unfortunately, from a realistic perspective, the reliability of the
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communication system needs to be tested and challenged via
different parameters such as noise resistance, communication
range and data rate, which were exactly what this work lacks.
Jing et al.6 used analytical and experimental methods to deter-
mine a 1–50 kHz wideband acoustic channel characterisation
of straight gas and oil pipe. Their work reflects the importance
of predicting and measuring the frequency response function
(FRF) of the pipe for acoustic communication. In another
study conducted in 2020 they developed an encoding method
of Orthogonal Frequency Division Multiplexing (OFDM) for
low and high SNR situations in a water filled pipe.7 In 2021
Yu et al.8 utilised analytical, numerical, COMSOL and FEM
methods for channel characterisation of partially water filled
pipe. The works by Jing6 and Yu’s8 papers suggest that the
channel properties of a realistic pipe with different conditions
could be predicted by non-experimental approaches which are
accurate to support the further simulation-based study of in-
pipe acoustic communication and in this case, the difficulty of
getting access to the pipe will be minimised accordingly.

There is still a lack of data on the effects of muti-modal
sound propagation in a pipe, background noise and attenuation
on the package error rate observed when using popular acous-
tic communication technologies. This information is essential
to design communication solutions that can be adopted on a
moving robot working autonomously in a pipe. This paper at-
tempts to address the existing gaps in knowledge by studying
the performance of four acoustic communication techniques
in a dry drainage pipe and influence of the SNR and cut-off
frequencies on the package error rate. The novelty of this
work is in a systematic study how classic acoustic communi-
cation techniques perform in a multi-modal pipe environment
in the presence of noise and attenuation. This work is based
on a validated analytical approach to predict the FRF of the
channel which is then experimentally tested. It demonstrates
the importance of the deconvolution to equalise the effects of
multi-mode propagation and noise. The four communication
techniques studied here are based on amplitude, phase and fre-
quency shift keying, and chirp linear frequency modulation.9

The performance of each of these four communication tech-
niques is evaluated in terms of its package error rate, noise re-
sistance, communication range and maximum data speed. Fac-
tors which affect the data speed for these four communication
techniques are analysed and discussed.

The paper is organised in the following manner. Section 2
presents the theory for sound propagation in air-filled pipes
which is used for channel characterisation through simula-
tion. Section 3 uses binary amplitude shift keying modulation
(2ASK) as an example to demonstrate the procedures of com-
munication in the MATLAB-based simulation. Then section 4
describes the fundamental theories of three binary modulation
techniques and chirp linear frequency modulation (CLFM). Fi-
nally, the results of simulations and experimental validation
are discussed in section 5. In addition, this section also sug-
gested the communication range and maximum data rate for
each technique that can be affected by sound attenuation in the
pipe.

Figure 1. The geometry of the problem of sound propagation in a pipe.

2. CHANNEL CHARACTERISATION

2.1. Theory

In any type of communication technique which relies on
acoustic wave propagation, e.g. underwater, channel charac-
terisation is essential because it expresses the physical envi-
ronment for waves to transmit the signal. For in-pipe commu-
nication, the channel is the response of the pipe to an acous-
tic stimulus. The structure of a real pipe can be complicated
by junctions, lateral connections, changing water level, vary-
ing cross-sections, and occasional blockages. These properties
of the channel can change over time and sound propagation
through it needs to be predicted with a numerical model, see
e.g. the article by Yu et al.8 Such communication channel is
usually called “time-varying channel”.

It makes sense to start with a simpler problem, i.e., with
a dry, clean, uniform and infinitely long pipe. It also makes
sense to assume that the pipe is filled with air and that its walls
are rigid. In this case, the channel is parametrically stabilised.
The parametrically stabilised channel is a linear network which
means if the transmitting properties are determined, the influ-
ence of the channel can be obtained by applying the linear anal-
ysis approach. Generally, transmitting properties are expressed
by “amplitude-frequency relations” and “phase-frequency re-
lations”. However, in a real pipe it is very hard to achieve
the ideal condition for both properties and directly transmit-
ting message in such channel would possibly to be under risk
of being distorted. Therefore, obtaining and understanding the
acoustic channel properties in advanced and applying linear
equalisation techniques is essential for the success of in-pipe
acoustic communication.

Figure 1 illustrates the cylindrical coordinates system that
describes the geometry corresponding to a typical pipe. In
these coordinates the frequency-dependent sound pressure can
be expressed as the function of the coordinates r, θ and z. The
frequency response function (FRF) in these coordinates can be
written as:

p(ω)

Q (ω)
=

ωρ0
πR2

·

∞∑
m=0

∞∑
n=0

Jm (kmnrs) cosmθ
[
Jm (kmnr) e

j|z|γmn
]

(δm0 + 1) γmnJ2
m (kmnR)

[
1−

(
m

kmnR

)2
] . (1)
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Figure 2. Experiment setup for channel measurement.

The total process of deriving the above FRF can be found
in our previous work.8 Eq. (1) demonstrates the FRF as the
relation between the sound pressure p at (r, θ, z) and the in-
put point source at (rs, 0, 0) with volume velocity Q. m and
n are mode indices, j =

√
−1, Jm (kmnr) is the mth order

Bessel function and Amn is the amplitude of the modes for
sound pressure that depend on the source position only. kmn

is modal wavenumber, γmn =
√
k2 − k2mn is the wavenum-

ber in z direction and k is wavenumber in free space. The cos
represents the radial lines of zero pressure which is so called
nodal surfaces that occur at angular intervals of π/m and cir-
cumferential particle velocity component is maximum at these
surfaces. In addition, R is radius of the pipe, ρ0 is density of
air and δm0 is Dirac function.

The equation above predicts the acoustic FRF of the pipe
due to a monopole source. It is clear that phase, amplitude
and sound velocity in these modes are frequency-dependent
and sound propagation in the pipe is multi-modal, i.e., there is
a plurality of paths in which sound emitted by the source can
reach the receiver. When the frequency of sound passes the so-
called cut-off frequency, i.e., kmn = k, the phase velocity for
the sound waves in the mode (m,n) is infinite and considerable
stretching of a sound waveform can occur. Such effect can
have a strong influence on the channel communication quality.

2.2. Experimental Validation
To validate the theory used to predict sound propagation in a

pipe an experiment was carried out in a 150 mm diameter, 15 m
long, rigid wall PVC pipe. This setup is shown schematically
in Figure 2.

On both sides of the pipe, two foam absorbers were inserted
to control the reflections caused by the open ends. Then, a
32 mm diameter loudspeaker was placed on the bottom of the
pipe 3 m away from the left end of the pipe and faced up to en-
sure both anti-axisymmetric and axisymmetric modes can be
successfully excited. The information of these modes can be
found from our previous work.8 In addition, a 12 mm diameter
microphone (Type 46AE GRAS) was placed in line with the
loudspeaker to capture the signal. In measurements, the source
was fixed at 3 m away from the left side pipe end and the dis-
tance between loudspeaker and microphone varied in the range
between 20 mm and 7 m with step spacing of 20 mm. The
data was collected by the National Instrument DAQ NI PXIE-
6358 data acquisition card and whole process was controlled
by a LabVIEW based subroutine with sampling frequency of
48 kHz. The dispersion relation was obtained by measuring
the impulse response of the channel. In this experiment, a

Table 1. 19 binary message pack.

1 1 15 random binaries 1 1

10 s long sinusoid-sweep with the frequency in the range be-
tween 100 Hz and 5000 Hz was excited and deconvolved with
a recorded signal to determine the impulse response. This ap-
proach enabled us to achieve a relatively good signal-noise ra-
tio of around 40 dB but and was used subsequently for the
synchronisation in the communication system (see section 3,
Communication Procedures).

This experiment has validated in our work8 that using ana-
lytical approach could obtaine the FRF of the pipe which has
very close agreement with experimentally measured FRF, ex-
pecially for the first 6 modes. Therefore it makes sense to
use analytical method to study channel properties for in-pipe
acoustic communicaiton from the prospective of reduce the
time consumption.

3. COMMUNICATION PROCEDURES

Messages that are communicated acoustically are usually
digitized and coded using a range of modulation techniques.
In this paper three binary modulation techniques were used:
2ASK, 2PSK and 2FSK (Amplitude/Phase/Frequency Shift
Keying).11 These stand for the amplitude, phase, and fre-
quency modulation, respectively. Also, a widely used un-
derwater communication technique, Chirp Linear Frequency
Modulation (C-LFM)9 was adopted and modified to suit the
in-pipe environment. These four techniques are based on sev-
eral common procedures illustrated in Figure 3. The perfor-
mance of these four modulation techniques for communicat-
ing messages in a pipe was studied through the channel char-
acterisation. The channel characterisation was carried out via
a MATLAB-based simulation and experiment. In this section,
only the procedures of numerical study will be specified, and
the simulation results will be compared and validated by ex-
perimental approaches in section 5. Examples of the signals
obtained with the model and from the experiment can be found
as supplementary data via the link provided in the Appendix.

In this simulation, the signal was encoded as 19 binaries
which consisted of 15 random message codes and the 4 “ones”
parity checking codes – two at the start and two at the end
of the message. The mapping of the message is shown in
Table 1. In this study the 15 binaries were constantly set as
11101010100011 which is the binary form of a random num-
ber 25431. It was usual to modulate one of the parameters of
the sinusoidal carrier wave (e.g., frequency, phase or ampli-
tude) with these encoded binaries.

Figure 4a illustrates an example of the signal to broadcast
a message using the binary Amplitude Shift Keying (2ASK)
modulation technique.

This 2ASK signal started with a 10 s long sinusoid chirp
pre-amble with a frequency range of 100 Hz–6000 Hz which
signified the beginning of the communication. Following that,
a 0.1 s interval broadcast and message pack (shown in Fig-
ure 4b) was right on the back of the chirp. At the end of the
message pack a 0.1 s interval was added followed by an identi-
cal chip that works as the post-amble to denote the end of com-
munication. The pre-amble and post-amble can also be used to
measure the channel frequency and impulse responses.
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Figure 3. In-pipe acoustic communication simulations procedures.

The frequency and impulse responses of the pipe measured
by the pre- and post-amble is the key to study the influence of
channel properties on the modulation signal. In the analysis of
linear time-invariant systems, the convolution is the most used
method to understand the influence of the channel response on
the signal. In Figure 3 the encoded signal e(t) will be mod-
ulated as x (t) and the process of passing though the channel
can be treated as it was convolved with the channel impulse
response, h(t). This process is written in the time domain as:

g (t) =

∫ +∞

−∞
x (τ)h(t− τ)dτ. (2)

In the frequency domain Eq. (2) becomes:

G (f) = X (f)H (f) ; (3)

where the capital letters denoted the spectra. Usually, back-
ground, signal processing and electronic noise N(f) was
added to G (f) to simulate the typical channel conditions
which were rarely noise free. In this work the noise was only
added around the carrier frequency for the 2AKS, 2PSK and
2FSK techniques which operated in a narrow band. In the case
of the C-LFM technique broadband noise covering the whole
frequency range of the chirps was added. The details of mod-
ulation will be introduced in the section “Modulation & De-
modulation”. The bandwidth of the noise was determined by
fb
K , where fb was bandwidth of modulation signal and K was
the number of binaries in message pack. According to the defi-
nition of Signal to Noise Ratio, SNR = 20log10

|S(f)|
|N(f)| , where

the ratio |S(f)|
|N(f)| was the ratio of signal to noise spectral ampli-

tudes as a function of the frequency f . The noise N(f) can be
generated as a random sequence with the spectral amplitude
of:

N (f) =
1

ARMSejϕ(f)10
SNR
20

; (4)

where ARMS was the root-mean square value of the signal
spectrum and ϕ(f) was random, frequency dependent phase
uniformly distributed between [−π, π].

To let the reader have a clearer view on the process of sim-
ulation and importance of deconvolution, Figure 5a shows an
example of the spectrum of the 20 Hz bandwidth, 5000 Hz
carrier frequency 2ASK signal with a 100 Hz–6000 Hz pre-
and post-amble. Figure 5b is the signal propagated through
the pipe and predicted 4 m away from the source. Figure 5b
also presents the noise spectrum (red line) added to the signal
convolution spectrum to study the performance of the commu-
nication technique in the presence of background noise. The
thick red line denotes the noise level at 0 dB with respect to
the root mean square amplitude of the communicated signal.
In this example, the bandwidth of the noise covers 80% energy
distribution of the modulated signal.

Then the deconvolution algorithm was applied to the se-
quence Ĝ (f)+N(f) to linearly equalise the undesired effects
in the channel and its results can be written as:

Y (f) =
X (f)H (f) +N(f)

H (f) + µ
; (5)

where µ was the regulation factor to avoid computational in-
stabilities when the spectral amplitude of H(f) was relatively
small. Finally, the output was required to be transformed back
to time domain via IFFT, y(t) = F−1 {Y (f)}, and be ready
for the synchronisation.

Deconvolution plays a key role in the in-pipe acoustic com-
munication. The sound wave propagation in a pipe is disper-
sive when its frequency is higher than 1st cut-off frequency.
This phenomenon can cause the signals to stretch and over-
lap between symbols causing inter-symbol interference (ISI)
to occur increasing the difficulty with decoding. At long range
communication, the effect of multi-mode propagation will be
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(a)

(b)

Figure 4. (a) 2ASK signal excitation in time domain (Top). (b) Message package of the signal illustrated in top diagram (Bottom).

even more significant. However, the influence of these issues
along with additive noise can be linearly equalised by decon-
volution. Figure 6 illustrates the 2ASK message pack signal
in time domain measured from the experiment before and after
deconvolution to show their difference. After deconvolution,

the fluctuating of the amplitude of the signal caused by the dis-
persion has been clearly reduced and quality of the transmitted
bits has been significantly improved.

Symbol synchronisation is another key factor that makes the
demodulation successful. In this communication system, an-
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(a)

(b)

Figure 5. (a) The spectrum of emitted 2ASK signal with 20 Hz bandwidth and 5000 Hz carrier frequency; (b) the spectrum of the communicated 2ASK signal
predicted in the pipe 4 m away from the source with additive noise.

other useful aspect for the pre- and post-amble is that it can be
cross correlated with the same chirp signal stored on board to
give two sharp peaks which precisely illustrates the start and
end points of the message pack. Figure 7 shows an exam-
ple of signal synchronisation for the 2ASK communication.
In Figure 7 the first and second peak above the threshold red
line show the exact starting and ending points of the pre-amble
and message pack around 3 seconds and 14.05 seconds, re-
spectively. After cutting off the pre-amble and post-amble, the
message pack can be extracted, passed though the filter to re-

move unwanted frequency components generated by the signal
processing algorithm and noise in the channel. According to
the adopted modulation technique, the corresponded demod-
ulation method was then applied to decode the message. A
parity check is commonly used to make sure that the binary
“1” s and “0” s are not mis-recognised. The final step was to
transfer the binaries back to its original form via the so called
“decoding” algorithm (see Figure 3).
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Figure 6. Message pack of 2ASK communication before and after deconvolution.

Figure 7. Synchronisation by cross-correlation.
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4. MODULATION & DEMODULATION
(MODEM)

In previous sections, the channel characterisation and com-
mon procedures of communications have been introduced. In
this section, the four modulation/demodulation technologies
will be discussed. This section presents the mathematical ex-
pressions and decision making after demodulation.

4.1. Binary Amplitude/Frequency/Phase
Shift Keying

These 3 modulation techniques make use of the change
in one of the parameters of the sinusoidal carrier wave (i.e.,
amplitude, frequency, or phase) to transmit the digital infor-
mation, while the rest of two parameters are kept constant.
The mathematical expressions of these modulation techniques
along with their demodulation techniques have been listed in
Table 2.

A typical signal sent through any of the three techniques
presented in Table 1 consists of three parts: (i) an that was
a binary variable switching between two values depending on
the position n in the coded sequence; (ii) g(t − nTB) was the
step function which provides the symbol location in coded se-
quence with the symbol period, TB , controlled by the modula-
tion frequency, fM (bandwidth), TB = 1/fM ; and (iii) carrier
frequency, ωc = 2πfc. A 2FSK signal can be treated as com-
position of two sub-2ASK signals therefore it had two carrier
frequencies ωc1 and ωc2. In a 2ASK signal the variable an
takes either the value of 0 or 1 to modulate by amplitude. In a
2PSK signal this variable takes the value of 1 or -1, i.e. mod-
ulates to modulate by phase (±π). All these three modulation
techniques can be achieved by using on-off keying (OOK) pro-
cessed on circuits (see Eq. (6)).

The most used demodulation approach for binary digital
communication is coherent demodulation. The process of co-
herent demodulation used for 2ASK is illustrated in Figure 8.
This algorithm is to multiply the message pack by its local car-
rier wave, adding the threshold (normally 50% or so of the
peak value for avoiding the threshold effect).

However, the coherent demodulation for 2FSK had a dif-
ference with that of 2ASK, which has been illustrated in Fig-
ure 9. Because a 2FSK signal consisted of 2 sub-2ASK signal,
therefore after synchronisation, the signal e2FSK(t) was di-
vided in two sub-signals by passing through a bandpass filter.
Then their envelops were picked up by the envelope detectors
and in this simulation this step was doing Hilbert Transform.
The clocking pulse will help sampling decision maker to judge
whether the symbol is “1” or “0”. Finally, the results will be
record as the output signal. Another advantage is that either of
sub-signal can be checked by another one.

In most general cases, coherent demodulation is used for de-
modulating 2PSK signal. However, in this paper, 2PSK signal
will be demodulated in a different way, using angle demodula-
tion:

Recall the general expression of 2PSK signal:

e2PSK(t) = Acos(ωct+ φn); (7)

and carrier wave with initial phase of zero:

ecarrier(t) = cosωct. (8)

The application of the Hilbert Transform to both Eq. (7) and
Eq. (8) yields two analytic signals:

ě2PSK = H (e2PSK (t)) = Aeiωct+iϕn ; (9)

and
ěcarrier = H (ecarrier (t)) = eiωct. (10)

Then the phase difference between the symbols can be de-
noted as:

ϕn = arg

{
H (e2PSK (t))

H(ecarrier(t))

}
. (11)

The reason for utilising the angle difference to demodulate
the signal is because coherent demodulation highly relies on
the adding threshold to the waveform of the demodulated sig-
nal. However, any message sent though the acoustic channel
in the pipe will suffer the influence of multi-mode propagation
and background noise. These effects may cause the waveform
distortion which enormously increases the difficulty on deci-
sion making in the decoding process, especially under some
extreme conditions such as low SNR and long-range transmis-
sion. These effects will be specifically discussed in next sec-
tion. The phase of the signal is relatively stable in comparison
to amplitude. Therefore, this feature can be used to differ be-
tween “1” and “0” symbols.

Figure 10 shows the decision-making procedure based on
adding a threshold to the coherent demodulated signal. This
example was selected as a 2ASK signal with the carrier fre-
quency of 5000 Hz and bandwidth of 20 Hz .The blue line
is the waveform after demodulation, black circles indicate the
sampling points used for decision making and the red line right
in the middle (near 50% of the peak value) is the threshold.
According to the location of the sampling points, the “1” s and
“0” s can be easily distinguished, and the result of demodu-
lation has identical agreement with the binary sequences con-
tained in excited signal.

To show the difference in decision making process between
coherent demodulation and angle demodulation for 2PSK, a
special case of decision-making waveform with 3119 Hz car-
rier, 20 Hz bandwidth under 0 dB SNR has been illustrated in
Figure 11a.

It is very clear in Figure 11a that the waveform was distorted
after coherent demodulation and threshold (red line) cannot not
be used to make accurate decisions for decoding as a consid-
erable error rate would result. In contrast, angle demodulation
gave a clear form of angles as shown in Figure 11b and thresh-
old line can be used to accurately decode the signal.

4.2. CLFM
Chirp Linear Frequency Modulation utilises the frequency

of the sinusoid chirp from high to low and low to high to form a
linearly modulated signal carrying a message. This technique
has been widely applied in underwater acoustic communica-
tion. C. C. Tsimenidis, Sherlock and Neasham9 have done a
considerable amount of work on this technique and demon-
strated that it had a great noise resistance to operate in a low
SNR environment. Because each symbol in the message is
modulated by a sinusoid sweep containing relatively high en-
ergy, it is believed that there is also a potential to cope with the
effect of multi-mode propagation to become one of the most
reliable solution for in-pipe acoustic communication.
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Table 2. Mathematical expressions for 2ASK, 2PSK and 2FSK Modem.

Name Signal Modulation Carrier Signal Demodulation
2ASK e2ASK (t) =

∑
n ang(t− nTB)cosωct Acosωct Coherent

an =

{
1 probability of P

0 probability of 1− P

g (t) =

{
1, (n− 1)TB ≤ t ≤ nTB

0, t > 0|T > TB

2FSK e2FSK (t) = s1 (t) cos (ω1t+ ϕn) + s2(t)cos(ω2t+ θn) Acosωc1t & Acosωc2t Coherent
s1 (t)

s2 (t)
=

∑
n ang(t− nTB)cos

ωc1

ωc2
t

an =

{
1 probability of P

0 probability of 1− P

g (t) =

{
1, (n− 1)TB ≤ t ≤ nTB

0, t > 0|T > TB

2PSK e2PSK(t) =
∑

n ang(t− nTB) cosωct Acosωct & Acosωct+ π Hilbert Transform

an =

{
1 probability of P

−1 probability of 1− P

eook (t) =

{
Sending “1′′ Sending “1”s by probability of P (circuits switch on)

Sending “0′′ Sending “0”s by probability of 1− P (circuits switch off)
. (6)

Figure 8. A diagram explaining the process of 2ASK coherent demodulation.

Figure 9. A diagram explaining the process of 2FSK coherent demodulation.

4.2.1. Modulation

Like the binary Shift Keying technique, CLFM also can be
generated by OOK technique (on-off keying). However, in or-
der to prevent the mis-synchronisation and ISI (Inter-symbol
Interference) during the demodulation short (e.g. 0.001 s) short
intervals are added between each symbol.

eCLFM = s (t) A sin(2πf (t) t+ ϕ0); (12)

where s (t) was given by Table II. The transient frequency in
Eq. (12) can be expressed as: f± (t) = f0±kt and k = f1−f0

T ,
f1 and f0 were the start and end frequency for the chirp and T
is the period of eCLFM . Therefore, the general form of CLFM
can be written as:

eCLFM (t) =

{
Asin (2πf+ (t) t+ ϕ0) Sending “1”s

Asin (2πf− (t) t+ ϕ0) Sending “0”s
.

(13)
In addition, the initial phase for the CLFM ϕ0 can be set

to 0. Figure 12 illustrates an example of the message pack
for CLFM generated by OOK. In this example, the frequency
range was chosen from 1500 Hz to 5000 Hz. Two graphs in
the middle are single chirp components which represent “1” s

and “0” s and a 0.01 s interval behind and last graph is the final
waveform after the modulation.

4.2.2. Demodulation and decoding

Different to the traditional demodulation process, CLFM
utilises the cross-correlation approach to distinguish between
“1” s and “0” s in the message pack. The technique is to
store the two chirp signals on board and then cross-correlate
them with the whole message pack signal on the receiving end.
By doing so, the symbol which has high relevance will illus-
trate a high correlation with the right chirp whereas the cross-
correlation results of the other chirp will be very low. Fig-
ure 13a illustrates CLFM demodulation results under the SNR
of 50 dB, symbol period is 0.05 s and frequency range for the
sub-chirps is between 4000 Hz and 5000 Hz.

Figure 13b and 13c show that the decision making can be
based on detecting whether the sharp correlation maximum is
within the time window. In addition, the peak value in Fig-
ure 13c is around 0.8 mV which is nearly 4 times as much as
the averaging value in Figure 13c, therefore this modulation
technique has very good noise resistance. The noise resistance
can be further improved by widening the frequency range of
the sub-chirps and symbol period even though it will cost the
data transmission speed.

5. SIMULATION AND EXPERIMENTAL
VALIDATION

The last two sections discuss the importance of channel
characterisation to support the four communication techniques
to work in pipes. It was noted there may be some issues while
transmitting information in the pipe at a carrier frequency that
is higher than first cut-off frequency of the pipe. At these
frequencies the sound wave is no longer be a plane wave as
it propagates in a plurality of way (multi-mode propagation)
causing the signal to spread. Such a phenomenon is likely
to lead to some inter-symbol interference and increase in the
number of error bits. Another reason for error bits is the wide
band additive noise. It is generally believed that in real par-
tially filled pipes, e.g., sewers and drainage pipes, there is a
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Figure 10. 2ASK coherent demodulation waveform and decision making.

considerable amount of noise generated by the road traffic, wa-
ter flow and nearby industrial installations. The effect of this
noise on the quality of communication cannot be ignored. Fi-
nally, it also should be noticed that the communication range
and communication speed directly rely on the sound attenua-
tion in the pipe. This section will focus on these challenges
and explore how the 4 systems cope with them by simulation
and experimental studies.

5.1. The Effect of SNR
5.1.1. Through the simulation

The reliability of each of the four communication techniques
under different SNRs was tested through simulation by using
the analytical model and measured response of the pipe. This
evaluation was based on comparing the probability of package
error rate (PER) for the four techniques as a function of the
SNR and carrier frequency predicted through the signal pro-
cessing algorithm described in section 2.

Firstly, the carrier frequency and modulation frequency were
keeping constant, but SNR was varied between -30 dB and
20 dB. The PER was calculated as:

PER =
Nerror

Ntotal
; (14)

where Nerror is the number of error bits and Ntotal is the to-
tal number of bits in the message pack. In this simulation the
length of the message pack was set to 19 bit which contained
15 random binary information bits and 4 extra parity check
bits. For each type of system, the test was repeated 200 times.
Each time the information bits were randomly changed, mes-
sage was decoded, decoded messaged was compared to that
initially sent and PER was calculated according to Eq. (14).
The PER for each of the 200 runs were averaged to ensure that
the final result makes good statistical sense.

In this study, the modulation frequency was chosen as 20 Hz,
carrier frequency of 5000 Hz for 2AKS, 2FSK and 2PSK. The
frequency of the modulation chirp for the CLFM was set in
range between 4000 Hz and 5000 Hz. The reason for choosing
this setup was that 20 Hz narrow band modulation could give
relatively good noise resistance which ensured that the system
was tested under a relatively low SNRs. This relatively low bit
rate is sufficient for autonomous robots to communicate mes-
sages related to their location inside the pipe and operational
status. The choice of the frequency range around 5000 Hz was
based on the balance between the sound attenuation which in-
creases with the frequency and number of carrier frequency
period required to modulate a message with the bits transmit-
ted at 20 Hz. The relation among attenuation, communication
range and communication speed will be specifically discussed
in the next section.

Figure 14 presents the package error rate as a function of the
SNR. These are simulated results obtained for the four com-
munication techniques making use of the predicted frequency
response function (FRF) (Figure 14a) and experimentally mea-
sured FRF (Figure 14b) for a dry 150 mm diameter pipe. The
model and experiments were detailed in section 2. These FRFs
were used in the deconvolution to improve the quality of the
signal with coded message (see section 3).

The results presented in Figure 14 suggest that the package
error rate (PER) depends strongly on the SNR. There is some
difference in the PER behaviour simulated with the two FRFs.
According to these results, the quality of the communication
channel simulated with the predicted FRF (Figure 14 (top)) im-
proves more rapidly with the increased SNR than in the case
when the FRF was measured (Figure 14b). Also, the differ-
ence in the performance of the four communication techniques
seems relatively small in the case when the FRF was predicted
(around 5 dB between CLFM and 2FSK to reach 1% probabil-
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(a)

(b)

Figure 11. (a) Coherent Demodulation waveform for 2PSK signal (left diagram). (b) Angle demodulation waveform for 2PSK signal (right diagram).

ity). The pattern in the behaviour of the PER as a function of
the SNR is similar for all the four communication techniques.
When the SNR reaches a certain level, the PER begins to drop
exponentially. For relatively low SNRs the PER reaches its
theoretical limit of around 50%. In the case when the FRF was
measured, the best performing technique by far was the CLFM

(see Figure 14b). This technique enables to reach a PER = 1%
at SNR = -7.5 dB. This is almost 15 dB better than that simu-
lated for the 2FSK. The performance of the 2ASK and 2PSK
was found similar and between that calculated for the CLFM
and 2FSK.

There are other conclusions. Firstly, increasing the SNR can
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Figure 12. An illustration of key stages in the CLFM modulation process: (Top diagram) Square wave s(t) to show the binary change of sending “1” s and ‘0” s.
(Two middle diagrams) Sub-chips with frequency from low to high and high to low. (Bottom diagram) modulated CLFM signal.

Figure 13. (a) Cross-correlation results for CLFM. (b) Signal in window with high relevance. (c) Signal in the window with low relevance.

improve the quality of cross-correlation which is helpful to re-
duce the PER for the CLFM further. Secondly, the PER of
the 2FSK, 2ASK and 2PSK techniques drops relatively fast
with the increased SNR suggesting that these three modulation
techniques can be more easily affected by the complexity of
the pipe and ambient noise present. In real applications, these

three techniques would require a relatively high SNR to trans-
mit data accurately, i.e. at a very low error rate. In the case
of the CLFM there a relatively little difference was found be-
tween the PER obtained with the theoretically predicted FRF
and measured FRF (see Figure 14).
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(a)

(b)

Figure 14. A diagram illustrating the PER for the four communicaiton technologies with 20Hz modulation frequency (5000 Hz carrier frequency for 2ASK,
2PSK, 2FSK and 4000Hz-5000Hz modualtion chirp for CLFM) as a function of the SNR for: (a) FRF predicted theoretically; (b) measured FRF.
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5.2. Through the Experiment
In this section, the overall performances of four communi-

cation techniques simulated with the theoretical model (sec-
tion 2, sub-section 2.1) are compared against the communica-
tion data obtained experimentally. The signals used in the ex-
periment with the four communication techniques were iden-
tical to those used in the simulations. The full characteristics
of these signals are described in sections 3 and 4. Examples of
these signals can be found in our supplementary data via the
link provided in the Appendix. The message signal was emit-
ted by the loudspeaker and received on the microphone using
the experimental setup shown schematically in Figure 2s. The
distance between speaker and microphone was set to 10 m.
The recorded signal was processed accordingly, demodulated,
and decoded using the methods explained in Section 4 to study
the effect of the background noise on the PER. The initial SNR
in the experiment was estimated as 45 dB and this value was
used subsequently as the reference representing the “no noise
condition”. The SNR was reduced progressively to -30 dB
by introducing of artificial background noise. For each SNR
the measurement was repeated 3 times, PER value for each
of these measurements was calculated, and their average was
presented as a final result.

Figure 15 plots the experimentally measured FRF for
150 mm diameter pipe in blue line and 4 cut-off frequencies
has been marked in red dash lines. These cut-off frequencies
fcut−off were calculated by equation:

fcut−off = kmn
c0
2πr

; (15)

where kmn is modal wavenumber c0 is sound speed and r is
radius of the pipe. It can be suggested that the measured FRF
has the clear peak which has the close agreement with the the-
oretical cut-off frequencies.

The measured PER as a function of the SNR for each of
the four communication techniques is shown in Figure 16.
This figure confirms that the CLFM is the most robust com-
munication technique in terms of its ability to cope with the
background noise. The experimentally obtained PER for this
technique reduces slightly slower than that calculated using
the measured and simulated FRF. The difference in perfor-
mance between these cases is close to 5 dB (see Figure 14 (top)
and 16). This 5 dB decrease can be caused by the pipe ends,
imperfect seals in the connections between the pipe sections.
There also can be some differences associated with the micro-
phone and speaker response attained at the time of the two sets
of experiments. Even though the deconvolution method can-
celled the influence of these factors to some extent, it may not
be fully reliable for lower SNRs. Similar discrepancies were
observed when the other three communication techniques were
validated experimentally.

The results shown in Figures 14 and 16 generally support
the predictions obtained through the simulation. The acous-
tic signal passing through the pipe experiences strong multi-
mode propagation. When the pipe has a finite length, the in-
fluence of multi-path effect and reflections caused by the open
ends and connections is hard to predict and can affect the qual-
ity of communication significantly. They deserve more atten-
tion through more refined simulations and better controlled ex-
periments. Those undesirable channel properties can be po-

tentially equalised by applying deconvolution with the right
FRF. Among the proposed four communication techniques the
CLFM was observed to have the best noise resistance with the
PER = 1% at SNR = -1.5 dB. This performance was attained
with the 2ASK, 2PSK and 2FSK at SNR = 4, 7.5 and 8 dB,
respectively.

5.3. The Effect of Carrier Frequency
In section 2 it was noted that a pipe supports several modes

that can be excited when the carrier frequency exceeds a cer-
tain threshold called the cut-off frequency. Beyond this fre-
quency sound propagation is multi-modal and dispersive caus-
ing the waveform with the message to stretch and distort. A
simulation was carried out to determine the relation between
the carrier frequency and PER. In order to give a better view of
this relation, the carrier frequency was nondimensionalised to
the product of wavenumber and radius of the pipe:

kr =
2πfc
c0

. (16)

This simulation also was repeated 200 times to make sure
the results are statically reliable. The bandwidth fm was set to
20 Hz and SNR was set as 0 dB. The testing range of car-
rier frequency fc was set from 500 Hz to 5000 Hz for the
2ASK, 2FSK and 2PSK. However, these settings are differ-
ent for CLFM. We define the frequency range for sub-chirp as:
[fcentral − 500 Hz, fcentral + 500 Hz], where fcentral is the
middle frequency of the sub-chirp frequency range. For ex-
ample, in the case of a sub-chirp with fcentral of 1200 Hz the
frequency range was set form 700 Hz to 1700 Hz. The sub-
chirp frequency range can be controlled by step-changing of
fcentral. Like the settings for fc, the testing range of fcentral
was set from 800 Hz to 4500 Hz.

Figure 17 illustrates the results of this simulation. The
modal frequencies are marked as grey dash lines. As it has
been deduced previously, sending message at the carrier fre-
quency close to a modal frequency result in a high possibility
to cause a high package error rate close to its theoretical maxi-
mum. Therefore, it should be suggested that carrier frequency
of in-pipe acoustic communication should be chosen to avoid
being close to a cut-off frequency. Like the results shown in
Figure 17 the 2FSK was found the most unstable among the
four communication techniques when the carrier frequency is
close to a cut-off frequency. The 2PSK was ranked the second
most unstable technique and 2ASK works slightly better than
the latter two. Most importantly, the PER of the CLFM re-
mained close to 0 though the entire simulation which not only
determine that this technique is able to overcome the effects
of modes but also validate that compare with the 2ASK, 2PSK
and 2FSK, it has the best noise resistance.

5.4. Communication Speed Evaluation
In digital communication, the speed of information trans-

mission is calculated by bit rate (bps): Rb =
n
Tm

. The index n
denotes the number of bits contained in the message pack and
Tm is the period/duration of the message pack. In binary mod-
ulation one symbol period 1

fM
only represents one bit and bit

rate Rb is also equal to the modulation frequency fM . Increas-
ing the bit rate can be achieved through a higher modulation
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Figure 15. Measured FRF of 150 mm diameter pipe (blue lines) and 4 cut-off frequencies (red dash lines).

Figure 16. Diagram illustrates the experimental validation for comparison of 4 communication systems with 20 Hz modulation frequency and 5000 Hz carrier
frequency and 4000 Hz 5000 Hz modulation chirp for CLFM under SNR in the range between -30 dB 20 dB.
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Figure 17. A diagram showing the dependence of the PER on the dimensionless frequency for SNR = 0 dB and fm = 20 Hz.

frequency. However, doing so would require wider bandwidth
in frequency domain. Therefore, the carrier frequency fc needs
to be as high as possible to ensure there will be sufficient blank
space for the wide band communication.

For 2ASK and 2PSK, the bandwidths are twice the symbol
rate, therefore they have:

B2ASK/2PSK = 2fM ; (17)

so that the maximum bit rate for 2ASK and 2PSK system is:

Rb2ASK/2PSK
|max =

1

2
fc. (18)

In the case of the 2FSK 2 sub-carriers are adopted so that its
bandwidth can be approximated with:

B2FSK = |f2 − f1|+ 2fM ; (19)

and
f2 − f1 > fM . (20)

The centre frequency of this band is:

fcentre =
f1 + f2

2
. (21)

Let us assume that f1 is always lower than f2. Then we
have:

f1 + f2
2

> f2 − f1 + 2fm; (22)

Rb2FSK
= fM <

f1
2
. (23)

Thus, combine Eq. (20) and Eq. (23), the maximum bit rate
for the 2FSK is half of lower sub-carrier frequency while f2 =
3
2f1.

In the case of CLFM the carrier wave is a chirp signal which
spectrum covers a range of frequencies. In principle, its band-
width could be infinitely wide and therefore the CLFM is also
a spreading spectrum communication technique. However, ac-
cording to the Nyquist sampling law:fcmax < 1

2fsampling, the
maximum frequency in the chirp should lower than the half of
the sampling frequency. In addition, there are a time interval
Tint between each symbol to avoid neighbour symbol overlap.
In this case the total message pack period Tmessage will need
to be:

Tmessage = lim
N→∞

(
1

Rb
N + Tint (N − 1)

)
; (24)

where N is the number of symbols in the message package.
For cancelling the ISI caused by the multi-mode propagation
Tint should be based on:

Tint =
z

cg
. (25)

In Eq. (25), z is the distance between the source and receiver
and cg is group velocity of the waveguide and the actual bit rate
for CLFM is:

Rb |actual =
Tmessage

N
. (26)

The group velocity is usually frequency depended in a multi-
modal pipe. It is very clear that attempting to fully avoid ISI
will sacrifice the communication speed and for the short range
and period communication, the influence of time interval can
be ignored while in long range and period message transmis-
sion, this effect must be considered.

The attenuation of sound in a pipe is not a negligible issue
particularly for high frequency carrier wave typical for acous-
tic communication. If the pipe wall is rigid, then the sound
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pressure in cylinder reduces due to the frequency-dependent
air absorption:

p (ω) =
∑

AmJm(kmnr)e
j(ωt−kzz+jα); (27)

where the α is the attenuation coefficient which can be ob-
tained from:

α =
ω2

2ρ0c3

[
4

3
η

′
+ χ

(
1

CV
− 1

CP

)
+

n∑
i=1

η
′′

i

1 + ω2τ2i

]
.

(28)
In Eq. (28), η

′
and η

′′

i are the shear and volumetric viscosity
of the air, respectively. CV and CP are the specific heat capac-
ity at constant volume and pressure, χ is the heat conductivity
and τi is shear force in the vibrational relaxation process. Ac-
cording to Eqs. (27) and (28), the sound attenuation is mainly
affected by two parameters: attenuation coefficient and dis-
tance between the source and microphone while the former is
a frequency dependent quantity.

In addition to the attenuation caused by air absorption, there
is attenuation caused by the visco-thermal effects in the fluid
that is not negligible because of the finite values of the fluid
viscosity and thermal conductivity. A model has been devel-
oped to account for the visco-thermal losses at the duct walls
(e.g. Lahiri et al.12). The attenuation coefficient for these
losses is:

αwall =
1

Rc

√
υω

2
+

γ − 1

Rc

√
χω

2
; (29)

where R is radius of the pipe, υ is kinematic viscosity, γ is
heat capacity ratio and χ is thermal diffusivity χ = κ/ρCP

and κ is heat conductivity of air. The terms 1
Rc

√
υω
2 and

γ−1
Rc

√
χω
2 are the separate attenuation coefficients caused by

viscosity and thermal conductivity losses at wall, respectively.
Equation (29) is based on the assumptions of plane wave and
wide tube. It can be found from Eq. (29) that αwall is both
frequency-dependent and diameter dependent and increases
with the value of

√
ω.

Figure 18 illustrates the frequency-dependent attenuation
caused by the air absorption and visco-thermal effects in the
frequency range of 0 Hz to 15000 Hz. The properties used to
estimate αair and αwall were chosen that of air under STP and
the radius of pipe was 0.075 m. In this calculation, the relative
humidity was set to 50%.

Pipe wall roughness is another source of attenuation. There
is a limited experimental data on the effect of wall roughness.
The work by Horoshenkov et al.13 estimates that the attenu-
ation in a 600 mm diameter concrete pipe increases with the
wall roughness and it is frequency-dependent. If the pipe is
empty, it is comparable with that expected from the visco-
thermal effects (see Figure 18). An addition of rigid scatterers
increases the pipe roughness and this effect is particularly no-
ticeable in the frequency range below 300 Hz (see Figures 4– 6
in the article by Yin and Horoshenkov14). A considerable in-
crease in the attenuation can be observed if the wall of the pipe
is covered with a porous layer as demonstrated in the article by
Yin and Horoshenkov.14 In this case the attenuation at higher
frequencies of sound (well above the first cut-off frequency of
the pipe) can more than treble (see Figure 5 in the article by
Yin and Horoshenkov14). This effect is complex, parochial to

Table 3. Comparison among 4 communication systems when they are ap-
proaching their highest data transmission speed.

Communication Carrier Modulation Bit
Techniques Frequency Frequency Rate

fc (Hz) fm (Hz) Rb (bps)
2FSK f1=8466, f2=12700 4233 4233
2ASK 12700 6350 6350
2PSK 12700 6350 6350
CLFM 0˜12700 6350 6.82

the wall boundary conditions and usually predicted with a fi-
nite element model.14 Therefore, it is studied in this paper.

Figure 19 gives a graphical estimation of the frequency-
dependent signal-to-noise ratio due to the air absorption and
visco-thermal effects on the pipe wall. The pipe roughness ef-
fects are not considered here. Five lines with different colour
denote different distances (1–100 m) between the sound source
and microphone. The range of the carrier frequency was set
below 15 kHz. According to Figure 19, when the source and
receiver are 1–25 m apart, the effect of attenuation is relatively
small. If the communication range is extended to 25 m, then
the sound pressure of 1500 Hz carrier wave would drop by only
2 dB. If the speaker is 100 m away from the microphone, then
the sound pressure would drop by 6–8 dB at frequencies above
12 kHz. This drop is more noticeable. It has been suggested
in previous sections that a low SNR would lead the increase of
bit error rate. The intersection with the horizontal grey dash
line in Figure 19 shows the frequency and range at which the
attenuation becomes greater than 3 dB. For example, at the
50 m range this happens when the carrier frequency reaches
12700 Hz. Furthermore, the theoretical maximum communi-
cation speed for 4 systems can be estimated accordingly by the
Equation (21), (26) and (29) and has been listed in Table 3.

Among the proposed four communication technologies
2ASK and 2PSK in 50 m distance have highest data transmis-
sion speed of 6350 bits/s. 2FSK ranked the third position with
4233 bits/s and due to the limitation of inter-symbol intervals,
CLFM has lowest speed of only 6.82 bits/s. These figures will
reduce if the wall of the pipe is no longer smooth and rigid be-
cause of extra attenuation.13, 14 This will have an impact on the
package error rate and communication range.

6. CONCLUSIONS

This paper has studied the importance of the acoustic chan-
nel characterisation for communication in an air-filled pipe.
This has been illustrated by using analytical and experimen-
tal approaches. The pipe used in this work as an example
is a typical pipe used to remove wastewater from domes-
tic premises. The performance of four communication tech-
niques, 2ASK,2PSK, 2FSK and CLFM, is studied. These tech-
niques can be potentially deployed on robots inspecting the
pipe collaboratively and autonomously. The capabilities of
these four techniques against noise and uncertainties, such as
multi-mode propagation in the pipe, have been tested through
simulation and experiment.

The predicted performance of 2ASK, 2PSK and 2FSK mod-
ulation is good when the SNR is higher than 0 dB while the
experimental validation suggests that the ideal SNR for these
three techniques should be in the range between 7 dB and
15 dB. Therefore, it can be deduced that 2ASK, 2PSK and
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Figure 18. A comparison between the attenuation coefficients caused by the visco-thermal effects at the wall and air absorption in the pipe. The results shown
in Figure 18 suggest that αair and αwall rise with the increased frequency. The attenuation caused by the visco-thermal effects is up to a hundred times higher
than that caused by the air absorption in the frequency range between 10 Hz 1000 Hz. However, they are getting closer in higher frequency range which denotes
that in lower frequency range, the attenuation is dominated by the value αwall and with the increase of the frequency, the impact of αair is getting stronger and
much obvious.

Figure 19. The diagram illustrating the sound attenuation as a function of frequency.
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2FSK are easily affected by the noise and uncertainties in the
pipe properties and geometry assumed in the model. These
communication techniques need a relatively high SNR to func-
tion properly in real application. It has been found through
simulation and experiment that CLFM is the most stable tech-
nique among the 4 to operate at low SNRs, e.g. -5 - 0 dB.

The influence of the modes on the quality of communication
can be significant. Sending message at frequencies close to
modal is likely increase the bit error rate. The use of the chan-
nel FRF in deconvolution can reduce the effect of the modes. It
makes sense to demand that the career frequency should not be
selected close to a modal frequency when using 2ASK, 2PSK
and 2FSK communication techniques. This seems less of an
issue when using the CLFM technique.

The sound attenuation in the pipe due to the air absorption
and visco-thermal effect can cause the reduction in the SNR
and negatively affect the bit error rate. One can expect a 3 dB
attenuation at 50 m when communicating at the 12700 Hz car-
rier frequency. Based on this information it is possible to esti-
mate the highest communication speed. It has been found that
2ASK and 2PSK techniques would work up to 50 m distance
with the maximum transmission speed of 6350 bps. 2FSK
has been ranked at the third position with 4233 bps and even
though CLFM is the most reliable system, because of inter-
symbol intervals, it has had the lowest communication speed
which is only 6.82 bps.

There is still some scope for more work. This paper only
studied dry, round pipe. In a real drainage or sewer system
there would be uncertainties such as flow, junctions, manholes,
sedimentation, and other artefacts. The pipe wall can be inher-
ently rough or covered with an absorbing layer that can affect
the acoustic attenuation of the pipe. These conditions need
to be investigated properly because they are likely to affect
the FRF and communication speed. In particular, it has been
shown8 that changing the water level shifts the modal frequen-
cies in which case the carrier frequency may need changing
accordingly to avoid problems discussed in section 3. This
paper used four communication techniques for which noise re-
sistance and bit rates can be limited. In the future, advanced
technologies such as 4G can be applied to improve these per-
formances. Finally, in practical application, duplexing and
CDMA are two key functions which can be achieved in fur-
ther studies.
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