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Abstract—The system described in this paper uses Multicarrier Modulation, and has been successfully tested at a data rate up to 10kbps over 1km. The system algorithm generates 48 frequencies for transmitting 48 parallel bits of data in each packet. A long transmitted signal sequence is combined with synchronisation, zero gap and information packets. The long multi-frequency signal packets have been implemented to minimise the effect of multipath fading, which is a particular problem in shallow, open water environments. To acquire the starting point of the transmitting sequence, the Linear Frequency Modulation (LFM) signal is used for synchronisation. In order to reduce noise, the adaptive threshold packets are used to set up a suitable signal. Experimental results from sea-trials have shown that the system can cope with multipath fading environments. 
I. INTRODUCTION

The main problem with using ultrasonic communication underwater is the complexity of the water channel. Channel imperfections are commonly numerous, being caused by water motion, density gradients, multi-paths, and the non-homogeneity of the water due to particles of solid or gaseous matter.  Multi-paths can exist in almost any medium, whether bounded or unbounded. Reflections from boundaries can create signal paths between transmitter and receiver in addition to the direct path. In unbounded media, it is feasible that spurious signal paths may be created by temperature or velocity gradients. The effect of temperature gradients can be to refract a wave front such that the signal is bent round to the point of reception, so, interfering with the direct signal. Similarly a velocity gradient lying across the axis of wave propagation can cause what appears to be refraction, bending the wave front. In a shallow, open water environment, the multipath problem is mainly due to reflections from the surface of the water and the sea or lake floor. Previous work at City University of Hong Kong has shown that it is possible to send data reliably through liquid filled pipes, where the multipath problem is considerable.
The current system is designed to be used both by researchers into the underwater environment, as well as by recreational divers who wish to talk, or transmit video, to their base boat or station without being encumbered by cables or umbilicals. The relatively low cost of the system makes it attractive to a wider market than currently available underwater wireless communication systems, as well as working in a shallow water environment, where multipath fading is a major problem.
 DATA SEQUENCE
The data sequence is in packet form. The sequence contains synchronisation packets, gap packet, adaptive threshold packets and information data packets. These packets are used to allow synchronisation and noise reduction. Each packet is formed by 48 frequencies within 43kHz to 53kHz, which represent 48 bits with a duration of 5.12ms.

The sequence begins with the Linear Frequency Modulation (LFM) signal packet which is used to synchronise the receiver to the start of the data. The details of LFM signal will be discussed in the next section. Then a packet of the gap signal follows the LFM packet so that synchronisation can be performed in this period. Eight adaptive threshold packets (ATP) are transmitted for receiver-training purposes. The training packets act as a reference of the transmitted signal block so that channel estimation can be calculated from the reference packets. Also, the long training sequence can be sufficient for the system convergence. 800 information data packets (IDP) follow the adaptive packets. At the end of the data sequence, is also a gap signal packet which can minimise the effect of multipath fading between two signal blocks.

II. SYNCHRONISATION
At the receiver, a matched-filter is used to indicate the arrival of the LFM chirp. The output of this correlation allows selection of the channel with the most energy for synchronisation. The impulse-like auto-correlation function of the LFM signal allows synchronisation to be achieved by linear cross-correlation between the received signal and a known LFM signal. Therefore, the starting position of the data sequence can be found by output of the matched-filter.

III. MULTICARRIER MODULATION

Multicarrier modulation divides a channel into a set of parallel independent subchannels. The SNR of each subchannel is measured and a suitable number of bits is then assigned to each channel. There are two reasons for choosing Multicarrier Modulation (MCM) in the system.. The MCM signal can be processed in a receiver without the enhancement of noise or interference that is caused by linear equalisation of a single-carrier signal. Another is that the long symbol time used in MCM produces a much greater immunity to impulse noise and fast fades.
In this system, the modulation and demodulation techniques used are IFFT and FFT. IFFT and FFT are well-known efficient algorithms and significantly reduce the complexity of implementing the modulation and demodulation functions. However, the resulting signalling filters have relatively large overlapping sidelobes (-13dB), and this causes a deviation from the ideal multicarrier scheme of independent carriers. Here, the binary input data are parsed to each subchannel with fixed number of bits for system initialisation. The number of bits for each subchannel is determined by measuring the SNR of each subchannel during startup. As the system is half-duplex there is no feedback signal back to the transmitter. Therefore a fixed number of bits is used instead of varying bit numbers.

IV. SYSTEMS CONFIGURATION

In the transmitter, a serial-to-parallel (s/p) buffer, adaptive threshold packets, MFSK modulator, LFM signal packet and parallel-to-serial (p/s) buffer are generated by a DSP TMS320C542. Also synchronisation, s/p and p/s buffers, MFSK demodulator and threshold learning are performed by a DSP unit in the receiver. 

In the transmitter, the input data is first transmitted to the Underwater Acoustic Modem via an RS232 link. The data is then converted from serial to parallel form by a serial-to-parallel buffer. The binary input data are parsed to each subchannel with one bit. Therefore there are 48 parallel bits represented by 48 frequency components, so the parallel data bits can be modulated by multicarrier modulation.

To overcome the multipath fading, eight adaptive threshold packets are added at the front of input data sequence before transmission. Each packet contains 48 bits. The odd packets are [101010…101010] and even packets are [010101…010101]. This is used as a reference signal for the receiver to estimate the channel, and then the IFFT algorithm is used for modulation.

In the receiver, some of the noise is reduced using a bandpass filter of 40kHz to 60kHz. The matched-filter captures the LFM signal from the received signal, which indicates the start of the data sequence. The output of this correlation provides an estimation of the channel that is used to select the pulse with the most energy for synchronisation. Then the data sequence is demodulated by the FFT algorithm. The data packets are converted from the time-domain to frequency-domain so that decoding can be take place in the error correction algorithm. 
Once synchronisation has been achieved, threshold learning can be used to calculate the channel characteristic. Because the acoustic channel is a time varying channel, a fixed threshold cannot work well in the system. Therefore, the threshold of the detector is changed by transmitted reference packets at each data sequence. These change every 4.15s of the data sequence. Adaptive threshold in frequency-domain is used and the training signal is sent out repeatedly after each time the LFM signal was send. At the receiver, the frequency-domain’s threshold is calculated from the known training signal and the received training signal. According to the received training signal’s frequency-domain characteristic, the adaptive threshold is calculated. This can be used to estimate the channel characteristic. Depending on the acoustic channel, an equaliser/echo canceller may be inserted into system at this point; otherwise the output of the FFT is passed to an error-correction algorithm. 

Due to the unknown time-invariant channel, intersymbol interference (ISI) may occur. So a channel equaliser is used to reduce ISI. The adaptive equaliser updates its parameters in each period during the data transmission. The adaptive equaliser must track time variants in the channel response and adapt its coefficients to reduce ISI. In this case, LMS algorithm has been used. 
ERROR CORRECTION

At the time of writing this paper for the digest, work had just started on implementing an error correction schema. Reed-Solomon coding will be used, although the exact implementation is still awaiting the results of filed tests. The reduction in effective speed of the system is the main concern in the choice of  system to be used.
RESULTS

A number of open water sea trials have also been carried out. One took place at Da Mei Do, in the New Territories of Hong Kong. Two transducers were placed at a depth of 4 metres. The receiver is at the wharf and the transmitter on the boat. The depth of the water is 5.6 metres at the wharf and the 8 metres deep at the boat. The distance between two transducers is 820m, measured by GPS. Fig. 1 shows the received pictures using the a raw bitmapped image of 24 bit 80x60 pixels. The bit error rate of the raw data is less than 5% at the full data rate of 10kbps. This does not allow the transmission of compressed video signals. Simulations of error correction schemas in this environment indicate that the BER can be reduced to an acceptable 1 in 103, which will then allow compressed video to be transmitted. However, the effective data rate reduces to 3.5kbps, thus reducing the frame rate. 
CONCLUSIONS

An underwater wireless data transmission system using ultrasonic communication has been developed. Initial testing shows that it is robust enough to transmit data at a speed of up to 10kbps over a distance of 1km. The  preliminary design does not use error correction or compressed video, but still gives a reasonable acceptable reception. Current work involves the addition of error correction, as well as adaptive filtering of the received signal. This is expected to result in a system with a low BER that can be used for the transmission of near-realtime video in the underwater environment. 
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