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	SUMMARY

	This note addresses some new insights into the research line being carried out at the Universidad Politécnica de Madrid (UPM) and the Universidad de Las Palmas de Gran Canaria (ULPGC) promoted by Aena. Some previous works have been presented dealing with the design and performance of an interactive digital voice link showing a degree of intelligibility unknown in HF communications. Eventually we have established a permanent real link between Madrid and Canary Islands (separated around 1800 km) confirming the appealing simulated result. The following step we are carrying out currently intends to provide an integrated view of any kind of communications in the HF band providing digital voice and also data with improved performance in front of standard systems like HFDL. Robustness of the data link is due to an optimized design inspired by future communication systems in mobile and wireless Local Area Networks. Our proposal is based on OFDM modulations with powerful techniques like LDPC (Low Density Parity Check) codes, multiband transmissions and time and frequency codes and interleaving. Reliability is guaranteed by the proper management of enhanced ALE functionalities named as ALMA (Automatic Link MAnagement) that automatically selects the most suitable channel for transmissions and manages the link stability changing the transmission frequency if current channel degrades to the best one in the set of available channels in a transparent way to the user.


1. INTRODUCTION

1.1 This contribution summarizes the work developed by the Universidad Politécnica de Madrid (UPM) and the Universidad de Las Palmas de Gran Canaria (Canary Islands) (ULPGC) addressed and funded by Aena  (Spanish Airports and Air Navigation) in the field of HF communications [OACI99, OACI03].
1.2 Aena launched this line of research in the late nineties providing a permanent support to these Universities with the main aim of providing a long term study on standard HF communications in the aeronautical scenario and also propose new approaches to improve them. First focus was to design a high quality digital voice link with interactivity outperforming current analog communications. This phase is nearly concluded by setting a permanent real link between Madrid and Las Palmas. Currently we are devoted to propose a data link with enhanced features including the multiband characteristic allowing much better performance due to diversity or much higher data rate to frequency multiplexation. This design is finished and we are in the implementation phase which will be followed by a  measurement campaign using our own broadband (1 MHz) transceiver. Next step will be the coordination of transmissions (data and/or voice) in a centralized way using multiband channel state information provider by a time – frequency hopping sounder. This way, we will be able to guarantee reliable links independently of the ionosphere state.
1.3 It is well known in the aeronautic community that the ionospheric channel is considered as one of the worst communication channels because of its time variant characteristics, atmospheric dependences, noise levels and high spectral coherence. In fact, current analog HF voice links offer low performance, high noise and unreliable communications due to the bad channel conditions and ancient technologies involved.
1.4 Based on these facts, it was proposed  to develop a novel HF modem based on multi-carrier techniques, which will support interactive digital voice communications, considering “interactive” a communication with a few hundred milliseconds of delay. This previous project really meant a step forward in the HF digitization goal. These multi-carrier techniques are also very suitable for non delay sensitive applications as data link.
1.5 Our first research project (there were a previous one to evaluate the performance of the HFDL system) started in the year 2000 with the main objective of developing a HF communication system providing digital voice transmission within 3 kHz bandwidth, with interactivity as a basic design constraint. OFDM technique in combination with spread spectrum CDM (Code Division Multiplex) were chosen as the scheme providing an extreme robust modem without the need of neither powerful codes  nor long interleavers to guarantee a specific data rate and quality of service. A new modem which fits to the spectrum mask of HFDL [SARPs98], doubles the HFDL data rate and even higher rates, permitting also interactive digital voice transmission with a delay of 125 miliseconds, including the vocoder delay [Aena02, Pérez03, Raos03a, Raos03b] was developed. This phase of the project was also focused on the improvement of the automatic link management system ALE (Automatic Link Establishment), adding an extra functionality to guarantee that, even if the link fades completely because the layer disappears, the system can manage this situation in a transparent way to maintain a continuous transmission by the most suitable channel within the set of available channels. This new modem labelled as ALMA (Automatic Link MAnagement) is also an OFDM-like system to maximize the coordination and joint interoperability with the voice+data modem. The last phase of the project is mainly devoted to the establishment of a real link between Madrid and the Canary Islands (separated by some 1800 Km) to verify the real system performance. We are currently finishing the measurement campaign.
1.6 Another important issue in current research concerns increasing the data rate and the quality of service in data transmission. In this case, the design can exploit an extra degree of freedom relaxing the interactivity constraint. The possibility of exploiting the joint effect of channel coding and time interleaving and also larger size constellations could guarantee the quality degree required by some specific services. For this approach, OFDM with LDPC codes have been selected with very satisfactory performance in front of single carrier modulations with standard convolutional codes. More indeed, we are designing a multi-band transmission scheme that allows several parallel transmissions to increase robustness by exploiting redundancy and diversity or increase data rate exploiting the multiple transmission means.
2. OVERVIEW OF THE MODEM FOR INTERACTIVE DIGITAL VOICE
2.1 This section summarizes, for the sake of completeness, some of our previous results in this area. Regarding the digital voice problematic, the proposed design has been fully conditioned by the interactivity constraint from the very beginning. Two main points of current standard approaches may be improved: on one hand, to cope with the channel frequency selectivity in order to mitigate the Inter-Symbol Interference (ISI) effect. Achieving this channel compensation, the need of channel coding and interleaving may be avoided. On the other hand, it is possible to design efficient training strategies in order to reduce the overhead due to the channel tracking. Both objectives come up naturally using OFDM (Orthogonal Frequency Division Multiplex) modulations. In a second step, intending to retrieve the maximum frequency diversity  signal spreading over the assigned bandwidth and OFDM principles leading to OFDM-CDM (OFDM Code Division Multiplex) proposals have been combined. In this section, main ideas behind this reasoning are presented.
Block diagram and main parameters
2.1.1 This section describes the main modules of this proposal and also clarifies most of the significant parameters assumed suitable for the interactive transmission. Figures 1 and 2 show respectively the transmitter and receiver block diagram.

[image: image2]
Figure 1: Block diagram of the base band data modem. Transmitter side


[image: image3]
Figure 2: Block diagram of the base band data modem. Receiver side
2.1.2 For the HF channel, the reliability of higher order constellations is quite poor so design has been mainly limited to QPSK modulations. The spreader module just spreads different symbols along all the available carriers using orthogonal (as Walsh-Hadamard) codes. Concerning the pilot insertion the advantage of time and frequency correlation has been exploited in order to reduce the pilot density accordingly. Cyclic prefix and postfix are common issue in OFDM techniques to eliminate the interblock interference. At the receiver side, specific time and frequency synchronization procedure has been implemented using just one training symbol with duplicate structure in time. After time and frequency alignment and channel compensation using pilots estimation, the Multi-User Detector (MUD) performs joint detection with increased complexity but providing near optimum performance.
2.1.3 Main parameters of our design are the following for a 2400 bps modem.
a) Sampling frequency (fm) 9600 Hz. It has been selected as the most suitable value satisfying Nyquist criterium, and also because it is a normalized value which guarantees the practical implementation on commercial HW platforms.
b) Bandwidth (BW) is 2700 Hz, fulfilling the spectral mask defined in the HFDL standard, and, in general, applicable to any HF transmission usually with channelization of 3 or 4 kHz. This aspect guarantees the compatibility of this proposal with the existing HFDL, presenting the modem as a complementary system to data transmission with an interactive digital voice system.
c) We have selected phase modulation QPSK in order to guarantee data rates around 2400 bps with link quality even for low SNR conditions with error probability below 0.01. This value is fully applicable for commercial digital voice vocoder (in this case, a MELP vocoder has been used).
d) Maximum accepted delay (r) should be below 100 – 120 msec., as the interactivity limit in order to guarantee that the whole delay observed by the user is below the subjective limits around 250 msec.
e) Cyclic prefix (TPC) is 3.33 msec. which means 32 samples(NPC) at the selected sampling rate. This value is quite reasonable even for the maximum time spreading channel with =2 msec.
f) Total number of carriers is 73, split into 60 data carriers and 13 used for piloting defined in the time – frequency grid and providing a continuous sounding in the time domain but not in the frequency dimension in order to make use of the frequency coherence.
Dealing with frequency selective transmissions
2.1.4 The main problem to consider when designing an HF modem is related with the channel impulse response length. When transmitting at Nyquist rate around 2700 bps for transmission over a 2700 bandwidth channel, it is expected that the channel effect will spread several symbols, providing very harmful interference. The strategy to deal with this problem is to reduce transmission rate reducing multipath distortion to a small symbol fraction. It is well known that low rates are related to narrow bandwidths, thus, required data transmission rate might be obtained by frequency multiplexing a certain number of parallel subchannels, in the available bandwidth, assuring their separation capability at receiver. These techniques are usually known as Multi-Carrier techniques, and in particular OFDM when the frequency separation between carriers fulfill the orthogonality condition. Specifically, OFDM signal is composed of a set of modulated subcarriers at very low rate. In this case, channel behaves as locally flat (non dispersive); this fact is very significant because it basically means that equalization is no longer needed for non coherent transmissions or a very simple one for the coherent case.
Pilot geometry
2.1.5 As an alternative to the standard sounding strategies where several symbols are reserved periodically for piloting,  the current design  uses the time– frequency grid availability to locate pilot symbols sounding the channel spread in the two dimension grid, in order to rebuild the channel estimation for all the frequencies of all the symbols, verifying the bidimensional sampling theorem.
2.1.6 The interpolation scheme follows either a parabolic or a linear model using an appropriate number of  adjacent pilots in order to avoid decision based on previously decided symbols to reduce the error propagation effect. First , time interpolation is performed providing estimation on alternating carriers. In a second stage, interpolation in the frequency dimension is performed.
2.1.7 This procedure can be observed schematically in the following figure.

[image: image4]
Figure 3: Time interpolation / Frequency interpolation scheme

Extracting frequency diversity
2.1.8 Pure OFDM is very suitable if frequency and time interleaving are feasible. None of these options are acceptable in this scenario and although it outperforms single carrier transmissions, the performance is still quite poor. To tackle with this situation the technology usually known as OFDM-CDM or MC-CDMA (Multi-Carrier CDMA) intends to combine the desirable aspects of both DS-CDMA and OFDM using pure OFDM signalling but spreading all the symbols over all the carriers (see Figure 4). If 60 carriers are available and the data rate is obtained just transmitting simultaneously 41 QPSK symbols per OFDM symbol, a significant diversity gain to compensate the absence of coding is obtained. The amount of diversity achievable is difficult to be calculated because the HF is highly frequency correlated but clearly this is the only possible resource under the bandwidth and interactivity constraint.
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Figure 4: OFDM-CDM scheme

2.1.9 Therefore, the receiver structure provides most of this diversity gain with reasonable complexity. Design has been focused on the applicability of modern concepts as Multi-user Detectors in DS-CDMA or spatial multiplexing structures as BLAST in multiantenna communications. These techniques are currently very mature based on MMSE receivers and successive cancellation stages in multilayer structures providing very satisfactory performance.
2.1.10 The application of these techniques in HF could be the keypoint to demonstrate that HF communications are reliable. In fact, with this concept, multipath is no longer a drawback but a resource that may provide diversity.
Real link performance of the voice modem
2.1.11 Some trials of a real data link establishment, objective of the current project, have already been performed. In order to address the task for evaluating the voice modem in a real link several steps were taken. On one hand, real time software has been developed but also a whole hardware system  has been mounted in both universities, ULPGC and UPM. Figure 5 shows the scheme of one of the stations used in the real link tests.
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Figure 5: voice modem station scheme

2.1.12 The basic components of the station scheme are the antenna, identical in both universities (a Yagi with four elements and six band resonant), an automatic tuning unit (not showed in the figure), a HF transceiver (this equipment was different from the first stage test to the second stage test) and a PC running the real time voice modem and a graphical user interface software. The PC has two sound cards and serial ports to control de transceiver. Two sound cards are necessary since one is dedicated to generate, and receive, the base band modulated signal to, and from, the HF transceiver. The second one is necessary to generate, and receive, the voice signal to and from the user.
2.1.13 The real-link has been established between Canary Islands and Madrid in the 10 and 18 MHz bands. In a first stage the equipments involved were amateur ones. At the transmitter side,  a HF Kenwood TS-130SE radio with 150 W of peak power was used, and at the receiver side an all-mode AOR AR-5000 receiver. The equipments currently used is a couple of professional transceivers Rohde & Schwarz XK2100L with 150 W of peak power.
2.1.14 As Kenwood filter bandwidth transmitter is not HFDL compliant, for the first stage of test, the modem was configured considering a reduced number carriers in order to reduce the transmission bandwidth. Table 1 shows the different configurations considered during the tests carried out in first and second stages.
	
	Standard
	Reduced BW-A
	Reduced BW-B

	Total Carriers
	73
	55
	55

	Pilot Carriers
	13
	10
	10

	Data Symbs.
	41
	30
	41

	Sample Rate (Sps)
	9600
	9600
	9600

	FFT Length
	256
	256
	256

	Modulation
	QPSK
	QPSK
	QPSK

	Bit Rate (Bps)
	2460
	1800
	2460

	Bandwidth (Hz)
	2737.5
	2062.5
	2062.5

	Samples per OFDM symbol
	320
	320
	320


Table 1: voice modem configurations used during the tests
2.1.15 It is worthy to remark that the reduced BW-A version keeps the ratio between number of carriers and user data symbols constant if it is compared to the standard version. The reduced BW-B version keeps the data rate constant and reduces the bandwidth with respect to the standard one. All versions apply at the receiver side the same Muti-User Detection (MUD) techniques [Santana06].
Measurement campaigns
2.1.16 Although transceivers can reach 150 W at the output, 50 Wrms have been measured due to the OFDM signal characteristic concerning relationships between peak and mean power. Figure 8 shows transmitted spectrum when a standard configuration is used with the R&S transceiver in 10.145 MHz. It can be noticed that the bandwidth fits with the 2.7 kHz expected and C/N is around 25 dB. No additional signal processing technique has been considered at the moment to increase the performance. Figure 9 shows the received spectrum in two different moments. In both of them the multipath effects with the nulls in the spectrum and some narrowband interferers into the transmission band are noticed.
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Figure 8: HF(D+V)L modem transmitted spectrum for standard version.

2.1.17 Simulated and real-link performance for two MUD (GMMSE and EGC) receiver configurations are shown in Figure 10, and they are compared with MIL-STD-188-110A 39 tones modem [MIL-STD-188-110A] efficiency obtained from C. Cook’s studies [Cook95], also published by E.E. Johnson [Johnson97]. Simulated results were obtained with a moderate Watterson HF channel (2 rays, time spread 1 msec, Doppler spread 0.5 Hz) [ITU00].
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Figure 9:   Real received spectrum in two different tests: multipath and narrowband 

interferers are observed.
2.1.18 The 39-tones MIL-STD modem operates at 2400 bps and the simulated voice modem operate at 2460 bps. It can be observed that the two new modems overcome the MIL-STD performance in several dBs. It is very important to recall that these results are obtained without any kind of interleaving matrix, so the data delay is kept extremely low, 100 msec. if only the modem is considered, and 125 msec. if MELP vocoder is included [MELP98]. Considering that the 2400 bps MELP vocoder will operate satisfactorily with error probabilities below 10−2, it is concluded that, for a moderate ITU-R channel, modem operability for SNR in 4.8 kHz above 10 dB is guaranteed.
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Figure 10:  Real received spectrum in two different tests: multipath and narrowband interferers are noticed.

2.1.19 Unexpectedly, Figure 10 shows that the simpler EGC receiver outperforms the more complex GMMSE one. This result is due to the fact that noise estimation required in the GMMSE is carried out in the whole bandwidth during the training stage of communication, and there is not tracking of this parameter. Errors of this estimation along with the channel estimation are the responsible of this non standard result. This aspect is currently under deeper analysis.
2.1.20 Also in Figure 10 is showed the performance in the real link using the set of equipments of the first stage (amateur equipments) and a reduced BW-A modem configuration. It can be noticed the parallelism between the simulated results and the real link performances. Differences between simulated and real-link behaviours may be explained taking into account possible differences between the real channel and the moderate ITU-R one (apparently, the real channel was better than the moderate ITU-R model). Nowadays, the modem does not classify the channels, so deeper studies and test are now being considered in order to obtain real channel conditions.
2.1.21 Figure 11 shows the frequency tracking performance carried out by the voice modem using the set of amateur equipment over a period of five hours. In this interval, frequency deviations of 100 Hz and more were reached. As a conclusion, the use of amateur equipments needs a robust frequency tracking system to maintain the correct synchronization between transmitter and receiver. This aspect must be taken into account, since multi-carrier communications are very sensitive to frequency or time synchronization issues. Figure 11 shows the correction capacity of designed modem must be able to achieve in order to cope with this type of errors.
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Figure 11:   Frequency tracking carry out by the voice modem when amateur equipments were used in the real link.

2.1.22 It is important to remark that the MELP vocoder [MELP98] shows a correct behaviour for BER values below 10-2. This level should be considered as the threshold for a clean digital voice communication for the next curves. Figure 12 presents the SNR and BER evolution during a digital voice communication of 2 minutes. Only in a short time periods the BER is higher than 10−2. That means that nearly all the communications are free of errors from the vocoder point of view, since for lower BER, vocoder’s behaviour is the same as an error free communication.
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Figure 12: 
SNR and BER evolution during a voice communication of 2 minutes.

2.1.23 The three versions of the voice modem showed in Table 1 were tested using the R&S professional transceivers in the second stage test. In each test a total of 106 bits were transmitted. The transmissions are grouped in 13 packets per minute, with a silence of 20 seconds per minute. As in the first stage, each waveform is detected with two different MUD techniques simultaneously, providing a way to compare the performance of both techniques with a single received signal.
2.1.24 Left side of Figure 13 shows the performance of the standard configuration. It can be observed the light difference between both MUD techniques. During this test, it might have been possible to establish a low-latency digital voice communication with a SNR as low as 10 dB in 4.8 kHz.
2.1.25 Right side of Figure 13 shows the performance of the reduced BW-A configuration. This result shows a high degree of similitude between the standard configuration (left figure) and BW-A (right figure) as it was expected, since both configurations keep constant the ration between data symbols and data carriers (41/60 and 30/45 respectively), or likewise data rate and bandwidth.
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Figure 13:   Real link performance using professional transceivers. Left: voice modem using standard configuration. Right: voice modem using reduced BW-A configuration.

2.1.26 Reduced BW-B configuration is showed on the left side of Figure 14 with a worse performance than the previous ones, around 2.5 dB worse for SNR higher than 12 dB, due to the fact that the ratio data symbols and data carriers increases (41/45), or equivalently the bit rate remains constant while the bandwidth is reduced. This fact increases interference between the different self-spread symbols and the error rate is also increased.
2.1.27 In order to compare easily the performance of the whole configurations, on the right side of Figure 14 it is showed the performance of the GMMSE MUD of each version versus the simulated results for a moderate HF channel. As it happened with the test carried out in the first stage, differences between simulated and real-link behaviours can be explained taking into account differences between the real channel and the moderate ITU-R one.
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Figure 14:  Real link performance using professional transceivers. Left: voice modem using reduced BW-B configuration. Right: voice modem performance versus simulation in a moderate channel using GMMSE MUD technique at the receiver.

3. OVERVIEW OF THE MODEM FOR DATA TRANSMISSION
3.1 Data transmission will be based also on multicarrier modulations using the same number of carriers and pilots.  We will like to distinguish three main activities that are running in parallel: a) Design of the data modem for single band transmission, b) Development of a broadband transceiver, c) Implementation of a multiband transmission strategy.
Single band data modem
3.1.1 As we have already mentioned, this design is intended for the transmission of data through the standard 2.7 kHz channelization to make it fully compatible with preexisting standards, as HFDL. In this case we have selected OFDM with powerful codes instead of spreading techniques as MC-CDMA. The reason is clear if we take into account that we are now dealing with a different scenario: if delay is critical and no coding neither interleaving may be used, MC-CDMA is very suitable because it allows to extract inherently the frequency diversity of the channel. However, on the other hand, multiple access interference appears degrading performance even in the case of using powerful multiuser detectors. If delay is not critical as in data applications, we can avoid this source of interference using plain OFDM. Diversity can be obtained via time interleaving.
3.1.2 Although this design is in a very preliminary stage we have implemented convolutional codes with soft decoding and also LDPC codes. Clearly, in AWGN LDPC outperforms convolutional codes and this performance is also observed in the HF channel simulator. Currently, we are considering different interleaving depths up to 5 seconds and several constellation sizes as QPSK, 16QAM and 64 QAM. Obviously, depending on the channel characteristics, it would be recommendable one or other configuration. In order to limit the number of  parameters, we are considering two coding rates 1000/2000 and 1600/2000 because there exist well LDPC coded for these values (convolutional codes are pretty much flexible including puncturing, so they are immediately adapted to these configurations). We have also included a CRC codes with 16 extra bits in order to be able to evaluate the quality of the frame and if possible command retransmissions. Following figure shows the proposed scheme where it can be observed that N bits (depending on the designed interleaving length) are split into packages where a set of bits that are coded together using a 16- CRC code. A set of packages are coded together using the aforementioned convolutional code (CC) or the Low Density Parity Check (LDPC) code. Stacking different blocks, after interleaving, modulation, IFFT and cyclic prefix (CP) we obtain the data frame.
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Figure 15   : Block diagram of the data modem

3.1.3 Tentative configurations are the following, where “Ti” means interleaving length, “CRC out length” is the number of bits after the CRC code, “Nofdm” is the number of OFDM symbols (60 carriers) in the frame, “Nbl” is the number of blocks and “Npack” is the number of packages in the LDPC/CC coding scheme.
	Ti [s]
	CRC out length
	Nofdm
	Nbl
	Npack
	R (data rate) [b/s]

	1,67
	400
	50
	3
	12
	2764

	1,67
	800
	50
	3
	6
	2822

	1,67
	1600
	50
	3
	3
	2851

	3,33
	400
	100
	6
	24
	2764

	3,33
	800
	100
	6
	12
	2822

	3,33
	1600
	100
	6
	6
	2851

	5,00
	400
	150
	9
	36
	2764

	5,00
	800
	150
	9
	18
	2822

	5,00
	1600
	150
	9
	9
	2851


Table 2: Coding rate 1600/2000, QPSK

	Ti [s]
	CRC out length
	Nofdm
	Nbl
	Npack
	R (data rate) [b/s]

	1,67
	400
	50
	6
	24
	5529

	1,67
	800
	50
	6
	12
	5644

	1,67
	1600
	50
	6
	6
	5702

	3,33
	400
	100
	12
	48
	5529

	3,33
	800
	100
	12
	24
	5644

	3,33
	1600
	100
	12
	12
	5702

	5,00
	400
	150
	18
	72
	5529

	5,00
	800
	150
	18
	36
	5644

	5,00
	1600
	150
	18
	18
	5702


Table 3: Coding rate 1600/2000, 16QAM

	Ti [s]
	CRC out length
	Nofdm
	Nbl
	Npack
	R (data rate) [b/s]

	1,67
	400
	50
	9
	36
	8294

	1,67
	800
	50
	9
	18
	8467

	1,67
	1600
	50
	9
	9
	8553

	3,33
	400
	100
	18
	72
	8294

	3,33
	800
	100
	18
	36
	8467

	3,33
	1600
	100
	18
	18
	8553

	5,00
	400
	150
	27
	108
	8294

	5,00
	800
	150
	27
	54
	8467

	5,00
	1600
	150
	27
	27
	8553


Table 4: Coding rate 1600/2000, 64QAM 

	Ti [s]
	CRC out length
	Nofdm
	Nbl
	Npack
	R (data rate) [b/s]

	1,67
	250
	50
	3
	12
	1684

	1,67
	500
	50
	3
	6
	1742

	1,67
	1000
	50
	3
	3
	1771

	3,33
	250
	100
	6
	24
	1684

	3,33
	500
	100
	6
	12
	1742

	3,33
	1000
	100
	6
	6
	1771

	5,00
	250
	150
	9
	36
	1684

	5,00
	500
	150
	9
	18
	1742

	5,00
	1000
	150
	9
	9
	1771


Table 5: Coding rate 1000/2000, QPSK 

	Ti [s]
	CRC out length
	Nofdm
	Nbl
	Npack
	R (data rate) [b/s]

	1,67
	250
	50
	6
	24
	3369

	1,67
	500
	50
	6
	12
	3484

	1,67
	1000
	50
	6
	6
	3542

	3,33
	250
	100
	12
	48
	3369

	3,33
	500
	100
	12
	24
	3484

	3,33
	1000
	100
	12
	12
	3542

	5,00
	250
	150
	18
	72
	3369

	5,00
	500
	150
	18
	36
	3484

	5,00
	1000
	150
	18
	18
	3542


Table 6: Coding rate 1000/2000, 16QAM 

	Ti [s]
	CRC out length
	Nofdm
	Nbl
	Npack
	R (data rate) [b/s]

	1,67
	250
	50
	9
	36
	5054

	1,67
	500
	50
	9
	18
	5227

	1,67
	1000
	50
	9
	9
	5313

	3,33
	250
	100
	18
	72
	5054

	3,33
	500
	100
	18
	36
	5227

	3,33
	1000
	100
	18
	18
	5313

	5,00
	250
	150
	27
	108
	5054

	5,00
	500
	150
	27
	54
	5227

	5,00
	1000
	150
	27
	27
	5313


Table 7: Coding rate 1000/2000, 64QAM

3.1.4 It can be observed that we have considered delays of 1.67, 3,33 and 5 seconds while data rates come from around 1600 bps (the most robust) up to 8600 bps. Presently, we have implemented the LDPC code and tested in AWGN (for instance, figure 16 shows the performance (1600/2000) using the Min Sum detection approach in front of the theoretical performance without coding and also the Shannon Limit as an upper bound).
3.1.5 Next activity is to test all previous configurations in the HF system simulator to obtain preliminary results that must be corroborated in the future in the real link.
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Figure 16: LDPC (0.8) in AWGN

Broadband transceiver
3.1.6 The objective of this task is to build up a transceiver in the HF band with bandwidth between 0,5 and 1 MHz. Standard equipments are usually limited to some 6 kHz that must be significantly increased to achieve the desired performance. Under these circumstances, both Universities have pursued to build up our own transceiver. Basic characteristics are summarized below:
	Characteristics
	Value

	Margin of frequencies
	Continuous range between  3MHz and 30MHz

	Bandwidth
	1MHz

	Sensitivity of receiver
	> -70dBm

	Frequency accuracy
	1Hz

	Antenna impedance
	50 ohms

	Output power at transmitter
	10W

	Input voltage
	220VAC(50Hz or 13.8VDC


Table 8: Specifications of the transceiver
3.1.7 We have selected a super heterodyne architecture with proper choice of the FI frequencies while oscillators are based on DDS (Direct Digital Synthesis) in order to obtain simple design, integration, phase control, phase noise and accurate frequency hopping implementations. Details of this design are out of the scope of this report. Next figure shows the transmitter and receiver part recently built.
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Figure 17: left, transmitter side; right, receiver side

Multiband transmission
3.1.8 One of the main purposes of the broadband transmitter is to allow us to transmit through several channels of about 3 kHz bandwidth each. We use the term multiband transmission in order to remark that we are not going to transmit a whole broadband signals but a set of narrow band signals placed in the most suitable channels. Assuming that these optimum locations are provided by the ALMA already mentioned, we will be able to exploit the extra resource in two ways: on one hand, increase system robustness transmitting correlated information by all the available channels to extract diversity gain. On the other, provide multiple links with multiple data streams to increase data rate. As time diversity provided by the code and interleaving seems to be enough for most of the applications, we have been mainly focused on increasing data rate using frequency multiplexing.
3.1.9 Our design in this sense is quite simple, on one hand split uniformly the coded bits across different channels that are interleaved separately. This way we will retrieve maximum diversity. On the other, estimate the signal to noise ratio per channel, and distribute the available transmission power in order to guarantee the same SNR in all the channels. This criteria is motivated by the fact that the worse channel degrades the BER curve more significantly.
4. OVERVIEW OF THE ALMA MODEM
4.1 This modem has the responsibility of guaranteeing a permanent high quality link in a transparent way to the user. To do that, as a complementary modem to the voice / data modem, it is permanently linked over all the available channels checking their capacity and suitability to be dedicated to voice / data transmission.
4.2 The signal structure of this modem is essentially similar to the voice/data modem using OFDM principles although the design is conditioned to much more hostile environment. Less number of carriers, more redundancies and more robust synchronization procedures are provided to guarantee the link establishment even for very low SNR conditions. Evaluation procedures to measure the SNR, Doppler and channel delay spread and BER (Bit Error Rate) are included to assess the suitability for transmission of every available channel.
4.3 The frame structure is also defined according to different phases to cope with all the assigned functionalities. Procedure acts as follows:

g) Link establishment phase (ALMA modem): the ALMA receiver should be continuously checking all the available channels looking for the transmitter who is intending to communicate with it. On the other hand, the transmitter will start the transmission when there is an available message of an arbitrary length. Thus, starting time is random and it should intend the transmission by sounding all the available channels with an specific order depending on previous information concerning experience of the user or prediction about channel’s state by software tools. Transmission interval at each channel is also a variable although it should be long enough for the receiver to be able to check all the assigned channels, because it does obviously not have previous information concerning where the transmitter is operating when intending the link establishment.
h) Link validation phase (ALMA modem): once both sides have contacted, they should evaluate channel characteristics in terms of the error probability estimation according to a special sequence designed for the ALMA protocol. If this measurement is above a certain threshold, decision about channel suitability can be taken, and a fixed starting point for the data modem is established. Otherwise, in a synchronous way, both ALMA sides check all the assigned channels following the most suitable order until they find a suitable one.
i) Data transmission phase (Voice / data modem): once the ALMA modem has ordered to both sides of the data modem to establish a communication (each side is controlled by the corresponding ALMA side), both sides should know the absolute time where the communication has to be started. Receiver will listen during a certain interval in order to compensate possible mismatching by propagation delay. When it is synchronized, transmission process starts until the end of the message or until the decision of channel changing has to be taken (it has to be taken by the data modem, by the evaluation of certain pilot signalling, although the ALMA part will manage the changing procedure). In OFDM, channel estimation is directly related to the error probability because it is a multiplicative channel, and thus, the main limitation is imposed by the SNR loss when spectral nulls of certain depth appear. Additionally to this SNR loss, channel estimation error has also to be considered in those subcarriers close to the spectral nulls, contributing to the error generation. This behaviour is usually observed where some carriers do not have errors but some others concentrate all the errors.
j) Phase for checking the rest of the channels (ALMA modem): meanwhile the data modem is transmitting information by the selected channel, the ALMA independently should be checking the rest of the channels in a synchronous way between transmitter and receiver. The main objective of this checking is the generation of a dynamic table establishing which one is the most suitable channel to be transmitted through. In this way, when the data modem sets that the present channel is no longer suitable for transmission, the system has the knowledge to determine which one should be the next transmission channel.
k) Link changing management (ALMA modem): when the data modem establishes that it is required to change the transmission channel, the ALMA modem should manage that situation, selecting the new channel after consulting the table, and defining a new absolute time for the change. On the other hand, the data modem should have to finish the present data block, jump to the new channel and intend the new synchronization procedure with the other side.
5. INTEGRATION OF ALL INVOLVED FUNCTIONALITIES
5.1 This aspect is probably the most important challenge of this line of research trying to extend  previous structures into the design of  a full operative modem transmitting data and/or interactive digital voice with higher data rates and quality providing robust and permanent links without explicit participation of the operator.
5.2 Hardware requirement for this purpose assumes the existence of the previously mentioned broadband transceiver (probably around 1 MHz could be a reasonable testbed for the first steps) where a certain group or groups of carriers may be selected for transmission within a common time-frequency grid based on OFDM principles while the rest of the carriers are annulled.
5.3 The decision of which carriers may be used for transmission depends on the ALMA which will select the most appropriate sets for different purposes: sounder, voice or data. This decision must be dynamic because channels change in time and the ALMA must include functionalities as fast channel evaluation, channel prediction and feedback to the transmitter side to make possible powerful techniques as precoding. The ALMA also may decide how many channels may be used simultaneously according to the required data rate and quality of service. Also, the standard channelization of 4 kHz will not be respected and adjacent channel may be considered if they are available with good propagation characteristics.
5.4 Next figure shows schematically our view:
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Figure 18. Integrated implementation. Schematic view

6. CONCLUSIONS 
6.1 The ACP is invited to take into account the information contained in this paper.
— END —
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