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SUMMARY

The HF band data communication link has been traditionally desired by many of the large range
transmission systems although it is associated to unfavourable performances as low transmission rate, large
delay and low confidence in terms of link establishment and maintenance. Although transmission rates may
be high enough to transmit digital voice, delay, usually over several seconds, has been the main handicap to
let the systems provide interactive digital voice links. Indeed, there is no unclassified equipment with this
capability. The main achievement of this proposal is that we are able to guarantee digital voice transmission
with low latency, around 135ms (modemþ codec), providing a full interactive digital voice link.
Performances of two new 2460 bps HF modems are presented versus the 39-tone 2400 bps MIL-STD-188-
110A modem, working over an ITU-R moderate channel. Furthermore, these results are corroborated by
real tests carried out in a 1800Km link in the 18MHz band. Copyright # 2006 AEIT.

1. INTRODUCTION

1.1. The HF channel

In the HF band (3–30MHz), long distance communica-

tions are feasible, thanks to the use of the ionosphere as

passive reflector. However, the atmospheric nature of this

reflector makes the systems face a very hard communica-

tion environment. Multipath effects are always present and

have to be considered in depth, besides the very fast time-

varying channel characteristics.

The main parameters used to measure channel behaviour

are frequency coherence (�fc) and time coherence (�tc) [1].

The first one (�fc) gives information about how narrow

must one modulated carrier be in order to consider the

channel flat. Values in HF channel are usually below

1KHz. The second parameter (�tc) establishes the time

separation between two pulses with different attenuations.

Its inverse is known as doppler spread (fd) and in HF, it is

usually from 0.1 to 2Hz. This multipath environment

makes efficiencies over 0.5 bit/Hz very difficult to achieve.

The ITU-R has defined several parameter combinations in

order to establish a base of representative HF channel con-

ditions [2]. Figure 1 shows the channel baseband time-fre-

quency response estimation of a ‘Mid-Latitudes Disturbed

Conditions’ HF link as a graphical example of the hard

condition a HF modem has to cope with. Although this

channel scenario sets �tc ¼ 2ms and �fd ¼ 1Hz these

two values could be increased up to 7ms and 10Hz in

severe channel conditions. Usually, the bandwidth of HF

transmissions are below 3KHz [3] and the best perfor-

mances in data communications are obtained by the com-

bination of powerful codes and very long interleavers,

which introduce an important delay in the communication

and make interactive digital voice link impossible.
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1.2. State of the art

Single carrier schemes have been typically used for facing

the hard conditions of short-wave radio communications.

Indeed, most of the systems designed for data transmission

in the HF band use single carrier techniques beside power-

ful coding [3]. Optimum coding performance needs the use

of long interleaving matrices in order to cope with the long

burst errors introduced by the HF channel. Interactive digi-

tal voice communications are not feasible with this kind of

systems due to interleaving delays that usually rises above

several seconds. Most of present data modem applications

are based on the standard MIL-STD-188-110A [4] as a

military data transmission system, or in the standard STA-

NAG 4285 [5].

The modem described in MIL-STD-188-110A standard

specifies data rates range between 75 and 2400 bps. Trans-

mission process uses an 8-states convolutional encoder

with 8PSK modulation scheme with variable interleavers.

This standard also describes, in two appendices, two multi-

carrier schemes: one of them is a non-orthogonal 16 tones

DPSK modem where channel estimation is not required,

but also spectral efficiency is reduced. The other operating

mode is an orthogonal (OFDM) 39-tones including a

(14,10) Reed-Solomon encoder with variable interleaving

depth which is selected by the user. This modem has to be

considered as one of the first HF-band military systems

published in the open literature and thus, it is one reference

for this kind of systems although it does not provide sup-

port for an interactive digital voice link due to the afore-

mentioned interleavers delay.

1.3. Multi-carrier modulations

One of the main problems to consider when a HF modem

is being designed is related to the long impulse response

length of the channel. The first strategy to deal with this

problem is to reduce transmission rate reducing multipath

distortion to a small symbol fraction. Required data trans-

mission rate might be obtained by means of Multi-Carrier

techniques, and in particular with Orthogonal Frequency

Division Multiplex (OFDM), thus giving maximum spec-

tral efficiency.

The performances of OFDM schemes in HF channels

have been deeply analysed by C. Cook [6], also published

by E.E. Johnson [3], considering a large set of parameters

as interleaving length, robustness against impulsive noise,

behaviour in front of co-channel interference, relationship

between average and peak power, equipment specifica-

tions, synchronisation issues and spatial diversity techni-

ques applicability. Cook’s studies stated that OFDM-

based modems are more efficient than single carrier sys-

tems when long interleaving and powerful coding were

reduced. This conclusion was our initial motivation for

using multi-carrier techniques in HF communications in

order to fulfill our main goal: design, implementation

and test of a HF physical layer capable to provide interac-

tive HF voice communication with lower latencies and bet-

ter performance than the already mentioned standards.

2. DATA MODEM DESIGN

The modems presented in this paper follow the idea initi-

ally explained in Reference [7]. That paper shown, in a

basic simulation scenario, the suitability of multi-carrier

spread spectrum techniques in HF communications where

heavy channel coding and long interleavings should be

avoided.

Further researches with complete channel simulators

demonstrated that SS-MC-MA techniques provide a robust

mechanism to avoid the effects of deep-nulls introduced by

the channel (Figure 1) without the need for powerful cod-

ing and long interleaving. SS-MC-MA provides frequency

diversity keeping the bit rate constant, however it suffers

from self-spreaded symbols interference. Results, shown

in References [8] and [9] proved the viability of HF inter-

active digital voice links with low signal-to-noise ratios by

means of in-band spreading, reduced channel coding and

no interleaving. The absence of time diversity is supplied

by SS-MC-MA, where the serial symbols are transmitted

over the whole band so the information affected by

deep-nulls can be restored by the unaffected carriers.

Those papers also pointed out that plain OFDM does not

outperform spread-spectrum techniques for the affordable

interleaving depths and channel coding; the low data rate

achieved and the low latency constrain make impossible
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Figure 1. ‘Mid-latitudes disturbed conditions’ HF channel.
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the use of powerful channel coding and longer interlea-

vers, respectively.

HF channel effect generates an orthogonality loss

between in-band self-spreaded symbols, thus providing

Multiple Access Interference (MAI). Although channel

estimation mechanism demonstrated to be accurate

enough through the carried out tests (Figure 1 is taken

from the actual channel estimation process), high levels

of interferences and noise from human or natural sources

introduce estimation errors that reduce the ideal perfor-

mances of the Multi-User Detection (MUD) process.

Since the presentation of References [8,9], two different

decisions have been taken in order to cope better with

MAI. On one hand, two new different MUD techniques

have been applied to the design. On the other hand, the

number of self-spreaded transmitted symbols have been

reduced, so MAI has been also reduced and the aforemen-

tioned channel coding has been completely eliminated. It

is important to remark the different self spreaded symbols

represent different ‘virtual’ users.

Two schematic block diagrams are presented in

Figures 2 and 3. They represent transmitter and receiver,

respectively and as it can be noticed, channel coding has

been removed. An S&C scheme [10] has been selected

for time/frequency synchronisation [9]. The two new mod-

ems presented in this paper follow the same transmission

scheme but they apply two different MUD techniques that

are described in the sequel.

2.1. Two-stages MUD implementation

In order to improve previous performances by introducing

more sophisticated algorithms with also higher computa-

tional requirements but maintaining the low delay con-

straint, we have applied global minimum mean square

error (GMMSE) detectors [11]. If simplified simulation

scenarios are applied, this technique clearly outperforms

those proposed in our previous contributions. However,

noise power should be estimated and also large matrices

have to be inverted.

The incoming signal at receiver side can be represented

in the frequency domain (assuming perfect time and fre-

quency synchronisation) as follows

y ¼ HCxþ n ð1Þ
where C represents the spreading matrix, H is the channel

matrix as a diagonal matrix whose elements are the corre-

sponding frequency response at carrier frequency. Vectors

x and n represent respectively the transmitted symbols and

the additive white Gaussian noise (AWGN). The two

stages implementation is shown in Figure 4. The first stage

implements a Parallel Interference Cancellation (PIC)

scheme whereQ() is the standard symbol detector by mini-

mum distance criteria and M represents the interference

regeneration process

M ¼ ðCHGð1ÞHC� diagðCHGð1ÞHCÞÞ ð2Þ

Figure 2. Block diagram of the transmitter.

Figure 3. Block diagram of the receiver. Figure 4. Interference cancellation process.
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The diag() operator means a diagonal matrix whose entries

are the corresponding elements of the processed matrix and

Gð1Þ is a matrix calculated following the GMMSE criteria

Gð1Þ ¼ HHðHCCHHH þ �2IÞ�1 ð3Þ
where superscript (1) refers to the first stage, �2 is the noise

power and I stands for the identity matrix.

The use of GMMSE with PIC techniques should reduce

MAI thus providing a nearly one-user set of scenarios if

proper interference is cancelled. Such a case, per user

MMSE [12] will improve the performance of first stage,

so it is implemented in a second stage (Figure 4). Interfer-

ence generator simply provides the corresponding interfer-

ence affecting to a particular user

ik ¼ HCIkx̂
ð1Þ ð4Þ

Ik is a diagonal matrix identity-like but with a zero in posi-

tion (k,k). Eventually, a set of single user (SU) equalisers is

provided following MMSE criteria

G
ð2Þ
k ¼ HHðHckc

H
kH

H þ �2IÞ�1 ð5Þ
where ck is the corresponding user code.

2.2. One-stage MUD implementation

In previous versions of the development, PIC with simple

Equal Gain Combining techniques were used with quite

satisfactory performance. This scheme is very simple

because no matrix inversion neither noise power estima-

tion are required so the computational complexity of the

implementation is decreased. For this case, only the first

stage of Figure 4 is applied and G is calculated as follows

G ¼ HHjHj�1 ð6Þ

3. IMPLEMENTATION AND HF LINK ISSUES

The whole system has been implemented in ANSI C lan-

guage with Basic Linear Algebra Subprograms (BLAS)

[13] libraries for the algorithms that make use of heavy

computational operations with vectors and matrices.

Nowadays the system runs in real-time over legacy Intel

x86 (PC) platforms running Linux operating systems: both

configurations running together on the same Pentium

IV@2.4GHz need only 10 per cent of CPU. Thanks to

BLAS libraries availability for several DSP platforms, it

should be feasible to port the whole system to an

embedded platform.

The system has been designed [9] to be spectrally com-

patible with existent High Frequency Data Link [14]

equipment. HFDL uses vocal-bandwidths so it has been

possible to make use of legacy sound cards plugged to

the PC.

The real-link has been established between Canary

Islands and Madrid in the 18MHz band. For the transmis-

sions, we have used an amateur HF radio (Kenwood

TS-130SE) and an all-mode receiver (AOR AR-5000).

Kenwood filter bandwidth transmitter is not HFDL compli-

ant so, for test purposes, several carriers were not used in

order to reduce transmission bandwidth. The test will be

remade and expanded in a very near future using a couple

of recently acquired professional Rohde & Schwarz

XK2100L transceivers.

Figures 5 and 6 show the scheme of the stations used in

the real link tests. The distance between these stations is

1800Km and at least one ionospheric bounce is needed

to establish the communication.

The following table shows the main parameters of the

Full specification of the designed modems and the Test

Configuration parameters used during the real-link tests.

It is important to remark that the test parameters where

selected keeping the spectral efficiency constant in order

to be able to extract reliable conclusions:

Full Test
specification configuration

Total carriers 73 55
Pilot carriers 13 10
Data symbols per OFDM symbol 41 30
Sample rate (sps) 9600 9600
FFT length 256 256
Modulation QPSK QPSK
Bit rate (bps) 2460 1800
Bandwidth (Hz) 2737.5 2062.5
Samples per OFDM symbol 320 320

Figure 5. Tx station. Las palmas de gran canaria.
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4. RESULTS ANALYSIS

Simulated and 5 h real-link performances for the two new

modems are shown in Figure 7, and they are compared to

MIL-STD 39 tones modem [3,4,6] efficiency. Simulated

results were obtained with a Moderate Channel Watterson

HF Channel (2 rays, time spread 1ms, Doppler spread

0.5Hz) [2]. As it was indicated in the Full specification

parameters table, the new modem operate at 2460 bps

and the 39-tone MIL-STD-188-110A operates at

2400 bps. It can be observed that the two new modems

overcome the MIL-STD performance by several decibels.

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, 90ms if only the modem is consid-

ered, and 135ms if vocoder is included. Considering that

the 2400 bps MELP vocoder [15] will operate satisfacto-

rily with error probabilities below 10�2, it is concluded

that, for a moderate ITU-R channel, modem operability

for SNR in 4.8KHz above 10 dB is guaranteed.

It is noticed that the simpler EGC outperforms the more

complex GMMSE. This result is due to the fact that noise

estimation is carried out in the whole bandwidth during

communication training stage, and there is no tracking of

this parameter as it is presumed in Equation (3). The error

of this estimation along with the error estimate of the chan-

nel are responsible for this unexpected result related to the

present implementation of the modem. This aspect is cur-

rently under deeper analysis.

In Figure 7, performance in the real link is also pre-

sented. This link was established between Canary Islands

and Madrid in the 18MHz band. It can be noticed the par-

allelism between the simulated results and the real link

performances. The difference between simulated and

real-link behaviours have its explanation in the difference

between the real channel and the moderate ITU-R one

(apparently, during the test, 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 considered in order to obtain actual channel conditions.

Figure 8 presents the spectrum of a real signal 3 s length,

which was received during the test. It can be noticed the

effect of channel multipath with a null around 1700Hz

and the presence of a interference just in the middle of

transmission band.

Figure 6. Rx station. Madrid.

Figure 7. Performance of the two new HF modems vs.39-tone
MIL-STD-188-110A.
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Finally, Figure 9 presents SNR and BER evolution dur-

ing a 2min digital voice communication. Only during

short time periods, BER is higher than 10� 2. That means

that nearly all the communication is free of error from the

vocoder point of view, since for lower BER, vocoder beha-

viour is the same than an error-free communication. It is

possible to download the received audio samples from

the HFDVL Project web site [16].

Clearly under actual conditions where transmission took

place, it would have been possible to establish an interac-

tive digital voice communication with SNR above 8 dB.

5. CONCLUSIONS AND FUTURE

RESEARCH LINES

Present work has shown the real feasibility of interactive

digital voice transmission over the HF channel. This

accomplishes a significant achievement in comparison

with conventional analogue transmission with a significant

subjective improvement in terms of quality and intellig-

ibility. Key issues are the following: the use of OFDM

modulation and the use of MC-CDMA techniques inspired

by mobile applications increase system robustness in front

of deep spectral nulls and homogenise performance over

different subcarriers.

Furthermore, once the transmission scheme has demon-

strated to be efficient, complementary analysis, relaxing

delay constraint for data transmission [8], is a promising

path to achieve new goals. This operation mode will

increase data rate, by the increase of the constellation size

and the use of combined interleaving and channel coding

strategies. Updated information of this work and audio

samples of the link can be downloaded from the HFDVL

Project web site [16].
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respectively. From 1991 to 1994, he was with the Universidad de Valladolid and from 1995 to 1997 with the Universidad Alfonso
X El Sabio at Madrid. In 1998, he joined UPM as Associate Professor in Signal Theory and Communications. His main research
activities are in the field of Signal Processing with applications to Audio, Communications and Radar. Since 1990, he has participated
in 12 projects with the Spanish industry and 1 European project (ESPRIT) and 3 IST projects. He is also co-author of 9 international
papers and more than 60 conference papers.
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