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Abstract 

Provision of mobile broadband wireless access, for instance via high altitude platforms (HAPs) 
to the passengers on a high-speed train, requires the development of efficient and reliable 
radio interface, which has to adapt to the variation of propagation channel conditions in order 
to optimise the utilisation of radio resources. In this paper we focus on the implementation 
aspects and performance analysis of adaptive coding and modulation scheme based on the 
IEEE 802.16 standard. In order to maximize the link reliability in a fading environment we 
propose switching between the transmission schemes assisted by the information on the 
corrected bytes of the previous frames obtained from the Reed-Solomon decoder, thus 
increasing the throughput while retaining the targeted bit-error-rate (BER). To adequately take 
into account the real implementation aspects, the selected procedures were implemented on a 
digital signal processing (DSP) board and tested on a HAP propagation channel model. The 
performance evaluation results, given in terms of spectral efficiency and the Reed-Solomon 
decoder state, confirm the adaptability of the implemented switching scenarios to the variation 
of the HAP propagation channel attenuation. 
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Channel Decoder Assisted Adaptive Coding and Modulation for 
HAP Communications 

Gorazd Kandus, Miha Smolnikar, Tomaz Javornik and Mihael Mohorcic 

Introduction 
High altitude platforms (HAP) have recently emerged as an alternative solution that can integrate 
with or supplement terrestrial and satellite communications for provision of broadband wireless 

access both to fixed and mobile users [1]. As a particularly flexible infrastructure they are in the first 
place interesting for serving remote regions with low user density, short-term large-scale events and 
establishment of ad-hoc networks for disaster relief [2], but they are also an attractive solution for 
providing the Internet access and broadband multimedia services to passengers travelling on a high-
speed train. This particular scenario has been investigated in detail in the project CAPANINA, supported 
by the European Commission as part of the 6th Framework Programme [3]. Within the project various 
aspects related to communication links between HAPs and ground nodes, i.e. base stations, fixed 
terminals and collective terminals on-board moving train, have been addressed.  

One of the main challenges in such scenario is the development of efficient and reliable radio interface 
for the broadband communication link in the mobile wireless access segment. When accessing the 
network through wireless medium the communication link has to deal with higher bit-error-rate (BER) 
compared to the wired access due to the nature of wireless channel. HAP designated frequency bands by 
the International Telecommunications Union (ITU) at 47-48 GHz (worldwide) and 28-31 GHz 
(approximately 40 countries worldwide excluding Europe) are particularly prone to propagation 
impairments, calling for careful design of the radio interface, including propagation impairment 
mitigation techniques, and for efficient use of available resources.  

In the light of this we are focusing on the performance analysis of the adaptive coding and modulation 
(ACM) scheme in the communication link between a high altitude platform and a collective terminal on-
board train. We assume the link is based on the IEEE 802.16 standard, in particular on its single carrier 
(SC) air interface specification for the operation above 10 GHz [4]. For the evaluation and performance 
analysis the proposed ACM procedures were implemented on a digital signal processing (DSP) board, 
taking into account real implementation difficulties such as capabilities of DSP to perform a specific 
task, timing constraints, used arithmetic (fixed/floating point), and the impact of quantization noise due 
to AD/DA conversions. We were particularly interested in the effect of switching between different 
transmission schemes using the information on the corrected bytes in the previously transmitted frames 
obtained from the Reed-Solomon (RS) decoder. The performance of the DSP model was evaluated 
taking into account a realistic operating environment represented by a HAP propagation channel model 
also developed within the CAPANINA project [5, 6].  

The rest of the paper is organized as follows. Section II briefly describes the considered HAP 
propagation channel model based on a ray tracing approach. The main characteristics of the IEEE 
802.16 standard are summarized in Section III, where the emphasis is given on the functionalities that 
were selected for the DSP implementation. In Section IV the implemented adaptive coding and 
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modulation model is described, while Section V presents numerical results and discusses the system 
performance. Finally, Section VI concludes the paper. 

 

Propagation Channel Model  
In order to analyze the performances of implemented ACM procedures we have to be able to emulate 
realistic propagation channel conditions according to which different actions in the model are triggered. 
Both millimetre-wave frequency bands that ITU has allocated for broadband wireless HAP services in 
the case of mobile operating environment are characterized by severe propagation impairments, thus the 
operation is essentially line-of-sight (LOS) only. The dominant effects causing the deterioration of the 
received signal are shadowing, multipath fading and Doppler frequency shift [3]. 

Due to lack of previously available statistical HAP channel model or propagation measurement 
campaigns for HAP-terrestrial radio links in the considered frequency bands, a simple HAP propagation 
channel model, based on a land-mobile satellite (LMS) propagation channel model [7], was developed 
within the CAPANINA project. A ray tracing approach was applied on the digital elevation model to 
emulate the three channel states representing LOS, shadowed and blocked conditions. The transitions 
between states can be driven with a three-state finite state machine, where the variation of the channel 
attenuation in LOS conditions typically follows lognormal or Rice distribution, while Rayleigh fading is 
often used to describe envelope variations caused by obstacles such as high buildings or hills in the case 
of shadowed conditions. The main differences with respect to the LMS propagation channel model that 
need to be taken into account when modelling HAP propagation conditions are due to significantly 
shorter distance between the transmitter and the receiver, different rate of elevation angle variation and 
its unpredictable nature [5]. 

The above described model of propagation channel consisting of a set of parameters and a finite state 
machine can be modelled in two stages. One stage is modelling a very slow channel variation caused by 
transitions between areas with different environmental conditions and other stage is modelling slow and 
fast channel variations describing each areas’ statistical channel properties. A widely applied process to 
model the first stage is the first-order Markov chain, while different probability density functions are 
used to model the second stage. In our case the first stage was employed with a ray tracing approach 
applied to the digital relief model of Slovenia. To obtain the state transitions a representative railway 
track from Koper (South-Western part of Slovenia) to Maribor (North-Eastern part of Slovenia) was 
covered.  The channel state (LOS, shadowed, blocked) was determined from the platform visibility for a 
single HAP located above Ljubljana, the capital of Slovenia. Taking into account a real train schedule 
we determined that the LOS visibility of HAP is available for 49.59 % of time, for 37.22 % of time the 
signal is partially shadowed and the rest 13.19 % of time the signal is completely blocked [6]. Free space 
attenuation depended upon the distance between the HAP and the train, and the variation of attenuation 
was modelled by the Loo probability density function [8]. 
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IEEE 802.16 Communication Standard 
Following a thorough investigation of candidate communication standards for broadband service 
delivery to high-speed train from HAPs in the CAPANINA project, the IEEE 802.16-SC standard 
emerged as the closest match to the predefined common set of criteria [3]. In this paper we adopted the 
same standard for the DSP implementation and investigation of channel decoder assisted switching 
between the available transmission schemes. 

The IEEE 802.16 standard [4] specifies the common medium access control (MAC) layer and several 
physical (PHY) layers of broadband wireless access system. Considering the aim of this study being the 
implementation and investigation of ACM schemes, we can focus on PHY layer specifications only, 
where all relevant procedures and functionalities reside. To assure flexible spectrum usage PHY layer 
supports both, the time division duplexing and frequency division duplexing modes of operation, 
differing in whether the frame’s downlink and uplink subframe are sequential or simultaneous in time. 
Given that the propagation channel conditions from base station (BS) to various subscriber stations (SS) 
are different, the transmission format of the PHY layer is framed in such way that both modes support 
adaptive burst profiling in which transmission parameters (modulation and coding) can be adjusted 
individually for each SS on a frame-by-frame basis. The supported frame durations are 0.5 ms, 1 ms and 
2 ms. Focusing on the downlink part, whose ACM profile we are trying to control, the downlink sub-
frame consists of the frame start preamble, the frame control section and the payload. The frame start 
preamble is used for synchronization and equalization and is based upon a constant amplitude zero 
autocorrelation (CAZAC) sequence, composed of a 32 QPSK modulated symbols. The frame control 
section, a non-encrypted portion of data, is destined to all SSs and it includes information for each burst 
such as modulation type and forward error correction (FEC) code type and length. Payload is the section 
carrying data where bursts are organized by decreasing robustness. In this section the IEEE 802.16-SC 
standard supports three modulation types and four FEC schemes, but not all of them are mandatory for 
the implementation in the BS. 

 

Implementation of the Adaptive Coding 
and Modulation Model 

The functionalities intended for evaluation in this study are mostly signal processing based procedures, 
so we decided to implement them on a high performance floating-point digital signal processor (DSP) 
TMS320C6713 by Texas Instruments, integrated on the evaluation board by Spectrum Digital. The 
supplemental to this main hardware component were the development and verification software tools, 
i.e. TI Code Composer Studio and MATLAB/Simulink. 

The concept of ACM procedures is that the coding type and modulation mode are adapted at the 
transmitter based on the receiver’s feed-back on the estimated channel quality. Its main goal is to 
maximize the link throughput for a given targeted BER. In other words, in higher signal-to-noise ratio 
(Es/N0) environment, a coding modulation scheme with higher spectral efficiency but lower power 
efficiency is used. In principle we distinguish two types of ACM schemes, the pre-estimated ACM 
scheme, where the transmission parameters are assigned at a call setup and do not adapt during the 
connection, and the dynamic ACM scheme, at which the transmission parameters can be adjusted on the 
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frame-by-frame basis according to the channel conditions. In this paper we consider the dynamic ACM 
scheme. Various criteria can be used to select the most appropriate coding and modulation scheme for 
the current channel state, including the received signal strength indicator (RSSI), bit error rate calculated 
from BCH block codes, eye closure, Euclidean distance, delay spread, etc. 

 
Figure 1: Block scheme of the DSP implemented model 

In order to analyze ACM with the proposed switching criteria, we implemented the following 
functionalities of the IEEE 802.16-SC standard physical layer, depicted in Figure 1: 

• QPSK, 16-QAM and 64-QAM modulators and demodulators 

• Reed-Solomon FEC encoder and decoder 

• Frame composer and decomposer 

• CAZAC sequence processing 

• Transmit and receive square-root raised cosine pulse shaping filters 

• Automatic gain control (AGC) 

• Adaptive coding and modulation switch 

The DSP implemented model additionally comprises quantizer (AD and DA converter), additive white 
Gaussian noise (AWGN) channel model and HAP propagation channel model. The latter is assumed to 
be quasi-stationary, so its properties are not changed within frame duration. Thus it was implemented as 
a pre-calculated lookup table with one sample per 1 ms. Considering only the first FEC scheme 
supported by IEEE 802.16-SC standard to be implemented we limited the size of payload to the size of 
on RS block in order to obtain statistically valid results. Therefore every frame consists of a CAZAC 
sequence containing 32 QPSK symbols and 255 bytes of payload. These 255 bytes of data already 
include the redundancy added by Reed- Solomon FEC encoder that adds 16 bytes to the 239 bytes of 
original data. 

We estimate two parameters by the CAZAC processing, i.e. the current signal attenuation on the channel 
and the total Es/N0 value at the receiver. The first is computed by averaging samples of received 
CAZAC sequence, by which the noise can be approximately eliminated and the attenuation on the 
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channel can be estimated. The process is based on the assumption that the changing of channel 
attenuation is very slow, so the consecutive values do not differ significantly. The computed parameter 
describing the state of the propagation channel is then sent to AGC, which amplifies the received data 
signal. The second parameter evaluated with CAZAC processing is the current total value of noise at the 
receiver. This is obtained by calculating Es/N0 for each sample of the sequence and consequently 
averaging over the entire sequence. This parameter describing estimated Es/N0 is then forwarded to the 
ACM switch, which switches between transmission modes according to this and some additional 
parameters describing estimated channel condition. In this paper we assume as an additional parameter 
the so called RS decoder state, which is the number of bytes that RS decoder was able to correct in the 
previous frame. 

IEEE 802.16-SC standard allows two power adjustment rules, i.e. constant mean power and constant 
peak power. We only implemented the former, where all modulation schemes, namely QPSK, 16-QAM 
and 64-QAM, have the same average power. After obtaining the I and Q signals from the modulator 
they are filtered by square-root raised cosine pulse shaping filter with a roll-off factor of 0.25. 

Switching in the proposed ACM model is thus controlled with a careful combination of two parameters. 
The first is the estimated value of Es/N0 in previous CAZAC sequences, and the second is the RS 
decoder state. In order to request a transmitter to switch among transmission schemes these two 
parameters must be evaluated at the receiver side. For that reason we have tested the RS(255,239) coded 
QPSK, 16-QAM and 64-QAM modulation schemes in AWGN channel and plotted in the same figure 
the results in the form of BER curves, the RS decoder state and the estimated Es/N0 value. The curves 
are depicted in Figure 2. Note that with the coding scheme used, i.e. RS(255,239), the maximum number 
of bytes RS can correct equals 8, while the value 9 in the second graph denotes that RS was not able to 
restore the received data. Furthermore, the average estimated Es/N0 value obtained by CAZAC 
processing differs from the real Es/N0 mainly because of the limited size of the CAZAC sequence, which 
becomes particularly obvious at low signal to noise ratio. Moreover, the noise contributions added along 
the receiving chain, such as AD/DA quantization noise and AGC noise, may deteriorate the statistical 
properties of the noise at the detection.  

Based on these initial results we defined the ideal switching points for the targeted BER defined as 10-3. 
In order to estimate also the sensitivity to the selected parameters we defined three different switching 
scenarios (i.e. ambitious, moderate, and conservative scenario) by slightly varying the values of 
parameters. In a given scenario the parameters for ‘up’ and ‘down’ switching do not differ, hence they 
may lead to switching oscillations between neighbouring transmission schemes. In order to avoid such 
oscillations we introduced a hysteresis by taking the switching decision based on the average value of 
parameters over 5 frames. Consequently, switching between different transmission schemes can only 
occur every 5 frames. The switching scenarios obtained in such way are summarized in Table I, where 
all four possible switches are described with conditions combining the average RS decoder state and/or 
the average estimated Es/N0 during the last 5 frames. 
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Figure 2: Definition of switching points for targeted BER 

 
 Conservative scenario Moderate scenario Ambitious scenario 

Possible Switches 
RS decoder 

state 
 

estimated 

Es/N0 [dB] 

RS decoder 

state 
 

estimated 

Es/N0 [dB] 

RS decoder 

state 
 

estimated 

Es/N0 [dB] 

QPSK →  16QAM =0 and ≥17 ≤0.2 and ≥16 ≤0.4 and ≥15 
16QAM →  64QAM =0 and ≥22.5 ≤0.2 and ≥21.5 ≤0.4 and ≥20.5 
64QAM →  16QAM ≥4.2 or ≤22.5 ≥5.5 or ≤21.5 ≥7.4 and ≤20.5 
16QAM →  QPSK ≥4.2 or ≤17 ≥6.5 or ≤16 ≥7.4 and ≤15 

Table 1: Switching Scenarios 
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Figure 3: Average spectral efficiency for different switching scenarios in AWGN channel 

 
Figure 4: FEC performance and spectral efficiency in HAP channel 
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Performance Evaluation 
Accurate operation of the model’s basic functions including RS (de)coder, frame (de)composer, filter 
and CAZAC processing was separately validated by the expected BER curves (see Figure 2) for each 
modulation scheme in AWGN channel. This is particularly important due to the fact that some of these 
results were further required for the simulations incorporating switching between transmission schemes. 

In order to evaluate the performance of each ACM scheme we assume a communication system with 
perfect carrier and symbol timing recovery and a quasi-stationary channel state during one frame. The 
results in terms of spectral efficiency for switching scenarios determined in Table I are depicted in 
Figure 3. The resulting scenarios’ average spectral efficiencies are plotted together for a given Es/N0 
value with the ideal switching points estimated from BER curves in Figure 2, to satisfy the targeted BER 
criterion. It must be stated that the spectral efficiencies are depicted considering the payload containing 
redundancy added by RS FEC encoder. 

 
Switching scenario conservative moderate ambitious 

Average spectral 

efficiency [bit/s/Hz] 
3,768 3, 856 3,881 

Table 2: Average Spectral Efficiency in HAP Channel 

Finally, in order to test the switching schemes in a realistic propagation environment and find out their 
average spectral efficiency, we repeated simulations in a HAP propagation channel model for a 
representative section of the reference railway track. The simulation results for moderate switching 
scenario are depicted in Figure 4. The upper graph depicts the total Es/N0 at the receiver over 60,000 
frames, the middle graph shows the RS decoder state in a given frame in terms of the number of 
corrected bytes (with the value -1 denoting that RS was no longer able to restore the original data), and 
the bottom graph gives the current spectral efficiency. The average spectral efficiencies for all three 
schemes on the same section of railway track are summarized in Table II, assuming the same 
propagation conditions. These results show that for the selected section of railway track the ambitious 
scenario slightly outperforms both moderate and conservative switching scenarios, indicating how the 
performance of switching depends on the real operating environment. 

 

Conclusion 
In this paper we are analysing the performance of channel decoder assisted switching between different 
transmission schemes defined in the IEEE 802.16-SC standard. In particular, we are focusing on the 
DSP implementation aspects, i.e. timing constraints, the choice of arithmetic and the impact of 
quantization noise due to AD/DA conversions, and on the performance analysis of the required physical 
layer functionalities to support adaptive coding and modulation. The proposed ACM switching is 
controlled with a combination of the estimated value of Es/N0 in the previous CAZAC sequences and the 
number of bytes that Reed-Solomon decoder corrected in previous frames. Following a simulation in 
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AWGN channel we defined switching points for the targeted BER for three switching scenarios, i.e. 
ambitious, moderate, and conservative scenario. We evaluated the performance of these switching 
scenarios in terms of spectral efficiency and the number of corrected bytes with the Reed-Solomon 
decoder in a HAP radio channel model, based on ray tracing approach for a representative section of the 
reference railway track, thus validating the DSP implemented model. We showed that the implemented 
switching scenarios efficiently adapt the transmission scheme to changing conditions on the propagation 
channel, thus increasing the link throughput while retaining the targeted bit-error-rate (BER). 
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