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Abstract— Wireless communication is observing a fast 

development in today’s communication era. Planning a 

good, stable and reliable network can be quite challenging. 

At the same time, it poses several interesting optimization 

problems. Here we have analyzed adaptive modulation 

scheme with their performance in changing channel 

condition.  Different order modulations and different coding 

schemes, allow sending more bits per symbol, thus gaining 

higher throughputs and better spectral efficiencies. This 

paper presents review on various modulation and coding 

scheme to improve SNR and BER. Here the various 

modulation types will be implemented in a single Matlab 

function that can be called with the appropriate coefficients. 
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I. INTRODUCTION 

The growth in use of the information networks lead to the 

need for new communication systems with higher data rates. 

Telecommunication industry is also changing, with the 

demand for a greater range of services, such as video 

conferences, or applications with multimedia contents. 

Furthermore, the increased reliance on computer networking 

and the Internet has resulted in a wider demand for 

connectivity to be provided "anywhere, anytime". 

During the past few years, there has been an 

explosion in wireless technology. This growth has opened a 

new dimension to future wireless communications whose 

ultimate goal is to provide universal personal and 

multimedia communication without regard to mobility or 

location with high data rates. To achieve such an objective, 

the next generation personal communication networks will 

need to be support a wide range of services which will 

include high quality voice, data, facsimile, still pictures and 

streaming video. 

Adaptive modulation is a way to provide balance 

between Bit Error Rate (BER) and SNR through the 

improvement of the Spectral Efficiency. It is possible to 

make effective use of adaptive modulation in a slowly 

varying fading channel with noise based on SNR estimation. 

Software defined radio have become more of 

reality than a buzz word in recent times. SDR are flexible, 

reconfigurable and multi-standard system which are capable 

of providing efficient communication. The multimode 

capability of SDR is the driving force for high data rate 

multimedia service for future mobile standards. Adaptive 

modulation is an important component of software radio.
[6]

 

Adaptive modulation is a way to improve the tradeoff 

between spectral efficiency and bit error rate. We are able to 

make such optimizations in a Rayleigh channel by 

exploiting its fading dynamics. Periods of low fade and high 

gain, will improve instantaneous SNR, allows higher rate 

modulation schemes to be employed with low probability of 

error. Periods of high fade will lower the effective SNR and 

force us to use low rate modulation in order to make 

transmission more robust. Multimedia service requires high 

data rate and good QOS (Quality of Service) as well, 

therefore adaptive modulation suits well for fulfilling its 

requirement. 

II. ADAPTATION MECHANISM 

We focus on two significant performance metrics: BER and 

Spectral efficiency. Spectral efficiency is defined as the 

expected value of log2M (number of bits per symbol), 

where M is the modulation level. The modulation schemes 

chosen for adaptive modulation are BPSK, QPSK, 16-QAM, 

32QAM and 64-QAM offering 1, 2, 4, 5 and 6 bits per 

symbol respectively. We are going to examine a threshold 

based adaptation scheme which switches between the 

different modulations schemes depending upon the 

estimated channel SNR (signal-to-noise ratio) during each 

frame. The Channel SNR is estimated at the receiver and is 

reported to the transmitter through a feedback channel. This 

information is used to select a modulation scheme for the 

next transmission frame thereby maintaining the BER below 

a desired performance threshold level. To have a constant 

estimated channel SNR for all the symbols in the frame we 

require a slow and flat fading channel. This condition is 

necessary to insure that channel conditions do not change 

drastically in the course of a frame. In such a case, the 

modulation scheme based upon the estimated channel SNR 

would no longer be optimal for the active frame. Figure 1 

gives an overview of the adaptive modulation.
[1] 

 
Fig. 1: Gives an overview of the adaptive modulation and 

coding.
[1] 

As mentioned earlier, modulation is adapted on the 

basis of the channel SNR estimated from the received 

signal. The three sets of switching levels for the modulation 

were assumed and correspond to the SNR at which QPSK, 

16- QAM and 64-QAM achieve 0.1%, 1% and 10% BER in 

a Gaussian channel[3]. The reason that we use AWGN 

performance to choose the thresholds is that during the 

frame we assume constant SNR, i.e., AWGN conditions. 

The SNR ranges corresponding to the three different BER 

targets are described in Table 1[1]. In this simulation, the 

performance of adaptive modulation is investigated in terms 
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of BER performance. To highlight the advantages of 

adaptive modulation comparison is made with fixed 

modulation system under various IFFT size. BER is 

calculated using following formula
[1] 

    
                                     

                               
 

The idea of adaptive modulation and coding 

(AMC) is to dynamically change the modulation and coding 

scheme in subsequent frames with the objective of adapting 

the overall throughput or power to the channel condition. In 

fact, when employing orthogonal frequency division 

multiplexing (OFDM) over a spectrally shaped channel the 

occurrence of bit errors is normally concentrated in a set of 

severely faded sub carriers, which should be excluded from 

data transmission. On the other hand, the frequency domain 

fading, while impairing the signal-to-noise ratio of some 

sub-carriers, may improve others above the average signal-

to-noise ratio. Hence, the potential loss of throughput due to 

the exclusion of faded sub carriers can be mitigated by using 

higher order modulation modes on the sub-carriers 

exhibiting higher signal-to-noise ratio. In addition, other 

system parameters, such as the coding rate of error 

correction coding schemes, can be adapted at the transmitter 

according to the channel frequency response. 

To adapt the modulation and coding rate in OFDM 

systems as per the channel some pilot bits are generated and 

allowed to transmit in the modeled AWGN channel. It is 

then received by the receiver and measures the Channel 

SNR. After that it decides the modulation type and coding 

rate. Then it sends feedback to the transmitter. After that the 

message bits will be transmitted as per the feedback. 

The main concept of adaptive coding and 

modulation is to maintain a constant performance by 

varying transmitted power level, modulation scheme, coding 

rate or any combination of these schemes .This allows us to 

vary the data rate without sacrificing BER performance. 

A. SNR Measurement: 

In communication systems, the comparison of signal power 

with the noise power at the same point is important; to 

ensure that noise at that point is not excessively large. It is 

defined as the ratio of signal power to the noise power at 

that same point.SNR = Ps/Pn; where Ps is the signal power 

and Pn is the noise power at that point. The SNR is usually 

represented in dB.
[2]
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B. Channel Estimation: 

Channel estimation can be achieved by transmitting pilot 

OFDM symbol as a preamble. The channel estimation can 

be performed by either inserting pilot tones into all of the 

subcarriers of OFDM symbols with a specific period or 

inserting pilot tones into each OFDM symbol. The first one, 

block type pilot channel estimation, has been developed 

under the assumption of slow fading channel. This assumes 

that the channel transfer function is not changing very 

rapidly. The estimation of the channel for this block-type 

pilot arrangement can be based on Least Square (LS) or 

Minimum Mean-Square (MMSE). The later, the comb-type 

pilot channel estimation has been introduced to satisfy the 

need for equalizing when the channel changes even in one 

OFDM block. The comb-type pilot channel estimation 

consists of algorithms to estimate the channel at pilot 

frequencies and to interpolate the channel. The interpolation 

of the channel for comb-type based channel estimation 

depends on linear interpolation. 

C. AMC System Performance: 

The performance of AMC is highly depends on the accurate 

channel estimation at the receiver and the reliable feedback 

path between that estimator and the transmitter on which the 

receiver reports channel state information (CSI). In order to 

assure a high-quality implementation the following issues 

must be considered.
[3]: 

1) Operational Environment:  

Transmitter requires an estimate of the expected channel 

conditions for the next transmission interval. Since this 

knowledge can only be gained by prediction from past 

channel quality estimations, the adaptive system can only 

operate efficiently in an environment with relatively slowly-

varying channel conditions. Therefore, delay between the 

quality estimation and the actual transmission in relation to 

the maximal Doppler frequency of the channel is crucial for 

the system implementation since poor system performance 

will result if the channel estimate is obsolete at the time of 

transmission. 

2) Adaptive Parameter:  

Idle SDR architecture push the reconfigurable platform 

toward antenna and excluding also the mixtures and the 

power amplifier and the low noise amplifier in the 

transmitter and receiver respectively. There is a tradeoff 

between the level of reconfigurability and the system 

complexity. To simplify the design common elements 

implemented once, then a separate interface configured for 

each specific standard.
 

In traditional communication systems, the 

transmission is designed for the "worst case" channel 

scenario thus, coping with the channel variations and still 

delivering an error rate below a specific limit. Adaptive 

transmission schemes, instead, are designed to track the 

channel quality by adapting the channel throughput to the 

actual channel state. These techniques take advantage of the 

time-varying nature of the wireless channel to vary the 

transmitted power level, symbol rate, coding scheme, 

constellation size, or any combination of these parameters, 

with the purpose of improving the link average spectral 

efficiency measured by bits/s/Hz. 

III. OFDM 

The functions of the OFDM Transmitter can be divided into 

two categories; Channel Coding and Modulation. Course 

Coding refers to all processing that occurs before individual 

subcarriers are modulated. This includes actions such as data 

framing, Forward Error Correction Coding and Data 

Scrambling. OFDM Modulation refers to the Modulation of 

individual subcarriers, the Inverse Fast Fourier Transform 

operation and guard interval insertion.
[4][7]

 While Channel 

Coding can vary significantly between standards, OFDM 

Modulation generally includes the same 3 Components. In 

Adaptive OFDM transmission, all subcarriers in an OFDM 

symbol are split into blocks of adjacent subcarriers. The 

choice of the Modulations to be used by the transmitter for 

its next OFDM symbol is determined by the Channel 

Quality Estimate of the Receiver based on the current 
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OFDM symbol. In this Simulation the instantaneous SNR of 

the subcarriers is measured at the Receiver. The Channels 

Quality varies across the different subcarriers for frequency 

selective channels. The Received signal at any subcarrier 

can be expressed as:
[1] 

           

Where Hn is the channel coefficient at any 

subcarrier, Xn is the transmitted symbol and Wn is the 

Gaussian noise sample. 

IV. MODULATION 

The first step in OFDM modulation is subcarrier 

modulation. One or more bits from the channel coding step 

are assigned to each subcarrier then modulated using a 

simple technique such as phase shift keying (PSK) or 

Quadrature amplitude modulation (QAM). The number of 

bits used for each subcarrier depends on the modulation 

technique being used. For example, QPSK requires two bits 

per subcarrier. The number of subcarriers and the 

modulation to use for each subcarrier is defined by the 

protocol or standard being used. At the heart of an OFDM 

modulator is the Discrete Fourier Transform (DFT) in its 

common implementation the Fast Fourier Transform (FFT) 

algorithm. The DFT is a function that takes time series data 

as its input and returns a set of coefficients representing 

frequencies found in that data. The OFDM modulator 

performs the inverse DFT operation using the inverse FFT 

(IFFT) algorithm. As its name implies, this operation is the 

opposite of the DFT, transforming frequency information 

into time this is the amount of input and output produced by 

one execution of the algorithm and is an important design 

parameter for OFDM systems. The sample rate of the 

system and Nfft determine the spacing of the subcarriers. 

IFFT is ideal for OFDM because it is has efficient hardware 

and software implementations and because it produces 

subcarriers that are ideally spaced. Subcarriers are in fact 

orthogonal in that they are spaced so that they do not 

interfere with each other. The IFFT found in OFDM takes 

modulated subcarrier data as input and produces time series 

data as output. This time domain signal will contain the sum 

of each of the Nfft subcarrier signals. One OFDM Symbol 

consists of the output of one IFFT execution representing 

Nfft subcarriers. Since the OFDM symbol contains many 

subcarriers representing many bits, the duration of the 

OFDM symbol can be relatively long. This reduces the 

effect of inter symbol interference (ISI) caused by multipath 

reflections at the OFDM receiver.
[7]

 Multipath reflections 

occur when a signal reflects from different surfaces along 

multiple paths from the transmitter to the receiver. Since any 

of these reflected paths will be longer than the direct path 

from transmitter to receiver, the multipath signals will be 

delayed relative to the direct path signal and will overlap 

with the next OFDM symbol. Since the OFDM symbol 

period is long, the amount of overlap can be small when 

compared with a serial modulation scheme where the 

amount of overlap can span several short symbols. To 

completely eliminate ISI, a guard interval can be inserted at 

the start of each OFDM symbol. During the guard interval, 

the receiver might still be receiving delayed copies of the 

previous symbol caused. The receiver then ignores the guard 

interval portion of the transmission. In many OFDM 

systems the guard interval is a cyclic extension of the 

OFDM symbol. A cyclic extension is a copy of the last 

portion of the OFDM symbol appended to the start of the 

same symbol. Multipath reflections also cause attenuation or 

nulls to occur at different frequencies within an OFDM 

symbol. 

 
Fig. 2: Block Diagram of Adaptive Modulation and Coding 

System
[1] 

V. SIMULATION RESULTS 

With using different techniques we get results according the 

modulation scheme and coding technique. A single function 

that can give different modulation order from BPSK to M-

QAM (M= 2n, where n = 2,4,6...) implemented in Matlab. 

The function called with the modulation order and the SNR 

in dB as input, then its plot the constellation and calculates 

the BER.  

When the transmitter and receiver medium are 

good in a particular time and Signal-to-Noise Ratio is high, 

and then Bit Error rate is very low. Figure shows the relation 

between SNR and the BER for various modulations types. 

From the graph to maintain a certain level of BER 

(transmission quality) with a given SNR (channel condition) 

proper modulation have to choose to deliver highest system 

throughput. 

 
Fig. 3: BER vs. SNR

[3] 

A. Performance of BER vs. SNR for OFDM System: 

To plot SNR value versus Bit error rate, the SNR value has 

constantly changed from 0 to 100 with an interval of 5. Then 

the OFDM signal is modulated with all possible modulation 

and passed through the channel with all possible SNR 
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values. Then the OFDM signal is received and the bits are 

demodulated. The bit error rate is computed when 2*106 

bits are transmitted in OFDM system and the plot is shown 

in Figure. 

System’s BER is chosen as 10-4 and following 

result is obtained. The following conclusion has been 

obtained from the plot and used for adaptive modulation. 

0 - 42 db = QPSK modulation and 3/4 coding will 

be chosen by the system. 

42 - 56 db = 16- QAM modulation and 2/3 coding 

will be chosen by the system. 

Above 56 db = 64- QAM modulation and ½ coding 

will be chosen by the system. 

 
Fig. 4: BER vs. SNR plot for various modulations

[2] 

B. BER Performance of The System With And Without 

AMC:
 

The following graph shows the BER performance 

with and without and adaptive modulation and channel 

coding. This is obtained when 2*106 bits are transmitted. 

From the above graph, At BER = 10-3, SNR = 53 db for the 

signal transmitted without using Adaptive modulation and 

channel coding. SNR = 26 db for the signal transmitted 

using Adaptive modulation and channel coding. So the gain 

is 27 if transmitted using adaptive modulation and channel 

coding. 

 
Fig. 5: BER vs. SNR comparison with and without Adaptive 

modulation and coding rate
[2] 

VI. CONCLUSION 

In this paper, we can infer that our adaptive modulation and 

coding gives better results when compared to higher order 

fixed modulation scheme as BER is improved. In adaptive 

modulation and coding, modulation and coding rate changes 

depending upon value of an instantaneous SNR. The BER 

performance comparison between fixed and adaptive 

modulation and coding shows that BER performance for all 

modulation techniques is better. Hence, it concludes that 

BER performance of adaptive modulation and coding is 

better than fixed modulation with the cost of more execution 

time. 
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