
Abstract
The Quadrature-Amplitude-Modulation (QAM) plays an 
important role in the broadband satellite communications 
among which most of current digital satellite systems use 
QPSK(i.e.4QAM). And along with the increase of transmission 
rates, high-order QAM is promising to be the main modulation 
scheme in future satellite systems owing to its high spectral 
efficiency In this paper, we propose a novel structure of the 
joint frequency-phase carrier recovery loop for all-digital QAM 
satellite receivers. Unlike the existing methods, the initial 
phase offset is recovered through the utilization of a frequency 
recovery loop. By introducing a non-zero-mean input to the 
Stop-and-Go controller, the steady-state estimation variance 
is greatly reduced. This method is especially useful in the low 
SNR region.
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I. Introduction
QAM is a method for sending two separate and uniquely different 
channels of information. The carrier is shifted to create two 
carriers namely the sine and cosine versions. The outputs of 
both modulators are algebraically summed and the results 
of which is a single signal to be transmitted, containing the 
In−phase (I) and Quadrature−phase (Q) information  QAM is 
promising to be the main modulation scheme in future satellite 
systems owing to its high spectral efficiency  [1,3]. 

Due to transmission bandwidth restrictions and higher data 
rate demand, modulation schemes of higher order are needed 
to allow more “bits/s/Hz” to be transmitted. M-ary quadrature 
amplitude modulation (QAM) for M ≥ 16 is a possible candidate 
to achieve higher spectral efficiency and narrow power spectrum. 
Spectral efficiency describes how efficiently the allocated 
bandwidth is utilized or the ability of a modulation scheme 
to accommodate data, within a limited bandwidth[1].M-ary  
QAM permits the   transmission of  K = log2M bits during each 
symbol period. Since the use of M-ary symbols allows a K -fold 
increase in the data rate within the same bandwidth, then 
for a fixed data rate, use of M-ary QAM reduces the required 
bandwidth by factor K [2]. Combining spectrally efficient M-ary 
QAM with channel sharing in time is important for efficiently 
using the bandwidth resources. A good-performance carrier 
recovery is an essential part of any coherent QAM receiver 
which requires very small steady-state phase jitter and it must 
be achieved blindly in satellite broadcasting systems. Since 
the ultimate task of the receivers is to produce an accurate 
replica of the transmitted symbol sequence, synchronization 
plays an important role for proper detection. Synchronization 
concerns the recovery of the reference parameters from the 
received signal and the use of these parameters to achieve 
demodulation and detection of the data from the signal [2]. 
Synchronization functions include carrier recovery and symbol 

timing recovery. When coherent detection is used, knowledge 
of both the frequency and phase of the carrier is necessary 
at the receiver. The estimation of carrier frequency and phase 
is called carrier recovery or carrier synchronization [3]. In this 
paper we focus on the recovery of carrier frequency offset and 
phase offset.

II. Coherent Demodulation
Since the information is carried in the phase and amplitude 
of the modulated carrier for the QAM signal, the receiver is 
assumed to be able to generate a reference carrier whose 
frequency and phase are identical to those of the carrier at 
the transmitter. When the receiver exploits knowledge of the 
carrier’s phase to detect the signals, the process is called 
coherent demodulation/detection [2]. Fig. 1 shows a block 
diagram of a QAM coherent demodulator

Fig. 1 : QAM coherent demodulator

At the receiver, the received high frequency signal is first down-
converted to a lower intermediate frequency (IF) before being 
further processed. The demodulator performs the majority of 
its work at an intermediate or base band frequency [4]. The 
mixer in the coherent demodulator converts the IF signal to a 
baseband signal, by multiplying the incoming IF signal with a 
locally generated carrier reference and the product is passed 
through a low pass filter (LPF). The LPF removes the high-
frequency components and selects the difference component 
from the mixer output. These LPFs also perform as matched 
filters whose impulse responses are matched to the transmitted 
signal to provide the maximum signal-to-noise ratio (SNR) at 
their output [5]. Then detectors decide which of the possible 
signal waveforms was transmitted from the output of the LPFs. 
Assuming that Gaussian noise is the only channel disturbance, 
the received signal, r(t) , can be expressed as :
    r(t) = s(t) +v(t)               (1)
where s(t) denotes the transmitted signal and v(t) refers to the 
additive noise. ignoring the noise, r(t) is simplified as
r(t)=uI(t)cos(2πfct+Фc)- uQ(t)sin(2πfct+Фc)             (2)
where u (t) I and u (t) Q are the I and Q amplitudes of the 
information-bearing signal of the carrier,  fc and φc are the 
carrier frequency and phase. This signal is demodulated by 
two quadrature reference carriers
cI(t)    =cos(2πfot+Фo)             (3) 
cQ(t)    = sin(2πfot+Фo)                 (4)
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Where fo and фo are the frequency and phase of the locally 
generated carrier. Multiplication of r(t) with c I(t)  followed by 
low pass filtering yields the I component

III. A QAM Frequency Detector
Here we propose a decision-directed (DD) frequency detector 
for the QAM signals. The FD obtains the frequency error signal 
by two consecutive baseband samples and their tentative slicer 
decisions denoted as dk^. The intuitive explanation will be first 
presented and the algorithmic description will follow. When the 
frequency offset ∆ω > 0, the phase offset φ kis expected to be 
larger than that at the previous instant, φ k−1; otherwise, if ∆ω 
< 0, we have φ k− φk−1<0. Therefore, the phase difference 
between two consecutive phase offsets can represent the 
frequency error Mathematically, derived from Equation (5), 
consecutive phase offsets φ 'k and φ'k−1 have the relation   
φ'k − φ'k−1 = ∆w T. Because the symbol interval T is constant, 
the difference is proportional to the frequency offset. Thus, 
for a feedback loop, the frequency error signal at instant k 
could be φ'k − φ'k−1. Unfortunately, in practice, the transmitted 
symbols {dk} and their corresponding phase offsets {φ'k} are 
both unknown. Then the tentative slicer decisions dˆk should 
be used to estimate the phase offset φ'k. Therefore, it results 
in the decision-directed frequency error signal 
ek = φ'k − φ'k−1.    (5) 

In the non-steady state, due to the residual frequency offset, 
the phase offset is changing. A tentative decision dkˆ different 
from the transmitted symbol dk will come forth when the varying 
phase offset φ'k crosses the decision boundary. In this case, it 
can be easily demonstrated that the phase offset estimation 
has a different sign from that at the previous instant and the 
consequent difference between them will lead to a wrong loop 
error signal. Therefore, a modification should be introduced 
to alleviate this problem: when two consecutive phase offset 
estimations have opposite signs, the frequency detector outputs 
the error signal of the previous instant instead of calculating a 
new one, just like the well-known stop-and Go (S&G) method. 
The frequency detector algorithm thus becomes

ek={ φˆk − φ ˆk−1    sgn(φˆk)= sgn(φ ˆk−1)   
 
   {ek−1                sgn(φˆk) ≠ sgn(φˆk−1)                 (6) 
where sgn(x) is the signum function for variable x.
Denote φk= arg rk and ρk= arg ˆdk. Given that φˆk is not too 
large, the phase offset estimation can be trigonometrically 
derived as follows

φˆk   ≈sin φˆ k =sin (φk− ρk) ≈sin φ k               (7)
       = sin φkcos ρk− cos φksin ρk
          
≈1/A2K[Im(rk)Re(dˆk)−Re(rk)Im(dˆk)]                                      (8) 

Fig. 2: FD construction for carrier recovery: (a)QPSK; 
(b)16QAM

Furthermore, for the different QAM schemes, the FD will hold 
the following different forms :

A. QPSK
The symbol alphabets in QPSK have ak, bk= {−1, 1}. Specifically, 
QPSK signals’ modulus is Ak=√2 for all k, shown in Fig.2(a). 
The coefficient 1/A2 K can be regarded as a constant gain in 
the loop. Hence, the estimation of the phase offset could be 
simplified for QPSK signals:-
φˆk=Im(rk)Re(dk)−Re(rk)Im(dk.)               (9)

B. High-order QAM
Unlike QPSK, higher QAM symbols have varying modulus. 
Although Ak is not a constant and unknown at the receiver, its 
estimation Aˆk can be determined by the tentative decisions. 
Subsequently, the phase offset estimation becomes

φˆk≈1/A2K[Im(rk)Re(dˆk)−Re(rk)Im( dˆk)].                        (10)
Together, (6) and (8) define the complete FD algorithm. This 
QAM FD’s characteristic curves are periodic at the normalized 
frequency offset ¼ , providing a large acquisition range. For 
high-order QAM, another modification can be adopted to lower 
the estimation variance even further. With different coefficients 
1/A2 K , the phase offset estimation (10) suffers different 
interferences from the same noise level. Namely, smaller 
modulus symbols are more sensitive to the noise. Therefore, 
the strategy is to use the symbols with large estimated modulus 
for the phase offset estimation and the frequency error signal 
generation while keeping the estimation unchanged and 
resetting the error signal when the estimated modulus is small. 
By doing so, the estimation variance is expected to be reduced. 
This is a variation of the reduced constellation method but 
the number of constellation points used in our method could 
be larger. In conclusion, the proposed QAM FD is composed 
of a decision-directed phase error detector, an S&G controller 
and a differentiator. Because the phase recovery is achievable 
by  the same phase detector, it is straightforward to combine 
the frequency and the phase recoveries, to  Simultaneously 
estimate the frequency offset and compensate the initial phase 
offset. The complexity is amazingly low since only one detector 
and one phase rotator are needed.

1. Slicer Implementation
For implementation a slicer,the following points are to be 
remembered:
i. If we look at 16-QAM rectangular constellation diagrams, 

each of the ideal points lies on one of these circles.
ii.  We can always associate a point to a particular 

quadrant.
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iii.   Based on Absolute value and argument values a tentative 
decision can be made.

Most of the software return the argument of a complex number 
as a number in radians, the range being [ -π/2,π/2 ].so one 
needs to be careful in deciding the quadrant to which a received 
point belongs.

2. Pre-Implementation Consideration
The analysis so far was based on the assumption that a symbol 
p represented by 
(√a2  + b2) {cos(wct + α) + j sin(wct + α)} 
had been transmitted.
However, in a real scenario, one world not know which symbol 
was transmitted. One exception to this can be seen in systems 
where a known training sequence is transmitted.
Ways to avoid this problem of unknown symbol:-
One way to do so is to implement a “SLICER”. A slicer module 
analyses the parameters of received point and tries to identify 
the most likely constellation point that could have been 
transmitted. This involver the following steps:
i.  Identify the constellation circle that is nearest to the 

received point. There is possibility that the received 
point might be equidistant from two circles. However this 
possibility is remote and we won’t worry about it at this 
stage.

ii. Identify the quadrant in which the received point lies. If the 
received point lies either on the innermost or outermost 
circles

And quadrant in which the point lies. Most probable transmitted 
point is readily identified.

iii. Finally identified the nearest point.
In part-2,we had listed out 16 possible constellation points.
let an ideal point be denoted by
Pi = ai  + jbi
Received point is denoted by
Prxk = ak +jbk 
Distance between the received point and an ideal point is given 
by
Dk,I = √(ai – ak )2 + (bi – bk)2 
For a given k.we ned to find the value for which dk,I is minimum. 
If this minimum accurs at i=x,then the slicer output will be 
   Px=ax+ibx
That is a point that is nearest to from prxk [=ax +jbk]

IV. Joint Frequency-Phase Carrier Recovery
Based on the given QAM FD, a joint frequency-phase carrier 
recovery loop is proposed in this section. It can compensate not 
only the frequency offset but also the initial phase offset at low 
expense of the complexity. The concept of completing the initial 
phase recovery by a frequency recovery loop is what’s special 
here. At the same time, the new loop structure is delicately 
designed to further reduce the estimation variance and enlarge 
its applicable signal-to-noise ratio (SNR) range. To compensate 
the initial phase offset by the frequency recovery loop, we 
introduce the phase offset estimation into the frequency error 
signal. The error signal thus becomes
 EK = eK +C. φK             (11)
where C is a positive constant which influences the acquisition 
time and the steady-state estimation variance. In the steady 
state, because E{ek} = 0 and E{ ф'k} = 0, it yields E{Ek} = 0. And 
in the non-steady state, the non-zero phase offset estimation 
ˆ'k existing in (11) will bring the frequency estimation to 
change. Specifically, when ф'k > 0, the frequency estimation 

will increase in order to ’chase’ to compensate the residual 
phase offset; otherwise, the estimation is deduced to ’wait 
for’ the negative phase offset to grow to zero. This procedure 
will continue until both the residual frequency offset and the 
phase offset converge to zero. Through analysis, however, we 
found that (11) suffers a large estimation variance. Because 
the phase offset is zero mean in the steady state, existing 
noise will cause the sign of its instantaneous estimation to 
change frequently. Particularly in low SNR region, the S&G 
method introduced  will change the probability distribution of 
the noise and yield a relatively large fluctuation on the steady-
state frequency estimation.So  we construct a new error signal 
in a similar form to that of the above FD:
 Ek={ Øˆ k − Ø k−1 sgn(φ ˆk) = sgn(φ ˆk−1 )
          Ek−1           sgn(φ ˆk) ≠ sgn(φ ˆk−1 )
 {ek+Cϕˆk                 sgn(φ ˆk) = sgn(φ ˆk−1)
  Ek−1                  sgn(φˆk) ≠  sgn(φk−1)              (12)
The corresponding joint frequency-phase carrier recovery loop 
structure is illustrated in Fig.The phase compensation part can 
calculate and send the phase offset estimation into the original 
frequency recovery loop.

Fig. 3: Joint frequency-phase carrier recovery loop structure
A low-complexity joint frequency-phase carrier recovery loop is 
proposed in this paper for the QAM signals. It accomplishes both 
the frequency recovery and the phase recovery simultaneously. 
The steady-state frequency estimation variance is significantly 
reduced owing to the delicate use of a non-zero-mean input 
to the S&G controller. This method is especially useful in the 
low SNR region. Moreover, a Partial FD method is introduced 
to further improve the estimation variance performance for 
high-order QAM. This joint carrier recovery method is designed 
to be used in future broadband satellite receivers. Now efforts 
have been made to focus on the impact of the I/Q unbalance 
on this method .

A. Design Considerations

1. QAM ANALYSIS 
Basic I/Q signal is usually denoted by:-
S(t) = I(t)cos(2*π*fc*t) + Q(t)sin(2*π*fc*t)                        (13)

Recovery of I(t) & Q(t) involves two steps
Step 1:-Multiply equation (4.3) by cos(wct)

S(t)*cos(wct) = 
             I(t)   cos2(wct)+Q(t)sin((wct)cos(wct)
            =I(t)[(1+cos2wct)/2]+Q(t)sin2wct          (14)

Appropriate LPF removes the 2wc components & we are left 
with

66 InternatIonal Journal of electronIcs & communIcatIon technology

IJECT Vol. 2, IssuE 1, MarCh 2011 I S S N  :  2 2 3 0 - 7 1 0 9 ( O n l i n e )   |   I S S N  :  2 2 3 0 - 9 5 4 3 ( P r i n t )

w w w . i j e c t . o r g



SI(t) (filt) = I(t)/2            (15) 

Thus we can say except for magnitude change ,I(t) signal is 
fully recovered.

Step 2:-Multiply equation (13) by sin(wct) and follow the steps 
given above we get,
SQ(t)  (filt)= Q(t)/2                          (16)

B. Problem With The Coherent Scheme
Though conceptually simple, coherent scheme has an inherent 
problem as explained below. S(t)  generation on the transmitter 
side requires the availability of two carriers namely cos(wct) and 
sin(wct)  that ‘s two sinusoids of same frequency but exactly 
900 out of phase to each other. For recovering I/Q components 
on the receiver side, we again require two carriers identical to 
those at the transmitter. This means that there should be no 
difference in frequency and phase at the two ends.
Traditional designs have been using PLL’s.Though PLL ensures 
a frequency locking ,it does not mean that phase difference is 
zero (though it is a constant)
Incoming s/g fin

optional multiplier free running freq(f0)

Fig.4: A Simple Phase Locked Loop

The control loop changes f0 so that under locked state nf0 
≈ fin.
Vc will be a constant dc with minimal ripple but it would not 
be zero.

3. Impairments
So far we neglected all impairments & still found a problem 
of phase difference. A practical system suffers due to many 
impairments as listed below:
(a) Mismatch in frequency of multiplying signals at transmitter 

and receiver ends
(b) Mismatch in phase
(c) A phase difference not equal to 900 between multiplying 

signals.
(d) Delays caused by filters and transmission media.
(e) Noise introduced by transmission channel which causes 

both amplitude and phase distortions.
(f) Objective of the thesis is to identify if there is a presence 

of impairment(d) and to apply the corrections if any. This 
method requires some implementations .Also a standard 
frequency/phase recovery methods should suffer minimal 
change in performance when even impairment (d) is taken 
care of. Present techniques use multiple / nested loops 
for frequency  and phase recovery. Before explaining the 
algorithm we’ll first analyse the effect of (d) when other 
impairments have been taken care of.

4. Preliminary Analysis
In this section, we will see the effect of impairment (d) 

Impairment on Transmitter Side
Let us assume that there exists a phase error Фd between the 
two signals used as multipliers .Ideally if one of the carrier has 
an absolute phase Фc ,other would have a phase difference 
to  Фc+900. However impairment (d) cause the difference to 
deviate from 900. The I/Q signal generated in latter case is 
denoted as sd(t) where the subscript ‘d’ indicates that the 
result is effect by impairment ‘d’.

At transmitter end
Sd(t) = I(t)cos(2*π*fc*t) + Q(t)sin(2*π*fc*t+ Фd)          (17) 

At reciever end
We don’t know that Фd ≠0, as usual we multiply it by cos(2*π*fc*t) 
and sin(2*π*fc*t) to recover the I/Q components.

I-component:-
Sd(t)*cos(wct)=
[I(t) cos(wct)+Q(t)sin(wct+Фd)]cos(wct)
      SI(t)  = I(t )cos2(wct)+Q(t)sin(wct+Фd)cos(wct)
SI(t)=I(t)[1+cos2wct)/2]+Q(t)[(sin(2wct+Фd)+sin Фd)/2]  
               (18)
If we pass  SI(t)   to an appropriate low pass filter, we will get 
SI(t)(filt) = I(t)/2 +Q(t)sin Фd/2     
               (19)
From equation (15) 
       SI(t)    = I(t)/2
Comparing equation (15) and (19) we can clearly see that 
the second term RHS of equation (19) that  is Q(t)sin Фd/2 
represents the error caused by impairment ‘d’.

Q-component:-
We will now repeat the procedure for finding error terms for Q 
components as follows:-
Sd(t)*sin(wct)= 
[I(t) cos(wct)+Q(t)sin(wct+Фd)]sin(wct)
SQ(t) = I(t )sin(wct)cos(wct)+Q(t)sin(wct+Фd) sin(wct)
SQ(t)= (I(t)/2 )sin(2wct) +(Q(t)/2)[cos(-Фd)-cos (2    wct+ Фd)
SQ(t) = I(t)sin2wct/2+Q(t)cos Фd/2-Q(t) cos (2 wct+ Фd)/2  
                          (20)

After low pass filtering we get,
SQ(t) )(filt)= Q(t)/2*cos (Фd)            (21)

A quick look at equation (19) and(21)enable us to conclude 
that in presence of impairment
‘d’ the I(t) component exhibit an additive error where Q(t) 
component has a multiplicative error.  
If  we would have started with transmitted signal as 
Sd(t)= I(t)cos(2*π*fc*t+ Фd) + Q(t)sin(2*π*fc*t) 

We would have got:-
 SId(t)  filt=  I(t)cos Фd/2                   (22) 
SQd(t)  filt=  Q(t)/2+I(t)sin Фd/2                   (23) 

Clearly, the multiplicative and additive effects of impairment 
’d’ is on opposite components. This means that algorithm must 
be able to find out which component  is effected by additive 
error and which by multiplicative error. It should be noted that 
all quantities in above equations are real numbers.(can be 
positive or negative).
For the sake of convenience ,we assume that receiver side 
carrier signals are in perfect quadrature. Proper noise budgeting 
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handles this issue.

B. Algorithm Requirements
The basic requirements can be listed as follows:
1. Identify which component(I or Q) is getting effected by 

impairment and in which way(additive or multiplicative).
2. Estimate Фd
3. Apply corrections (how and where).
4. Propose a method of implementation /integration.

This algorithm proposes that we must send a preamble of 
known symbols and apply corrections to each symbol belonging 
to user data symbols using look- up table approach. The look 
up table approach is advised because current advances in DSP 
technology enables us to have multiple/dynamic reference 
tables.
Especially for 16-QAM system supporting multipoint 
communications, implementations of look up tables is not 
expensive in terms of memory usage. Moreover, with flash 
memories being present in most of the systems, the look 
up table contents can be modified whenever a burst signal 
is received from a particular source. Of course, in case of 
multipoint communications different look up tables need to 
be maintained for different sources.
Another advantage of dynamic table is that the corrections 
needed (which may vary with aging of components ,changes 
in other physical conditions) are modified every time a burst 
is received.

V. Conclusion
The carrier recovery technique presented in this dissertation 
proved to be applicable to the modulation schemes of 16-QAM. 
A low-complexity joint frequency-phase carrier recovery loop is 
proposed in this paper for the QAM signals. It accomplishes both 
the frequency recovery and the phase recovery simultaneously. 
The steady-state frequency estimation variance is significantly 
reduced owing to the delicate use of a non-zero-mean input 
to the S&G controller. This method is especially useful in the 
low SNR region. Moreover, a Partial FD method is introduced 
to further improve the estimation variance performance for 
high-order QAM. This joint carrier recovery method is designed 
to be used in future broadband satellite receivers. Here we 
understood the effect of impairments on a QAM System Also 
we dealt with a new algorithm that is the Joint Frequency / 
Phase carrier recovery method for 16-QAM Systems. In case 
of I/Q imbalance, the effect is entirely different. Instead of 
rotating the constellation in either direction, it stretches the 
constellation. One of the two components ( in-phase and 
quadrature) shows an additive error whereas the other shows 
a multiplicative error. 

There are two ways of correcting the I/Q error. Once is to use 
a correctional algorithm implementation at the transmitter 
as well as the receiver end. The other approach is to send a 
training sequence consisting of 16 QAM symbols and computing 
correction factor factors at the receiver end.

However, the first approach should be the preferred one as it 
does not interfere with other algorithms like joint frequency / 
phase carrier recovery. This will ensure that problem is solved 
at the point where it was generated. The second approach 
leaves much to be desired in the sense that one may not know 
the order in which various corrections are to be applied unless 

and until detailed analyses are carried out.
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