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Introduction and Motivation
Challenges in the current trend

Pursuit of high SNR and high data rate
Contribution to reach future terabit’s communication
FPGAs clocked below 1GHz: need for parallelism
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Introduction and Motivation
My work: performance optimization of QAM transmitter

Exploiting parallelism
FPGA platform
Mixed-domains (time and frequency) approach 

Current state-of-the-art
2012: 128.6 MHz achieved (University of Shanghai, China) [2]

Transmitter and receiver
On Xilinx Virtex IV

2013: 625.0 MHz achieved (University of Paderborn, Germany) [3]
Only transmitter
On Xilinx Virtex VI

2015: 750.0 MHz achieved (E2v Semiconductor, UK) [4]
Only transmitter and no filter
On Xilinx Virtex VI
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Introduction and Motivation
Hardware Choice

FPGA because of great configurability, flexibility and cost
Growing technology

Modulation Choice
Quadrature Amplitude Modulation (QAM)
Allow carrying many bits per symbol

Filter Choice
Avoid Inter Symbol Interferences (ISI)
Finite impulse response (FIR)
Squared Raised Root Cosine (SRRC)
No filter optimizations in this work [5]
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Outline
Introduction and Motivation
Fundamentals

Standard transmission chain
Fundamentals of each block

Concepts & Methodology
Strategy 
Ideal model

Implementation
Implementation of each block

Experimental Results
Achieved precision
Achieved performances

Summary & Further Improvements

06.10.2015



Institut für Technik der Informationsverarbeitung (ITIV)6 09.11.2009 Alberto Sonnino – Performance driven optimization in FPGA based QAM systems

Fundamentals
Standard Transmission Chain

Focus of this work
QAM mapper
Filter
Modulator
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Fundamentals
QAM Mapper

M-QAM formats (M=8, 16, 32, etc.)
Clusterization in log2(M) bits
Gray code for hamming distance of 1
Rectangular constellation is considered
Large M implies higher data rate 
But symbol’s misinterpretation

Modulator
Local oscillator delivering trigonometric orthogonal carriers
Multiplication and subtraction operation
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3.1.2 QAM Modulation - Modulator

The modulated wave is output by the modulator block shown in Fig.5a at the end of the transmitter.

First, the I input1 is multiplied by the cosine function generated at a fixed frequency f0 by a local
oscillator.

Similarly, the Q component is mul-
tiplied by a 90� LO shifted signal,
which result in a sine wave.

Finally, those two terms are sub-
tracted to result in the output of
the transmitter.

This procedure is illustrated bu the
diagram depicted in Fig.5b.
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(a) Modulator block
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(b) Modulator scheme

Figure 5: Modulator

Eq.(1) describes mathematically the operation performed by the modulator.

out(t) = R
n

[I(t) + iQ(t)]e2⇡f0t
o

= I(t) cos(2⇡f0t)�Q(t) sin(2⇡f0t) (1)

At the receiver, the modulating signals can be demodulated using a coherent demodulator but the
demodulation operation won’t be discussed in this section since the receiver is not part of this work.
Interested readers can find additional information concerning QAM demodulation in appendix ??.

3.2 Fundamentals - Fourier Transform

The fourier transform is the key element of this mixed-domain modulator. More specifically, the
I and Q components generated by the QAM mapping block are transferred in the fourier domain,
where they will be filtered. After the filter operation, the components are taken back in the time
domain.

Here below, Fig.6 shows the two blocks performing this operation. The first, called FFT, sends the
signals to the fourier domain, while the second, named IFFT, takes them back.

1
Note that for clarity the I and Q components are sometimes represented on figures by the Re and Im symbols,

respectively.
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Fundamentals
Fourier Transform

Signal’s decomposition into an alternative representation
Discrete Fourier Transform (DFT) sends in the Fourier domain
Inverse Discrete Fourier Transform (IDFT) takes it back

Linear operations have equivalent in Fourier domain
Useful for this work: convolution becomes multiplication 

Master Thesis ITIV, Embedded Systems Group

the signal F (w) from frequency domain into the time-domain signal f(t) is derived as follows:

f(t) =
1

2⇡

Z 1

�1
F (w)ewit dw (3)

Discrete Fourier Transform (DFT)

When continuous signal is not availlble and finit list of equally spaced samples of a signal have
to be considered, the Discrete Fourier Transform (DFT) is used instead of the Fourier Transform
described above. More specifically, the discrete Fourier transform converts this discrete signal into
the list of coe�cients of a finite combination of complex sinusoids, ordered by their frequencies, that
has those same sample values. Eqs.(4) and (5) define the DFT equivalently to Eqs.(2) and (3).

X[k] =
P

N�1
0 x[n]e�2⇡ikn/N k 2 Z (4)

x[n] =
1

N

P

N�1
0 X[k]e2⇡ikn/N n 2 Z (5)

Useful Property

The interest of this concept is the observation that linear operations performed in one domain (time
or frequency) have corresponding operations in the other domain, which are sometimes easier to
perform. More specifically, the convolution operation in time domain, becomes a simple multiplica-
tion in frequency domain. Therefore, denoting F the fourier transform operation and, considering
two given time-domain function f and g, the following equivalences hold:

F{f > g} = F{f} · F{g}
= G · F (6)

where the operators 0>0 and 0·0 denotes the convolution and multiplication, respectively. Then,
applying the inverse fourier transform F�1 on both side of Eq.(6), we obtain:

f > g = F�1{F{f} · F{g}}
= F�1{G · F} (7)

3.2.2 Fourier Transform - Fast Fourier Transform Algorithm

Even though many algorithms to implementations the Fourier Transform exists, the most preferred
and generally used is called Fast Fourier Transform (FFT). FFT is an algorithm to e�ciently imple-
ment the Discrete Fourier Transformation (see section 3.2.1). Indeed, the computational complexity
of DFT is O(N2) while FFT has a complexity of O(Nlog2(N)).

FFT exploit the the symmetry of the exponent e�j2⇡kn/N (see Eq.(4)) and aims to build a big DFT
from smaller one. In that purpose, considering N = 2m (with m 2 N ) and defining

W
N

= e�j2⇡/N (8)

10 June 12, 2015
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Fundamentals
Filter

Nyquist criteria avoids ISI
Pulse Shaping Filter to limit the transmission band
FIR filter: linear phase, inherent stability, no feedback
Matched filter improves SNR (if only stochastic noises)
Good compromise: SRRC filter
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Properties

FIR filters are preferred in this work over the other filter class (the IIR filters) because of their
numerous advantages.

First of all, in the case of a FIR filter, the same rounding error appears in every iteration because
of the absence of feedback. Therefore, the total error doesn’t sum up over each cycle. Secondly, the
output of a FIR filter is a sum of a finite number of finite multiples of the input and by consequences,
cannot be grater than a fixed multiple of the input value. This ensure the filter stability. And, finally,
the last advantageous property of FIR filters is their ability to be designed with linear phase and
therefore, they delay the input signal but don’t distort its phase.

For completeness, it has to me mentioned that the main drawback of FIR filters respect to IIR
filters is the considerable amount of computation power required to realized a FIR filter with similar
characteristics to an IIR.

Fourier Analysis

The filtering operation in time-domain is given below,

y[n] = x[n]> h[n] (18)

Accordingly to Eq.(7) of section 3.2.1, this operation can be transposed in the frequency domain
using the convolution-multiplication symmetry and simply becomes:

Y [k] = X[k] ·H[k] (19)

where X, Y and H are the Fourier transform of the input, output and filter coe�cients, respectively.

The major interest of a mixed domain transmitter is now evident. Implementing Eq.(19) is much
simpler than Eq.(18) and, most importantly, Eq.(19) is parallelizable, which the other is not.

3.3.2 Fourier Transform - Squared Raised Root Cosine Filter

Matched filters are the optimal linear filter that maximize the SNR in the presence of additive
stochastic noise. It works by correlating the received signal with a template (the expected version
of the received signal). Therefore, this kind of filters is used to detect an expected signal and
distinguish him from background noise, which is exactly our objective.

More specifically, the chosen matched filter implemented in this paper is the Squared Raised Root
Cosine (SRRC) Filter because it is a good compromise between high spectral e�ciency and low ISI.
Its main goal is to limit the transmitted signal into a defined part of the channel in order to prevent
interferences with adjacent channels.

The filter is design to optmize achieve a fast decay of sidelobes in the pulse response, narrow
transition band, great minimum stopband attenuation, e�cient bandwidth utilization and low cost.
Unfortunately, improving one of these characteristics will degrade the other one. The specific design
of the filter is then realized by balancing the above features by properly choosing the following
parameters: oversampling factor, roll-o↵ factor, truncation length [1].

14 June 12, 2015

• Convolution: difficultly parallelizable
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• Multiplication: easily parallelizable
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Concepts & Methodology
Strategy

Reference MATLAB model
Identify which part to implement in frequency domain
Prototype a single channel (non parallel) transmitter
Optimize for Xilinx Virtex 7
Generic model with parallelization and scalability

Conceptual Model
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Concepts & Methodology
Ideal Behaviour
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Implementation
Implemented System

Data Packing
Parallel inputs/outputs packed into the same bus
Precision fixed to 16 bits
Each datai is a 16-bit vector
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Implementation
Specifications

Characteristics
Input width: (FORMAT x N)
Output width: 16N
Uses 2N2 complex multipliers, 4N2-2N adder and 4N multipliers

Latency 17 cycles
Parameters N # of parallel inputs

FORMAT QAM format
Inputs clk Clock

reset Reset
in Cluseterd stream

Outputs tvalid Validity flag
out Output data

18 

1.  Simple Transmitter 
1.  MATLAB model 
2.  Hardware implementation 
3.  Optimization 

2.  Parallel Transmitter 
1.  MATLAB model 
2.  Hardware implementation 
3.  Optimization 
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Implementation
QAM Mapper

Three parameters (N, W, FORMAT): number of inputs, bus width, 
QAM format
8-QAM, 16-QAM, 32-QAM, 64-QAM support
Each format implemented in a separated Verilog file
Generates only the circuit for the desired format

I 

255 

Q 

comb. 
logic add 

mult 

modulator.v 

mult 

add 
4096 4096 

comb. 
logic 

add 

com. mult 

mult 

64 

13 

in 

dft.v 

out 255 N  = 16 
W = 16 
FORMAT = 4  

255 255 

255 

255 

qam.v 

comb. 
logic 

xk_im 

xk_re 

4096 

255 

srrc_filter.v 

Y_re 

Y_im sn_im 

sn_re 

255 

255 

clk 

reset 
seq. 
logic 

tvalid 

transmitter.v 

16 

last 

4096 

N  = 16 
add 

4096 4096 

add 

com. mult 

idft.v 

255 

4096 

255 
4096 

N  = 16 N  = 16 N  = 16 255 

dft_coeff.v 
filter_coeff.v 255 carriers.v 

mult 

255 

255 

06.10.2015



Institut für Technik der Informationsverarbeitung (ITIV)15 09.11.2009 Alberto Sonnino – Performance driven optimization in FPGA based QAM systems

Implementation
DFT & IDFT

One parameter (N) : number of inputs 
No parallel DFT / IDFT Xilinx IP cores available yet
Each one uses N2 complex multipliers and 2N(N-1) adders
Rescaling of 217 to fit the 16-bit bus
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Implementation
Filter

One parameter (N) : number of inputs 
Frequency domain: simple multiplication with filter coefficients
Uses 2N multipliers 
Rescaling of 216 to fit the 16-bit bus
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Implementation
Modulator

One parameter (N) : number of inputs 
Uses 2N multipliers and N adders (configured in subtracter mode)
Rescaling of 216 to fit the 16-bit bus
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Implementation
Fourier QAM Modulator (FQM) Utility
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Experimental Results
Test Conditions

N = 16, 100 Hz carriers
Different configurations for Adders and Multipliers cores
All supported QAM formats

Design Precision 
Less than 1% error respect to MATLAB !
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Final Result
Adders using the fabric and Multipliers using DSP Slices

Effective speed of 16 x 62.5 = 1 GHz  (instead of 750 MHz [3])

Throughput per modulation formats:

Alberto Sonnino – Performance driven optimization in FPGA based QAM systems

Experimental Results

{

62.5 MHz
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Summary & Further Improvements
Topic

Performance optimization of QAM transmitter
Exploiting parallelism using a mixed-domain approach

Achieved during this term
Familiarization with Xilinx tools
Understanding of the underlying physical concepts
MATLAB simulation and prototyping a single-cannel transmitter
Build and optimize the parallel design 
Scalable generic model

Further improvements
Implement FFT instead of DFT (or wait for next Xilinx release)
Reduce the DSP utilization to allow N = 32
Support additional modulation formats
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Thank you for your attention !


