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Abstract

There are many standards for high-speed interfaces which logically describe the
behavior specification, but not how to achieve the behavior as a function of per-
formance and design tradeoffs. There is very little published standard methods for
modelling and simulating an end-to-end high-speed links. This research dissertaion
describes methods for modeling and designing high-speed equalizers. The develop-
ment of a system modeling framework to explore the design space of SerDes high speed
links uses the combination of measured channel behavior parameters inserted into an
appropriate mix of simulation tools. The s-parameter characterization of channels
combined with models of equalization architectures are used to explore the system
design. A multi-level modeling technique is described which combines the high level
design abstraction in Matlab with the benefits of measured low level models such as
transistor level SPICE.

The modeling techniques described in this paper are used to develop the following
design considerations: (1) combination of taps in Viterbi-DFE to reduce the overall
complexity of the equalization scheme (2) how to determine the bit error rate at 10715

and lower; and (3) effect of crosstalk and jitter on the hybrid behavior.
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Chapter 1

Introduction

1.1 Background and Motivation

High-speed interfaces are evolving very quickly due to consumer demand for higher
and higher data rates. Data transporting industries have been demanding fast and
efficient 100G Ethernet systems. Committees such as IEEE 802.3, Optical Internet-
working Forum (OIF) and Common Electrical Interface (CEI-25) standard are taking
a look at four parallel 25G line rate over electrical interconnect for the next generation
100G optical systems as illustrated in Figure 1.1 [1]. Line rate over electrical inter-
connect uses SerDes (serializer/deserializer) chip-to-chip and backplane links. SerDes
are serial links devices that transport large amounts of data from integrated circuits
either on the same circuit board or between boards. The next generation 25G SerDes

must be able to overcome significant channel attenuation, crosstalk and jitter.
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Figure 1.1: 100G Optical System that requires line rate of 25Gbps over electrical
interface

Generally speaking, the problem of designing interconnect with gigabit per second
data rate can be characterized by the band-limitation on the physical interconnec-
tion. Dealing with band-limited channels is an established communication research
problem that addresses intersymbol interference (ISI) and channel capacity at the
mathematical level. To conceptualize these ideas, there are four concepts that are
interrelated: data rate (in bps), bandwidth of the transmitted signal (in Hz), noise
(average noise over the channel /path) and error rate. The problem is maximizing the
data rate for a given bandwidth, noise and error rate at the physical level including
circuits and the material models.

Shannon’s channel capacity gives the maximum rate which data can be trans-
mitted over a given channel. This data rate is considered as the theoretical limit.
Shannon-Hartley equation relates data transfer rate as a function of bandwdith, W

and signal-to-noise ratio (SNR) and is given as

C =W xlogs(1+ SNR) (bps) (1.1)



The channel bandwidth sets the maximum baud rate (baud = symbol/second) and the
SNR sets the maximum number of bit/symbols. Equation 1.1 implies that in order to
increase data capacity either increase the signal bandwidth or the signal-to-noise ratio.
The electrical interconnect (channel) tend to attenuate the signal at high frequencies
hence limiting the idea of increasing the signal bandwidth. However, equalization is
a technique to counteract the behavior of the channel in order to increase the signal
bandwidth. Increasing data capacity over electrical interfaces requires both passive
and active solutions. Passive solutions deal with optimizing the material such as using
low dielectric loss material, and using innovative via-hole techniques, etc. Active
solutions utilize signal conditioning such as modulation, coding and equalization to
improve the signal performance.

Signal conditioning for 25Gbps and beyond requires advanced signal processing al-
gorithm such as optimizing equalization coefficients. Using signal processing methods
bring about simulation and modeling challenges. Traditionally, high-speed interfaces
are simulated and modelled in the time-domain using some type of SPICE. Incorpo-
rating signal conditioning required modeling techniques, which uses frequency, time,
and statistical domain simulations. Therefore, the modeling aspects also become more

complex.

1.2 Project Scope

Publishing various CAD methodologies in SerDes designs has been a challenge due
to the proprietary nature of high-speed interface models. Other challenges are the dif-
ferent design approaches for modeling different topologies. The design methodologies

may vary from standard to standard, design group to design group, and institution



to institution. As a result, the constraint extraction, and critical issues about the
design vary quite widely.

This dissertation develops a system modeling framework to explore the design
space of SerDes high-speed link. The s-parameter characterization of the channels
combined with models of equalization architectures are used to explore the design
space. A multi-level modeling technique is described which combines the high level
design abstraction in Matlab with the benefits of measured low level models such as

transistor level SPICE.

1.3 Organization

In Chapter 2 of this dissertation, the computer aided design aspect of high-speed
interface is disscussed. Chapter 3 provides an overview of high-speed serial link chan-
nels and discuss the consideration for using s-parameters and how they are used to
characterize the channel. In Chapter 4, various equalization methods are discussed.
Test cases and disscussion are presented in Chapter 5. Finally the concluding remarks

and recommendations are provided in Chapter 6



Chapter 2

Computer Aided Design (CAD) Aspect of High-Speed
Interface

As data rate increase to 25 Gbps and beyond, the modeling aspect becomes more
complex. As a result, the compliance standards change to include both eye-diagram
and bit error rate (BER). For example, at data rates less than 6.25 Gbps, the compli-
ance metrics are given in the time-domain by looking at the eye diagram. Above 6.25
Gbps, the compliance metrics are bit error rate (BER). Table 2.1 shows that higher
data rate systems requires more complexity such as equalization (EQ) at the trans-
mitter (TX) and the receiver (RX) [2]. Also, the modeling and simulation strategy
changes from just a time-domain simulation to a stategy that incorporates both time
and statistical domain simulation. Therefore, the trend is to use multi-level simula-
tions and/or co-simulations techniques to analyze high-speed serial links. However
the design methodology and simulation techniques are kept proprietary, hence, not

published.
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Table 2.1: Serial Link Compliance Overview

This chapter addresses the documentation of CAD methodology for analyzing
SerDes end-to-end link. Section 1 will discuss the system modeling approach used
in this research. Section 2 will give an overview of some of the underlying modeling

issues with high-speed interface and the reasons for our systems simulation methods.

2.1 System Level Simulation

Generally speaking, simulation and modeling have different stages depending on
the design objective. During the conceptualization of the design, simulation is typi-
cally used to explore “what if” scenarios and during post-processing, after layout of
trace routing, simulation is used to validate final design, (i.e. the physical implemen-
tation.) In both cases, the objective is to characterize the system behavior. It is well
known that system characterizations are divided into ideal and non-ideal behaviors.

The characterization of an ideal behavior is basically used for design exploration. On



the other hand, non-ideal behaviors of various components and subsystem are used
for physical verification [1]. In both cases, the goal is to be able to predict the be-
havior of the system. Therefore, including input/output (I/O) circuit level extraction
and channel scattering parameters (s-parameters) in the model can help improve the
accuracy of the model.

Figure 2.1 shows an end-to-end SerDes model; the idea is to simulate the complete
path of the signal. The complexity of such a model requires the integration of a
complete system with large digital, analog and Radio Frequency (RF) components. To
date, there are no single CAD tool to integrate the complete system and tackle signal
integrity problems. The SerDes end-to-end model seen in Figure 2.1 includes the
line card with a transmitter and receiver, and the electrical channel with connectors,
backplane and packages. Table 2.2 illustrate that each block has a simulation mode
and model format to describe the behavior of a particular block. For instance, most
of the passive blocks use s-parameter data to describe the behavior.

The end-to-end design flow requires an integration of each block and multi-level
simulation and/or co-simulation techniques. It is critical to accurately model chan-
nel/circuits non-idealities in order to co-optimize the link architecture, circuits, and
interconnects [1, 2|. Therefore, the trend is to use combination of tools like Matlab
and ADS to model the complete integrated system. A combined Matlab and Agi-
lent ADS model can be co-simulated in ADS design environment since ADS has the
capability to handle multi-level simulation such as analog/RF schematic, behavioral

models and Matlab models.
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SerDes End-to-End Blocks Model Format(s)

Driver/Receiver Circuit Spice Netlist, Behavioral IBIS
model, Schematic

IC Package S-parameter (preferred)
Lumped RLC Spice

Backplane (Transmission line)  RLGC w-element, S-parameter

Via Structure S-parameter (preferred);
Lumped RLC Spice

Connector S-parameter (preferred);
Lumped RLC Spice

Table 2.2: General End-to-End Modeling Format

2.2 The Reason for System Simulations Methods

The traditional methods of simulating interfaces were done in the time-domain
using SPICE-like algorithms. SPICE is very good at simulating the behaviour of
every transistor inside the circuit block. Once an architecture has been chosen, the
time-domain simulation evaluates the driver and the receiver. In terms of the channel,
the most popular model was a simple lossless distortion-less transmission line. In the
past few years, as driver and receiver circuits as become more complex, behavioral
macro models have been incorporated into the design cycle. These macro models
are used to alleviate processing time of SPICE simulator. Device level models allow
one to analyzed the voltage and timing margin using the eye-diagram. Today, these
methods are not sufficient in evaluating high-speed links since the various error coding

and equalization schemes are employed into the links.



As data rate increases to 25 Gbps and beyond, advanced signal processing algo-
rithms are needed such as DFE tap coefficient optimization, hybrid DFE-Viterbi tech-
niques, noise cancellation techniques and clock data recovery techniques. Simulating
advance signal processing methods with traditional device modeling techniques such
as SPICE are very difficult. They are typically model in higher level programming
language like C or Matlab. Transistor-level SPICE are unable to capture end-to-
end system level simulation, and the behavioral macro modeling such as Verilog and
AMS is an unnatural choice for capturing these algorithms since behavioral models
are geared for detailed circuit modeling. Hence, there is a need to move to system
level modeling and channel analysis.

System level analysis includes both eye-diagram and bit-error-rate (BER) anal-
ysis, and can capture data pattern dependencies and crosstalk. Currently, there is
no industry standard way of simulating an end-to-end system link, most companies
develop their own proprietary tools.

This research incorporates multi-level modeling techniques for analyzing SerDes
design space. These modeling techniques consist of the system design that utilize
s-parameter data to characterized the end-to-end channel and used the channel infor-

mation to build equalizer
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Chapter 3

High-Speed Serial Link Channels

The idea of an end-to-end model, is to capture the path of the signal. Due to
the high-frequency content, the data path is represented with scattering parameter
(s-parameter). This chapter discusses the methodology for characterizing the channel
using s-parameter data.

Section 1 gives an overview of s-parameter data and some of the techniques used
for importing these data into tools such as Matlab. Section 2 deals with channel
impairments and how it affects high-speed serial links. Finally, the characterization

of the channel using pulse response is outline in Section 3.

3.1 General Consideration for Using S-parameters

An end-to-end model is the signal path from high-speed SerDes chip connecting
two line cards over a backplane as shown in Figure 3.1. The modelling format for an
end-to-end model is shown in Table 2.2 which list the s-parameters as the formatting
method in capturing the performance of vias, backplanes, connectors and packages.
The four port network in Figure 3.1c is a representation of a 4-port backplane channel
used to obtain s-parameters for the channel. The extraction of the circuit model

behavior of transmitters and receivers can be used along with s-parameter data to

11



model a complete system. All s-parameter data used in this work was taken from

IEEE 802.ap Task Force website [9].

12



Line Card A

______________________________________________

 Linecardtrace  pagsIVE INTERCONNECT

Back plane trace Back plane connector — . e

e Backplane via

(b) Backplane System End-to-End Model

X+ 1 2 RX+

™X- 3 4 RX-

(c) 4-port Channel of the Backplane System

Figure 3.1: Backplane Channel

13

€ o 18 g B
g ] 8 5 8
© P c & c
© 1 1 c [%] f=
a Pl o © o
Des — i @ — v
s1 [S] [S] [s]
cemeemmmooineCardB
E Des i
i & |
) i
A |
; [S] Ser i
(a) SerDes System Block of End-to-End Model
TX Kk
Chip
Pack
Package
‘/

Ljne card
via



3.1.1 Overview of S-Parameter

Scattering parameter data are well developed methods for characterizing radio
frequency (RF) design. S-parameters relate the voltage wave incident on the port to
those reflected from the port. S-parameters can be calculated using network analysis
techniques or measured using vector network analyzer (VNA). Scattering matrix is

defined in relation to incident and reflected wave [24] and given as

bl s11 s12 . . sIN al

b2 s21  s22 . . s2n a2
= (3.1)

bN sN1 sN2 . . SNN alN

where a specific element is given as
bi

= — 3.2
Sij a (3.2)

si; is found by driving port j with an incident wave, a; and measuring the reflected
wave b; coming out of port i. Note all ports except the jth port should be terminated

with a matched load to avoid reflections.

2 RX+

4-port

Channel

4 RX-

(a) 4-port Model

Figure 3.2: N-Port S-parameter Model
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The validity of s-parameters are always questionable due to calibration errors
of the vector network analyser (VNA) and loss assumption on the modeling of s-
parameter. Before using s-parameter data it’s always a good idea to check for the

following|[1]:

e Passivity - i.e. passive system cannot generate energy. In Matlab once the s-
parameter data are imported plot S21 and check to make sure S21 do not have

gain as shown in Figure 3.3!

567)(89:6,,:77,<.=>
#&HH!

HE&HHHE —| i

%#8&HH#! —

YoH&H"H# —|

01232%+"2
01232"+$44

%#&H#" —

%NH#H&H#SH —

%H#H&HS! LI B I B B A I N L

Figure 3.3: Passivity Issues if the gain of dB(S21) is above zero

e Causality -i.e. output cannot precede the input - check using Hilbert transform

or looking at pulse response

Since many high-speed interconnect systems consist of differential pairs it is often
convenient to describe the behavior of s-parameter data in terms of multi-mode S-

matrix. Basically, multi mode S-matrix decompose the signal on the differential pair

1This diagram was taken from a tutorial published at DesignCon 2010 see [7]

15



into odd mode (differential signal) and even mode (common signal). The multi-mode

s-parameter for a four-port system can be combined to create the multi-mode matrix

bd1 Sddll Sddl2 Sdecll Sdel2 adl

bd2 _ Sdd21 Sdd22 Sdc21 Sdc22 ad2 (3.3)
bel Scdll Sedl2 Scell Scel2 acl '
bc2 Scd21  Sed22  Scc2l  Sce22 ac2

where the matrix describes a specific driving and receiving configuration:

e Sdd: Driver and receiver are differential.

Sce: Driver and receiver are common mode.

e Sdc: Driver is common mode and receiver is differential.
e Scd: Driver is differential mode and receiver is common mode.

The algebraic formula to convert single mode into multi-mode matrix can be found
in [1]. It is sometimes necessary to cascade s-parameters, and this can be done using
T-matrix [1].

Each element in the s-parameter matrix given in Equation 3.1 and 3.3 is a function
of frequency that reveals the channels profile as the frequency increases. The channel
profile can be analyzed with tools such as Agilent ADS and Matlab. Agilent ADS has
built in libraries, which pre-process the s-parameter data. In Matlab, the RF toolbox
consists of libraries that can pre-process the data. Without the RF toolbox, extra

processing steps is needed when importing s-parameter into Matlab.
3.1.2 The Subtleties of Importing S-Parameter in Matlab

The objective behind importing s-parameter data into Matlab are to take advan-

tage of Matlab post processing techniques such as statistical analysis. Also, Matlab

16



is a great tool for system simulations, and can be use to explore 'what if scenarios.’
Furthermore, Matlab has the ability to integrate with ADS which allow a complete
evaluation of end-to-end link. The idea here is to use imported s-parameter data to
predict the signal response of the channel with the aid of Fourier transform.
Touchstone format is a common method for storing frequency dependent matries
such as s-parameters. The file extension is based on the number of ports. Figure 3.4a
illustrates an example of 4-port s-parameter data file given as .s4dp touchstone format.
This file specifies the characteristic impedance, the frequency range, and the format

of s-parameter data. The touchstone file is read into Matlab and store as a frequency

vector, s-matrix, and impedance value.

(a) 4-port s-parameter ble given as .s4p example

#MHZ S RI R 50.00
1 FREQ s11 s12 s13 s14
1 s21 s22 523 524
Note: Freq Start ! $31 532 $33 s34
at 50 MHz ! s41 s42 543 544
J\/L ! REAL  IMAG REAL  IMAG REAL  IMAG REAL  IMAG
50.000 0.031751 0.022711  0.863119 -0.455933  0.014976 0.027977 -0.005372 -0.006658
0.863629 -0.456657  0.035406 0.020059 -0.005397 -0.006592  0.016856 0.026911
0.015061 0.027934 -0.005463 -0.006611 0.031403 0.020078  0.860074 -0.460842
-0.005401 -0.006665 0.016927 0.026892  0.860940 -0.460998  0.033463 0.018317 |--#$%$&-(-%)*$($)+ %&$()
. ’
60.000 0.036411 0.023821 0.814166 -0.535386 0.020599 0.031475 -0.007099 -0.007142
0.814374 -0.535172  0.041038 0.020282 -0.007139 -0.007044  0.023057 0.029712 Touchstone s4p
0.020688 0.031496 -0.007214 -0.007029 0.036398 0.020261  0.810648 -0.539669
-0.007153 -0.007122  0.023139 0.029719  0.810456 -0.539916  0.038862 0.018073 Data format Real Imag
70.000 0.041296 0.024687  0.757556 -0.608514  0.026844 0.034079 -0.008946 -0.007292 h
0.757824 -0.608409  0.047125 0.019685 -0.008969 -0.007131  0.029889 0.031381 |mp6dance 50 ohms
0.026971 0.034053 -0.009031 -0.007178  0.041067 0.019647 0.753263 -0.613107
-0.008962 -0.007273  0.030009 0.031354  0.753158 -0.613258  0.044196 0.016715 Start Frequency 50 MHz
80.000 0.046701 0.024432  0.694865 -0.675578  0.033604 0.035657 -0.010827 -0.007034
0.695073 -0.675514  0.053695 0.017308 -0.010841 -0.006860  0.037098 0.031783 Step Frequency 10 MHz
0.033724 0.035638 -0.010878 -0.006828  0.045440 0.018195  0.689535 -0.680383
-0.010850 -0.007010  0.037211 0.031764  0.689560 -0.680581  0.049482 0.014024 Stop Frequency 15 MHz

(b) S-parameter Data Format

Figure 3.4: Touchstone file a) List of File options b)Example of 4-port .sdp format
file ¢) Format of the s-parameter data

Once the s-matrix is known the response of the system can be predicted for any

input. It is well known that time and frequency translation is done using Fourier
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transform. Software tools such as Matlab uses the fast Fourier transform (FFT)
and the inverse Fourier transform (IFFT) algorithm to translate between time and
frequency domain. The s-matrix is use to predict the signal response with the aid of
Fourier transform by applying an input pulse to determine the pulse response. The
s-matrix contain data related only to positive frequency, to guaranteed the signal
is real the complex conjugate of positive frequency must be append to the negative

frequency [2]:

F(-w) = F(w)* (3.4)

In other words, to calculate the channel response the scattering matrix must con-
tain a negative frequency that obeys the complex-conjugate rule to ensure real-value
time-domain response. Note the pulse response of the system can be detemined if the
bandwidth of the measurements are greater than spectral bandwidth of the waveform.

The spectral bandwidth of a waveform can be approximated as

.39

t10-90%

f3dB =~

(3.5)

where t19_go is the rise/fall time. The rise/fall time depends on the width of a signal
pulse and hence the data rate. If the measured s-parameter data have a maximum
frequency of 110 GHz it should be able to resolve a rise/fall time of 3.18ps. Fur-
thermore, properties of the FFT place specific requirements on the frequency domain
bandwidth to generate minimum granularity in time domain [27]. To support a time

domain step size, ts, the frequency sample size, fstep must be

fstep = (3.6)

N xts
18



where N is the number of sample for the positive frequency values. The maximum

positive frequency bandwidth, fmax is define as

1
2%ts

(3.7)

fmax =

To ensure reasonable granularity extrapolation or zero padding is required when using
the FFT to determine the time-domain response. Another issue with s-parameter
data is frequency range don’t start at zero. Since we know the channel behavior is
a low-pass filter response then the data need to be extrapolated back to zero. The
Matlab code seen shown in Figure 3.5 achieves three things 1) maintain reality in time-
domain, 2) ensure time-domain granularity 3) extrapolate back to zero to maintain

low-pass filter behavior. See Appendix B for the full Matlab code.

19



% initializing parameters

Nfft = 2°12;

bps = 3.125e+9;

% normalise all the scales for the bit rate
Fsample = 2*max(data.f);

fstep = Fsample/Nfft; %frequency step see

f = fstep.*(-Nfft/2:Nfft/2); %frequency vector

% find the magnitude of the channel transfer function at DC

[a] = polyfit(data.f(1:100), (s2l.abs(1:100))’, 1);
sdd21l.dc = a(2); dcPhase = 0;

sdd2l.abs dc = [sdd2l.dc s2l.abs’];

sdd21l.phase dc = [dcPhase unwrap(sdd2l.phase’)];
sdd21l.complex dc = sdd2l.abs dc .* exp(+j.*sdd2l.phase dc);

chFilter =sdd21l.complex interp;

)
o

Figure 3.5: Partial Matlab Code use to interpolate extrapolate
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Figure 3.6: Frequency Response of s-parameter
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The s-parameter corresponds to the channel behavior and it is represented in the
frequency domain. However, most circuit simulators are time domain data, therefore,
translation between frequency and time become important in the modeling for high-
speed interfaces. The objective is to utilize the s-parameter data to determine the

channel impairment and get the channel pulse response.

3.2 Channel Impairments

A channel can be considered as a physical transmission medium (e.g cable, back-
plane) which connects a transmitter to a receiver. For example, Figure 3.1 illustrated
the physical transmission medium as backplane traces, vias, and connector. At fre-
quencies in the gigabit range, the electrical properties of the interconnects (i.e chan-
nels) are no longer frequency-invariant. The critical issues relating to signaling in

band-limited environments are attenuation, reflection, crosstalk and skew.
3.2.1 Attenuation

Attenuation may be due to DC loss, which is independent of frequency and skin
effect loss which is proportional to square root of frequency. At very high frequency,
skin effect becomes the prominent factor in signal transmission over long backplane
traces along with dielectric losses in the system. For example, current flows primarily
on the surface of a conductor at high frequency as appose to uniform distribution of
current density inside the conductor at low frequency. This effect is known as the skin
effect where the average depth of current penetration is defined as the skin depth.
The distribution of current within a conductor experiencing the skin effect falls off

exponentially with the depth of the conductor. The average depth is a function of
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frequency, the magnetic permeability of the conductor y, and the conductivity of the

material p and is given as

shin depth = ;| 7’: y (3.8)

The resistance for a rectangular conductor such as microstrip line is

pe o pl
rR=P_-1 3.9
A w.h (3:9)

where A is the area, w is the width and 1 is the length of the rectangular conductor,

respectively. If the frequency is above the skin frequency given as

4p

fskzin = h2.7T./L

(3.10)

(for a rectangular conductor) then cross sectional area that is carrying current is
A = 2.w.skin depth. Given that frequency is below fs, the current is uniform and
wire has a constant DC resistance, Rpc. Therefore, the resistance in rectangular

conductor is given as

R(f) :{ fipe i F < fatin (3.11)

s=/Tfopp 0w
The resistance of the line with frequency above fq.;, leads to attenuation of the line.

The attenuation factor of the line is given as

B RDC Zf f < fskin 3192
"D s ow 12

where Zo is the impedance on the wire. The attenuation factor is proportional to

the square root of the ratio of frequencies to fui, given in equation 3.12. As a
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consequence, the losses in the interconnects are frequency dependent for all frequency
above the fouin-

Another phenomena that causes frequency-dependent attenuation is due to dielec-
tric loss which is cause by heat absorption of the dielectric material in the presence
of a changing electric field. The channel loss profile is also due to the length of the

channel, the longer the channel the more attenuation as illustrated in Figure 3.7
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Figure 3.7: Channel Loss Profile
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3.3 Characterizing the Channel

T=40ps
@rate 253 e
Gbps

AN
VAR

Time Dispersion from the channel

Figure 3.8: The width of a single pulse is much smaller than channel

The loss profile of the channel seen in the frequency domain (Figure 3.6)manifests
itself in the time-domain by the spreading of the channel impulse response. For
example, if the width of the pulse is much smaller than the time dispersion of the
combined channel as seen in Figure 3.8, intersymbol interference (ISI) occurs. Once
the s-parameters of the channel are known, the response to the system can be pre-
dicted for any input. To determine the amount of ISI a single pulse response can be
applied at the input of the system. Before the channel can be characterized some def-
inition need to be established. The maximum number of bits per second the system

can support is the data rate (R) which is defined as

(3.13)



where Ty; is the width of a single data bit and is sometime referred to as a unit

interval (UI). Hence the fundamental frequency (fy) of digital pulse train is given as

1 R

fOZZ*Tbit: 9

(3.14)

For example, if we are considering a single pulse and data rate is 25 Gbps then the
width of the pulse must be 40ps. In a single pulse system the sample interval is unit

interval (1UI) apart.

Figure 3.9: Definition of pulse of data

3.3.1 The Pulse Response

The most popular method for characterizing the channel in the time-domain is
to use single-bit-response (i.e. pulse response) which can be obtained by driving the
system with single pulse. The Matlab flow for finding the pulse response is shown in
Figure 3.10a where the s-parameters are represented in the frequency domain. The
channel frequency response was extrapolated and interpolated then inverse Fourier
Transform was taken to get the time-domain representation of the channel. The pulse
response was determined by taking the convolution of the channel impulse response

with a single pulse as shown in Figure 3.10b.
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Figure 3.10: Channel Behavior of Single
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The channel effect was determined by observing the pulse pulse response at the
receiver when a transmitter sends a single pulse with a normalized amplitude of one
and width one unit interval apart (1UI). For example, in Figure 3.10b, each dot in
the pulse response is at symbol sample time, notice the amplitude is degraded and
every sample other than main sample represents ISI. In analyzing equalization, the
delay reference point in the receiver is often referred to as the main cursor. The non
causal component or pre-cursor is the component of the signal that is observed before
the main cursor and the component after the main cursor is called post-cursor or
causal component as illustrated in 3.10b. The impact of ISI is an increase in jitter
that degrades the timing margin and distort the signal level that degrades the voltage

margin of the link.
3.3.2 Effects of Increasing Data Rate on the Pulse Response

As the data rate increases the amplitude of the pulse decreases, the pre-cursor and
post-cursor become more significant and jitter requirements become tighter. These
effects are illustrated in Figure 3.11 [28|. To maintain system performance of high-
speed interface, the next generation equalization must be able to overcome more ISI,

increase crosstalk and reflections.
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Figure 3.11: Symbol response changes with increasing data rate
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Chapter 4

Equalization

A good equalizer should help provide optimal reconstruction of the original trans-
mitted signal. From a communication point of view, a successful transmission means
the received data is a delayed version of the original transmitted data. The goal of
an equalizer in a backplane transceiver is to reduce the effects of various channel
impairments such as ISI to obtain minimum error at the receiver. The most common
method of equalization is a symbol-by-symbol equalizer, where the decision rule on
the received data is symbol-by-symbol, for example, linear equalizers and decision
feedback equalizers (DFE). The optimizations of the symbol-by-symbol equalizer are
based on either zero-forcing criterion or minimum mean-square error (MMSE). Maxi-
mum likelihood sequence estimation (MLSE), another equalization method bases it’s
decision on the entire sequence of data rather than symbol-by-symbol. It’s optimal
decision rule is based on the maximum likelihood criterion. The MLSE can be im-
plemented with the Viterbi algorithm, which maximizes the decision rule from the
viewpoint of probability of error.

This chapter compares different equalizers and discusses the advantages and dis-
advantages of each. Section 1 focuses on linear equalizers both passive and continu-
ous time linear equalizer (CTLE) that uses zero forcing criterions. Section 2 covers
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non-linear equalizer such as decision feedback equalizer (DFE), MLSE, and hybrid
Viterbi-DFE. System modeling as it pertains to high-speed interface is discussed in
Section 3. Finally, Section 4 concentrates on the integration of the end-to-end model

using test-benches.
4.1 Linear Equalizers

The simplest linear equalizers to implement are the zero-forcing linear equalizers.
In the frequency domain the zero-forcing filter is the inverse of the channel, which is
given by
1
Vol f) = 7 exp(—j0) (4.1
! H(f)
Basically, the zero-forcing filter cancel the general roll-off the channel as shown in

Figure 4.1.

SDD21 [dB)

Channel
Loss

v

2

Figure 4.1: Frequency representation of Zero-forcing Equalization

Zero-forcing techniques are not recommended in noisy channels and channels with

nulls in the frequency response. Figure 4.2 shows a backplane with via stub, which
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produce a null in the frequency response. A null in the channel frequency is the
same as the H(f) =0 at the null frequency which means zero-forcing filter will blowup
according to equation 4.1. In some cases, nulls can be avoided if back drilled via
are used instead of via stubs as shown in Figure 4.2. The implementation of linear
equalizer can be done both in analog circuitry or digital circuitry (i.e. continuous

time-linear equalizer (CTLE) and discrete-time equalizer respectively).

OdB .
.,,._\\'.‘
B Back drilled via
Il. {
< -30dB | ~
§ e \ A
7y '. l‘._ '_n I b -._-_____.
Via stub " T N
K
G0dB e : ;
NGHz 5GHz 10GH? 15GlHz

Figure 4.2: Channel with Null in Frequency Response

4.1.1 Continuous Time-Linear Equalizer (CTLE)

Continuous time linear equalizer (CTLE) is an analog method to implement linear
equalizer. For the most part, CTLE are normally implemented at the receiver and
it’s goal is to equalize the channel by cancelling the general roll-off the channel as
shown in Figure 4.1. From equation 4.1, the equalizer frequency response should be

the inverse of the channel. Since the channel has low pass filter behavior the CTLE
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should have high-pass filter behavior. A high pass filter can be implemented with

both passive and active components.

41.1.1 Passive CTLE:

R1
RT D
C1 C2 R2

Figure 4.3: Example of a Passive Equalizer

Figure 4.3 shows an example of a simple implementation of a passive equalizer.
This type of equalizer does not amplify the signal passing through it, however, it
attenuates the low frequency components. The transfer function for this passive

equalizer is given as

Zy

H = 4.2
5Q(s) Rr+ Zy + Zs (42)
where
Ry
Z = 4.
1(8) 1 + SRlcl ( 3)
Ry
Z = 4.4
2(S> 1 + SRQCQ ( )
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dB(S(10,9))=-3.001
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Figure 4.4: Magnitude Response of Passive CTLE with the Channel
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Figure 4.4 is an example of a passive equalizer magnitude response simulated using
R1 = 5k, C1= 2pF, R2 = 2.5k and C2= 20fF. The parallel combination of R1 and
C2 control the high-pass filter cut-off frequency while R2 and C2 provides a high-
frequency path for termination. The magnitude response show that passive equalizer
do not provide gain however it reduces the overall loss between dc and 12 GHz by
8-dB which can be significant when changing bit patterns. Passive equalizer has a
low power consumption however it is sensitive to process variation and it has a low

signal-to-noise (SNR) level and a narrow compensation level.

4.1.1.2 Active CTLE:

In order to increase SNR and widen the compensation level, the equalizer filter

must provide adequate gain peaking around the Nyquist frequency(f bt) to match the
inverse profile of the channel as illustrated in Figure 4.1. Therefore, active CTLE is

appropriate in order to provide the necessary gain. An example of an active CTLE

is a gain peaking circuit shown in Figure 4.5 [23].
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Vdd

Rd Rd

=,
&
B

Figure 4.5: Gain Peaking Circuit

The circuit shown in Figure 4.5 is a RC- degenerated differential pair with a source

connecting RC-pole. The frequency response has zero located at

B 1
~ RsC's

Wz

and poles located at

1 14 (gm+ gm)Rs/2]

“rt = Raoy M4 @ = RsC's

with a low frequency gain
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gmRd

A, = 4.7
[1+4 (9m + gmb)Rs/2] (47)
One can write
w gm
Aow—ilu)pg ! O_p (48)

which mean that the product of the gain, the boost factor and the bandwidth of the
stage is limited by the fr of the technology. An example of the magnitude respone
is given in Figure 4.6. The active CTLE helps increase the signal amplitude and
reshape the channel pulse response as seen in Figure 4.7. However, analog techiniques
for equalization are becoming limited by the process gain-bandwidth-product. When

modeling a active CTLE, the technologhy must be taken under consideration.

40 . , , .

Gain (dB)

0 0.5 1 1.5 2 2.5 3 3.9 4 4.5
Frequency (Hz) 10

Figure 4.6: Magnitude response of Active CTLE
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Figure 4.7: Channel Response with and without active CTLE

4.1.2 Discrete-time Equalization

As the data rate increase, equalization is needed in both the transmitter (TX)
and the receiver (RX) as mentioned in Chapter 2.1 and Table 2.1. Finite impulse
response (FIR) filter is a type of linear equalizer where the output is expressed as the

discrete convolution of the input signal x(k) with the equalizer filter coefficients, c:

y(k) =Y x(k—n)ey (4.9)
where k is the sample number of the discretely sampled signal. The number of
equalizer taps are based on the number of significant pre-cursor and post-cursor as
illustrated in Figure 3.10b. Those samples are imported to a square matrix X. By
transmitting a single pulse, the expected output is defined base on zero forcing solu-
tion, i.e. the equalizer coefficient can be optimized using the zero-forcing criterion.

The matrix form of equation 4.9 is given as
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y =XC (4.10)

where Y is the vector containing the output from the equalizer and c is the equalizer

taps coefficients and zero-forcing requires

. |0 for kK#0
_{1 for k=0 (4.11)

Therefore the equalizer coefficients that optimize on the zero-forcing solution are as

follows

c=x"19 (4.12)

The Matlab implementation for obtain the zero-forcing coefficients are illustrated in
Figure 4.8. Once the optimized coefficients are obtain, these values can be used in

either the transmitter or/and receiver equalizer.

Transmitter Equalization Discrete-time equalizer can be found in both the trans-
mitter and receiver. Equalization in the transmitter are known as pre-emphasis and
de-emphasis. Pre-emphases acts on the post-cursor and de-emphasis acts on pre-
cursor. Pre-emphasis and de-emphasis can be determined by a delay block which
is related to the width of the data. Figure 4.9 is a digital block of de-emphasis and
pre-emphasis, respectively, where the tap coefficient v can be determined by equation

4.12 and algorithm shown in Figure 4.8.
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function C = ObtainTaps(channel,N)

$The function returns the optimal taps for a ZF equalizer.
$N : number of taps

%channel : channel pulse response

$ISI generated in L symbols

L = length(channel) - 1;

X row = zeros(1l,N);

X row(l)=channel(2); X row(2)=channel(1l);
X col = zeros(1l,N);

counter = 1;

while counter <= N
if counter <= L

X col(counter) = channel(counter+l);
else

X col(counter) = 0.0;

end

counter = counter + 1;

end

)

X = toeplitz(X_col,X row);
y_hat = zeros(1,N);

middle = 0.5%(N + 1);
y_hat(middle) = 1;

C = inv(X)*y_hat’;

Figure 4.8: Obtain taps for Zero-Forcing EQ

o

(a) De-emphasis
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D

()

a

(b) Pre-emphasis

Figure 4.9: Transmitter Equalization - Pre-emphasis and De-emphasis
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In digital systems, the highest frequency content is contained in the rapid transi-
tion between logic state, while the low frequency content is contained in the portion
of the signal that do not make transition. Since the function of the equalizer is to
provide a high-pass filter effect, the discrete linear equalizer increased/decreased the
amplitude for the first bit after a logic transition [1]. In the case of pre-emphasis,
the signal amplitude overshoots just after data transition then reduce for longer run
lengths. In de-emphasis the signal undershoots before the data transition then re-
duce for longer run length. Note that the peak dynamic range of the waveform can
be specified using the maximum and minimum voltage levels, that is Vmax and Vmin

respectively.

De-Emphasis with 3 dB Loss
15
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Figure 4.10: De-Emphasis Transmitter Output
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To specify de-emphasis in dB loss or percentage deduction, the dynamic range of
the waveform can be specified using the maximum and minimum voltage levels, that

is Vmax and Vmin and the loss in dB is given as

Vmax - Vmin

20log( Vi

) = Amplitude (dB) (4.13)

In terms of implementation, the discrete linear equalizer typically use digital-to-
analog converter (DAC) to generate the equalizer coefficients [22]. In high-speed
design it is very common to control the FIR coefficients of emphasis with current
steering DAC. Therefore the minimum step size in setting the tap coefficients is limited
by the resolution of the DAC. Getting the coefficients from the channel response help
to build the model, however, the limitations of the circuit architecture still need to

be considered when setting the coefficients.
4.1.3 Remarks

Linear equalizers work best in low noise channels and channels that do not contain
nulls. This section discussed various types of linear equalizers. Passive equalizers
attenuate the signal, therefore, it should be used when there are significant voltage
swing. On the other hand, active CTLE provides gain; hence, it amplifies the signal.
Also, the CTLE is sometimes used with other equalizers to pre-shape the channel.
The gain-bandwidth-product of the technology limits the active CTLE. Equalizer at
the transmitter such as de-emphasis and pre-emphasis are employed when power and
the amplitude swing are not a concern.

Overall, linear equalizers are the simplest equalizers to implement. However, if

the channel is noisy other equalizers need to be considered.
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4.2 Non-Linear Equalizers

4.2.1 Decision Feedback Equalizer (DFE)

x(n)

Slicer 'T>

Feedback ‘
B(z) €

x(n)
—P Hi(z)

Feedforward

F(z)

Figure 4.11: Generic block diagram of Decision Feedback Equalizer

Decision feedback equalizer (DFE) does not amplify noise. Shown in Figure 4.11
is a generic structure of a DFE where H(z) is the channel response, F(z) is the
feedfoward filter (FFF) and B(z) is the feedback filter (FBF). DFE architecture can
be implemented using either digital or analog techniques. In either case, equalization
is achieved via feedfoward filter (FFF'), which has Nf-taps and Feedback filter (FBF)
with Nb-taps. The tap coefficients can be optimized using either zero-forcing criterion
or MMSE criterion.

It is well known that the MMSE-DFE approaches optimum performance as MMSE-
DFE taps approach infinity [26]. However, real channels are never infinite. The DFE

equalizer signal is given as

Ny Nb
Ydfe = Z firion — Z biZi—n (4.14)
i=0 i=1
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where f and b are the coefficient of the FFF and FBF filter respectively. In cases
where crosstalk and ISI degrades the signal, MMSE criterion is used to minimize both

noise and ISI at the input of the DFE decision. The mean-square error is given as

Emmse = {|$(n) - ydfe(n)|2} (4.15)

where x(n) is the transmitted data and yeq(n) is the equalizer data at the input of the
slicer. The optimum coefficient of F(z) and B(z) (i.e. minimum error) are derived by

taking the gradient of € with respect to F(z) and B(z) [30]. Probability of error

mmse

for MMSE-DFE using non-return-zero (NRZ) signaling is given as

Pr(error) = M]\/_[ ! xerfc (\/2(M2 _61)8 ) (4.16)

where M=2 for NRZ signaling, emmse is the variance of residual ISI and assuming
unity energy.
Figure 4.12 shows Matlab code for feedback coefficient base on knowing the chan-

nel taps at a certain signal-to-noise (SNR).
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$channel impulse response

h = [hl h2 h3];

% Select FFE and DFE lengths
Nf=4; Nd=8;

% Get SNR from SNR in dB
snr=10" (snrdb/10);

lambda=1/snr;

)

% Set up convolution matrix
if (size(h,l)<size(h,2))
h=h’;

end;

HH=convmtx(h,Nf);
H=HH(l:2:size(HH,1),:);

% Find MMSE! FSE+DFE
I=eye(size(H,2));
F=inv(H'*H+lambda*I)*H’;
[mse,delta]=min(abs(diag(1l! H*F)));
f=F(:,delta);

t=H*f; f=f/max(t);

t=H*f; td=zeros(size(H,1),1);
td(delta)=1;

umse=norm(t! td)"2+lambda*norm(£f)"2;

Figure 4.12: Generate DFE feedback Coefficient base on MMSE criterion
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4.2.2 Maximum-Likelihood Sequence Estimator and Viterbi
Detection

Maximum-likelihood sequence estimator (MLSE) is considered the optimum way

to combat ISI [32]. The optimal detector selects from all possible transmitted bit

sequence, the one that maximized the probability of error. The sequence probability

is calculated as the multiplication of individual symbol probability, which is given as

P(ry,ro...ry|x, 2g,..xN) = Hp(rn|x1, To,...TN) (4.17)

The MLSE equalizer is based on observing N received data points rn = [r0 rl ....

rN-1] with

L
rn= Y hitn_i+n (4.18)
=0

where r,, is the convolution of the channel impulse response, h with the transmitted
data symbol, x, the noise is n, and L is the length of the channel. Assuming that the
channel noise is Gaussian with zero mean; the log of the probability of the received

sequence is given as

1 1
logP(ry,re...rN|T1, Xo,...xN) = Z [log (\/ﬁ) =553 (rn — th%z)]
To ,

(4.19)

Hence, the maximum likelihood solution is to minimize the branch metric

metric = Z

(4.20)

L
Tn — E himn—i
)
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In SerDes the noise (crosstalk) is not always Gaussian, in this case the branch metric
changes. Viterbi algorithm is a recursive method that uses knowledge of the channel
to build a trellis diagram to implement the MLSE [31]. The trellis state is a function

of previous bit

Sp = f(x1,29,...2N) (4.21)

The number of states are defined as M~ where M = 2 for NRZ signaling and L
is the length of the channel impulse response. In the example shown Figure 4.13a a
2-tap channel is used to determine the start, middle and end stages of the trellis, here
there are two states.

In principle the detection and equalization take place at the same time. The
Viterbi searches for the path that minimized the branch metric given in equation
4.20. In Figure 4.13b the red line represents an error that would occur since the
distance from state S1 to SO is smaller than that of S1 to S1. However, the Viterbi
approach compensates for the symbol error since the final decision is made on the
total path sequence. Therefore, the error rate of the Viterbi is often much lower than
the error rate of symbol by-symbol detector. It can be seen that the computation
and storage required for processing the received signal grow exponentially with the
length of the channel tap. As a result, a Viterbi detector is not practical in channel
with long taps. To take advantage of the Viterbi ability to operate in low-SNR the

Viterbi-DFE hybrid is formed.
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(b) The path chosen for Viterbi Detector

Figure 4.13: Viterbi Detector

4.2.3 Hybrid Combination of Viterbi Detector and Decision
Feedback Equalizer (Hybrid Viterbi-DFE)

The goal of the hybrid combination of Viterbi Detector and DFE is to reduce

the complexity of the MLSE by eliminating the ISI outside the span of Viterbi. The

principle idea is to shape the channel response into a shorter desired response and

simplify the Viterbi algorithm by either shorting the channel response or maintaining

the most likely sequence. These methods can be achieved by using the concept of
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Figure 4.14: Hybrid Combination of Viterbi Detector and DFE

decision feedback to reduce ISI in channel. As mentioned above, using a linear equal-

izer to shorten the channels response may not be effective in channel with spectral

null and/or channels with significant crosstalk (i.e. noise), in these cases a DFE is

suitable.

There are many complex architectures to implement the hybrid combination, for

this dissertation we choose a simple structure shown in Figure 4.14. Here the interface

of the two structures, DFE and Viterbi detector will be discussed. For analysis

purposes, let
L = length of the channel, h (i.e number of channel taps)
Nv = number of Viterbi taps
Nd = Number of DFE taps: Nd=L-Nv-1

The sample received data is given as

L—1 Ny Ny
Yn = E xnfih'i +n, = § xnfihi + E xnfihi + Ny,
=0 =0 i=Ny+1

Therefore the input to the Viterbi is
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Zn = Yn — Z Tp—ih; = Z Tp—ih; + Z Tp—ihi — Tp—il; (4.23)

Ny+1 =0 i=Ny+1 Ny+1
hence
N, Ny
Zn — E l‘n_ihi + E (l‘n_i - jn—i) hz (424)
=0 i=Np+1

If the DFE makes the correct decision that is x,,_; = 7,,_;then the input to the Viterbi
is the IST of length, Nv. Hence, the complexity of the Viterbi algorithm is controlled
by the parameter Nv. The potential shortcoming of this structure is the propagation
error in the DFE. If there is an error in the tentative decision, this will cause residual

interference in the input of the Viterbi. The residual interference is given as

Nd Nd
1=Ny+1 i=Ny+1

these errors will degrade the performance of the Viterbi. The are other techniques
to reduce complexity of Viterbi detectors, which have been studied since the 1980’s
such as “reduced state sequence estimation (RSSE)" and "delayed decision feedback
sequence estimation (DDFSE)" [35, 36] The reduced state does not utilize a con-
ventional DFE, the primary idea is to use set partitioning and construct trellis with
reduced number of states. Eyuboglu [35] showed that RSSE is very useful for mod-
ulation format with large alphabet size. The Delayed decision feedback sequence
estimation DDFSE is similar to RSSE in that it reduced the number of states by

decomposing the state.
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4.3 Disscussion on System Modeling of High-Speed Link with
Equalizers

The system methodology in this paper made no assumption regarding the topol-
ogy of the transistor level architecture. The problem with system level modeling is
the accuracy is difficult to achieve in analog-domain because of the typical nature of
analog design where one transistor can have an impact on the behavior or the spec-
ification of the design. Certainly, the model estimator is more accurate with respect
to the real design when the exact topology and device detailed circuit is known. In
order to explore the 'what if scanerio’ system simulation can be used to provide a
first order base line model. In the system end-to-end link shown in Figure 2.1, the
idea is to extract the circuit behavior of trasmitter, channel and receiver block and
simulate it in tools such as Aglient ADS and/or Matlab. The challenge is integrating
the system with multi-level simulation method to achieve system performance and

predictability. Other isssues are determining the jitter and the bit error rate (BER).
4.3.1 Jitter Sources

Jitter is define as the deviation of signal timing event from its ideal position. This
is what causes smearing of the data eye along time axis. Jitter can be categories into
two forms, namely, random (RJ) and deterministic (DJ) jitter. The most common
source of RJ include shot noise, flicker noise, and terminal noise. Deterministic jitter
can be subdivided into sinusoidal jitter and data-dependent jitter. Sinusoidal jitter
or periodic jitter (PJ) can stem from slow variation of power supply, temperature
and clock reference and it repeats at a fixed frequency. PJ is quantified as a peak-

to-peak number with a frequency and magnitude. This type of jitter is composed of
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repetitive effects not correlated to the data stream. The other form of deterministic
jitter is data-dependent jitter which comes from ISI, circuit asymmetries and duty
cycle distortion (DCD). These type of jitter depend on the data pattern transmitted
and are bounded in amplitude by a peak-to-peak value.

Random jitter (RJ) has a Gaussian distribution and is assumed unbounded with

a probability distribution function (PDF) given as

1 t2
PDFr; = —eap | — 4.26
7 \/%O-RJ b ( 2URJ) ( )

where op;y is the standard deviation and is also referred to as jitter number. Each
form of deterministic jitter has a different PDF and total jitter can be determine by
taking the convolution of the determinist jitter and random jitter PDF|2|. The total
jitter will determine the extent of the bit errors or probability of error due to jitter.
To calculate the probability of error due to jitter, it’s necessary to calculate the area
under the PDF tail which yields the cumulative distribution function (CDF) which

is given as

CDF = / PDFdt (4.27)
t

To determine the bit error rate (BER) multiply the probability of transition er-

ror(CDF function) by transition probabilities ptans

BER = Ptrans X CDF + (1 — ptmn) x CDF (428)

the result yield the bathtub curves.
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4.3.2 Bit Error Rate (BER) and Eye-Diagram

Today’s high-speed link the BER is very stringent such as less than 1-bit error in
102 or 10 bits. Therefore, bit-by-bit simulation can be time consuming. Instead,
post simulation analysis can be used to generate a statistical BER along with tech-
niques such as eye-pattern, bathtub curves are use to verify signal integrity. Figure
4.15 is a representation of bathtub curve specifying a timing margin for a specific

BER.

BER
Deterministic
Random
Random
Deterministic

Timing Margin

Timing

Figure 4.15: BER Bath Curve

4.3.3 Matlab Modeling Discussion

Simulating a complete end-to-end system link is very challenging in Matlab. It
is challenging in the sense that importing real channel and circuit behavior is not so
straightforward if you don’t have Matlab RF toolbox. Importing s-parameter data was
discussed in detailed in previous chapter. Matlab is a great tool for computing BER
and optimizing equalizer coefficients. Figure 4.16 represents the system framework
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for equalizing the channel and computing the BER. It is noteworthy, that the BER
in this model is bit-by-bit and bit-by-bit simulation runs are normally limited to 10
million for run time of few hours. Million of bits estimate the BER on the order 10=°
therefore, for BER 107!% the length of time is too long to estimate the BER. There
are statistical method for determining the BER [10]. For this project, more work is

needed to incorporate a more efficient way of calculating the BER in Matlab.

IHS%& (¥ %o++,()-)+&(
01-$('23%1%$'&"1(

A4

4"(0)-')'+&(&-('56%,/7'(
&*'()*%++'(

15696,/7%#-+(
31-)""(9'3+9(-+(
- &A3'(-0(156%,/7'1
I"#$%6&(1)'/8'9(9%&8%(%:'1
'56%,/7'1(

v
-$3%61'(<=(9%8%(>/&*
"#$06&'9(?=(9%8&%(&-(

9&1$/+(@!2(

—~

Figure 4.16: Matlab Simplified Model Flow

4.4 Test-Benches

Test-Bench 1: In this setup, a linear equalizer is located at the transmitter and
at the receiver as illustrated in Figure 4.17. The transmitter equalizers uses a 3-dB

loss de-emphasis and the receiver equalizer has a 4-tap finite impulse response (FIR).
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Figure 4.18a shows the eye-diagram of the signal after it passes through the channel,
which has multiple level eye openings. These opening are due to the behavior of the
de-emphasis equalizer. Recall in Figure 4.10 that the amplitude of the signal under-
shoots either as a percentage deduction or loss in dB. As a result, there are multiple
amplitude levels as shown in the eye-diagram of Figure 4.18a. The combination of
transmitter and receiver equalizers give a better eye opening as shown in Figure 4.18b.
Some observations are as follows: 1) in the presence of intersymbol interference (ISI)
the vertical opening of the eye reduces thus increasing the probability of error, 2) the
optimum sample point is where the vertical eye opening is maximum, and 3) since
the received peak voltage is a function of the sample point, the voltage margin varies
base on where the signal is sampled. Aglient ADS behavioral link tool can provide
eye-diagram and bathtub curves for quality analysis. The eye-diagram of Figure 4.18

was generated using ADS with simulation parameters shown in Table 4.1.

TX Linear
PRES — Lo (F)—{ o™ e

MNoise/xtalk

Figure 4.17: Linear EQ for data rate
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Parameter Value

Backplane Peters 01 0605 B20 thru.s4p

Data Type NRZ, PRBS
Data Rate 10 Gbps
Amplitude 1Vpp

Rise/Fall 23 ps
Time

Table 4.1: ADS Simulation Setup for the Transmitter
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Data Rate =6.25 Gbps, TX: 3dB de-emphasis, RXFIR

Eye_after_Channel.Density

Eye After EQ.Density

| I
0 50 100 150 200 250 300 350

time, psec

b)

Figure 4.18: For 6.25 Gbps with a linear Equalizer at both TX and RX the eyes are
open
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Another method for analyzing the performance of high-speed interface is BER.
Figure 4.19 shows for a given BER rate, the voltage margin and timing margin is
much smaller than voltage and timing margin after the signal has been equalized.
Basically, these curves gives the baseline values once circuit non-idealilities are added

the voltage and timing margin are even smaller.
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BathCurve for BER vs Voltage with Data Rate 6.25 Gbps BathCurve for BER vs Time with Data Rate 6.25 Gbps
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Figure 4.19: BER Bath-Curve for 6.25 Gbps

Test-Bench 2:  This setup keeps the same configuration as test-bench 1, that is,
using a linear equalizer at the transmitter and at the receiver but increase the data

rate to 12 Gbps. The closure of the eye-diagram in Figure 4.20 and the high BER
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in Figure 4.21 show that applying only a linear equalizer is insufficient. A close eye-
diagram is a representation of a signal with both amplitude and phase distortion. As
mention in earlier chapters, as the data rate increases so does the channel impairment,

see Figure 3.11, hence, more equalization is needed.
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Data Rate = 12.5 Gbps, TX: 3dB de-emphasis, RX.FIR

Eye after_Channel Density

Eye After EQ.Density

time, psec
measurement ..after_Channel Summary Eye After EQ.Summary
Amplitude 0.000 0.548
Height 0.000 0.000
Width 0.000 0.000
WidthAtBER 0.000 0.000
HeightAtBER 0.222 -0.075

Figure 4.20: Using all linear EQ at 12.5 Gbps the eye are completely closed
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Eye_after_Channel. TimingBathtub

Eye After_EQ.TimingBathtub

BathCurve for BER vs Time with Data Rate 6.25 Gbps
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Figure 4.21: BER for 12 Gbps with Linear EQ at TX and RX
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Test-Bench 3: In Chapter 4.2, a decision feedback equalizer (DFE) was discussed
and it’s block diagram given in Figure 4.11. The generic DFE architecture compose
of feedfoward and feedback filter. In this structure, the feedforward filter (FFF) is
located at the reciever end of the system. If the system is assumed to be linear and
time-invariant then it doesn’t matter in terms of filtering if the FFF is move to the
transmiter as shown in Figure 4.22. In the design exploration phase, the coefficients
can be optimized to FFF at TX. The coefficient can be optimizing on mean square
error crietrion or zero forcing as described in Chapter 4.2. Recall from the previous
chapter that the DFE is unable to cancel pre-cursor ISI. Highly disperive channel may
have significant time duration of pre-cursor, hence, FFE is used to remove the pre-
cursor. This test-bench was simulated using Agilent ADS tool where the experiment
process involves setting the FFF tap coeifficent, then allowing the reciever to find the
best DFE coefficients.

The top diagram in Figure 4.23 shows a closed eye after the channel and bot-
tom diagarm show the eye opening after the DFE equalizer. Figure 4.21, the BER

bathcurves are consistent with eye-diagram in Figure 4.23.

TX DFE
PRBS EQ Channel + EQ :E&E'E

Noise/xtalk

Figure 4.22: System Simulation DFE
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Eye after_Channel Density

Eye After EQ.Density

Data Rate = 12.5 Gbps, TX: 15dB de-emphasis, RX:DFE

time, psec
measurement ..after_Channel Summary Eye_ After_EQ.Summary
Amplitude 0121 0.165
Height 0.000 0.006
Width 0.000 1.640E-11
WidthAtBER 0.000 1.920E-11
HeightAtBER -0.028 0.030

Figure 4.23: 12.5 Gbps to open eye use DFE

64




4.5 Summary

This chapter explored various equalization schemes for SerDes applications. Ac-
tual channel models were used in the development of DFE and hybrid Viterbi/DFE.
In general, linear equalizers are the simplest to implement and the MLSE has the most
complex implementation. In terms of performance MLSE is the optimum equalizer
but it is very complex, therefore, it’s not commonly used. An alternative is the DFE,
which gives the best trade-off between complexity and performance. The DFE has
become the equalization of choice in high-end SerDes applications.

Some advantages of DFE architecture is it can be implemented in either analog
or digital. Secondly, designers are familiar with current architectures; therefore, en-
hancements can be done as data rate increases. However, the complexity of DFE
increases with an increase in data rate. Also, signaling over more challenging chan-
nels such as long reach backplane with 35dB loss combined with crosstalk may be
challenging for FFE/DFE equalization.

In order to compensate for long channel impairments, the conventional wisdom is
to use error coding and/or increase the DFE taps. Since the Viterbi based equalizer
has the ability to base its decision on the entire sequence of data rather than a symbol-
by-symbol rule, the error rate is lower. Originally, the Viterbi algorithm is used in
convolutional codes; therefore, in cases where forward error coding (FEC) is needed
to increase performance the Viterbi detector may have an advantage over DFE. This
research gives a working framework to explore hybrid combination of Viterbi Detector

and Decision Feedback Equalizer in electrical SerDes.
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Chapter 5

Concluding Remarks and Recommendations

In this dissertation research, an initial approach to explore the design space of
SerDes high-speed link was presented. The approach developed a platform in which
SerDes end-to-end model can be tested. The end-to-end link consisted of measured
channel behavior, and various equalization filters in the transmitter and/or receiver.
In particular, this paper provides analysis using a combination of Matlab and Aligent
ADS.

In Chapter 2, an overview of system level simulation was presented, in particular,
why system level methods are needed in high-speed serial link design. The traditional
simulation methods and there inadequacies for the high-speed link with complex
equalization were reviewed.

Chapter 3 focused on various design aspects of high-speed channels that is relevant
to this research. It outlined the preprocessing steps involved in using s-parameter
data in SerDes end-to-end model. Chapter 3 also covered some of the subtleties on
importing s-parameters into a high-level language such as Matlab. The channel was

characterized with it’s pulse response; a key performance analysis for equalizers.
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Chapter 4 presented a combination of equalization methods. The figure of merit
used was eye-diagram and bit error rate (BER). This chapter combined the char-
acterization of channel using s-parameters with models of equalization architectures
to explore the design of high-speed serial links. The theoretical analysis of hybrid

DFE-Viterbi was discussed.

5.1 Implications of Research

This work is an initial investigation of CAD modeling of high-speed interfaces. It
starts to build a system framework to develop high-speed interface. There are many
standards for high-speed interfaces but what is given, is the specification not how to
achieved those specification. In addition, there is no standard way to simulate an
end-to-end link and most companies develop their own proprietary method and tools.
The impact of this work is to present a published structure of how to model end-to-
end high-speed SerDes. Russian chemist Dmitri Ivanovich Mendeleyev (1834-1907)
developed the periodic table, the element are not new but putting together the table
provided a structure, which opened a new way of analyzing chemistry. The following
list the main implications of this research:

e Implication #1: Using Matlab and Aligent ADS gives a simulation methodol-
ogy in which the design flow can incorporated high-level abstraction with low level
model such as transistor level SPICE. This suggest that the approach taken in this
dissertation may lend itself resonably well to be incorporated in a completed design
cycle of an end-to-end SerDes.

e Implication #2: Mixed simulation environment enable post-processing of the

data such as statistical BER and equalization coefficient optimization.
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e Implication #3: The theoretical analysis shows that hybrid DFE-Viterbi reduces
the complexity of MLSE by using the DFE to shorten the channel while maintaining
the advantages of the Viterbi. This suggests that channels with loss greater than

35dB combined with crosstalk may be able to incorporate the hybrid as an equalizer.

5.2 Future Work

One approach to extend this research is to integrate the transistor level circuit
design within the platform. This would allow simulation and design trade-off for
feasibility within a certain technology. A focal point in integrated circuit design is
power dissipation due to increasing density of feature, performance and device leakage.
Therefore, the combined system with transistor level design to evaluate power cost
with BER is also needed.

As data rate continues to go up within a noisy environment, a hybrid DFE-Viterbi
can become useful. To extend this research, the system analysis should include: 1)
the combination of taps in Viterbi/DFE that will reduce the overall complexity of
the equalization scheme, 2) the SerDes environment (i.e. crosstalk, and jitter) which
changes the behavior of hybrids and 3) the bit error bound for 107 and/or less.
Since the hybrid combinations are new for SerDes, more study needs to be done on
power constraint, and complexity. This research is an initial analysis and a working

framework needed to address the SerDes design space.
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Appendix A

Matlab Code: Import Touchstone Format .s4p into Matlab

8/3/10 3:48 AM /Users/anishkaturner—barnes/Docume.../read im s4p.m 1 of 3

function data = read_im sdp(infile)

%infile must be a touchstone formant .s4p and # HZ Sk

RI R 50

%the file scale the frequency GHz, MHz, KHz and Hz. the data must be RI to
%not to obtain errors

fid = fopen(infile,’'r’);
%fid = fopen(’channell.sd4p’,’'r’);

tline='!";
%index = 0;
text = [1];
while(~isempty(regexp(tline, ’'"#’')) + ~isempty(regexp(tline, "'"!’)))
[s,f,t]=regexp(tline(l:size(tline,2)), ’'\w+’);%s=s+2; f=£f+2; $ returnse
the start index s and end index f that matches a whole word i.e ’"\w+’
%[tline count]=fgets(fidl); %read online of text and return it tow

tline count is the number of values read

if ~isempty(regexp(tline, '"#"))
% reading the "#" optional line

if strcmpi(tline(s(1l):£(1) 'GHZ’) scale = 1le9; end;
if strcmpi(tline(s(1):£(1) 'MHZ’) scale = le6; end;
= le3; end;

if strcmpi(tline(s(1l):£(1) 'HZ’) scale 1; end;

)/
)

if strcmpi(tline(s(l):£(1)), ’'KHZ’) scale
), d;

if strcmpi(tline(s(3):£(3)), 'RI’) && strcmpi(tline(s(4):£f(4)), 'R')«

format = ‘complex’; end;

if strcmpi(tline(s(3):£(3)), 'MA’) && strcmpi(tline(s(4):£f(4)), 'R')«
format = ’'linpolar’; end;

if strcmpi(tline(s(3):£(3)), 'DB’) && strcmpi(tline(s(4):£f(4)), 'R’)«
format = 'dBpolar’; end;

data.z0 = sscanf(tline(s(5):£(5)), %e’);

end
%[tline count]=fgets(£fid); %read online of text and return it tow

tline count is the number of values read
tline = fgets(fid);
%index=index+1;

end

reading = 1;

last_line 0;
index=1;
while(reading == 1)

reading = reading - last_line;

% read the first column with frequency data

[s,f] = regexp(tline, '[0-9,.,e,+]+\s+’, ‘once’);
data.f(index)=sscanf(tline(s:f),’%e’)*scale;
tline = tline(f+l:size(tline,2));

[s,f] = regexp(tline, '["\s]+\s+["\s]+\s+’ );
for r=1:4
for c=1:4
a = sscanf(tline(s(c):f(c)), '%e %e’); %skeyboard
if strcmp(format, ’‘complex’) data.m(index, r, c) = a(l) + j*ar
(2); end;
if strcmp(format, ’linpolar’) data.m(index,r, c) = a(l) * expe
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(j*a(2)*pi/180); end;
if strcmp(format, ’‘dBpolar’) data.m(index,r,c) = 10%(a(l)/20)*«
exp(j*a(2)*pi/180); end;
end
gs=[1;
if feof(fid)==
reading =0;
else tline=fgets(fid); [s,f] = regexp(tline, ’'["\s]+\s+["\s]+\s+');
end
$if tline == -1 reading=0; end

end
index=index+1;
end

$ plot full input matrix
=["

c r’ ‘g’ 'm’" 'k’ ; $r—-red
rg: rrr 'k’ 'm’ ; %g_green
'm’” 'k’ 'r’ 'g’; gm-magenta
'k’ 'm’" 'g’ ’'r’']; $k—black

$if strcmp(param.plot ini s params, ‘on’)
figure
legendIndex=1;
for mi=1:4
for mj=1:4
plot(data.f, 20*logl0(abs(data.m(:,mj,mi))), c(mj,mi), e
"linewidth’,2); hold on
legendTitle(legendIndex,1:3) = sprintf(’'S%d%d’, mj, mi);
legendIndex=legendIndex+1;
end
end
legend(legendTitle);
xlabel(’'Frequency (Hz)');
ylabel(’'Magnitude (dB)’);
title(['Initial S—parameters:’ infile]);
grid on
$end
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Appendix B

Matlab Code: Get Pulse Response

8/3/10 3:35 AM /Users/anishkaturner—barnes/Docu.../PulseResponse.m 1 of 3

infile ='peters_01_0605_B20_thru.s4p’;
$infile ='peters_01_0305_B20.s4p’;
data = read_im s4p(infile); % read s—parameter data from touchstone file

%load data f.mat

¢function [Tx

chFilter]=PulseResponse(infile)

o
3
% specifie s—parameter data

%

sll.org =data.
s2l.org= data.

m(:,1,1)
m(:,2,1)

i
i

converting s—parameter from single end to mixed mode

90 o0 0P

sddll_org=.5*(data.m(:,1,1)-data.m(:,1,3)-data.m(:,3,1)+data.m(:,3,3));
sdd12_org=.5*(data.m(:,1,2)-data.m(:,1,4)-data.m(:,3,2)+data.m(:,3,4));
sdd21_org=.5*(data.m(:,2,1)-data.m(:,2,3)-data.m(:,4,1)+data.m(:,4,3));

%

determine channel length

%
%
%
S
%
%

intializing

parameters

%

Nfft = 2712;
bps =12e+9;
Fsample
fstep

DSP by Lyons
£

f_pos
fstep_nrm
f nrm

Ts

Tbps
Ts_nrm
time

s

time

o

gnumber 2°n FFT structure
%/data rate% normalise all the scales for the bit rate
2*max(data.f);

Fsample/Nfft; $frequecy step see understandinge
fstep.*(-Nfft/2:Nfft/2); $frequency vector

fstep .* (1:Nfft/2); gpositive freq only

fstep/bps; gnormalized freq w/r bps
fstep_nrm .* (-Nfft/2:Nfft/2-1); %normalized frequency vector
1/Fsample; %$sample period

1/bps;

Ts/Tbps; $normalized w/r bps

Ts_nrm.*(1:Nfft);
f nrm .* j;
Ts_nrm .* (l:Nfft+l);

3

FFmax

ax(data.f); % max frequencey is 2 times sampling rate

= m
Fstep = data.f(2)-data.f(1l); %find Freq step within s—parameter data

Ndataf = data.

to zero

f(1)/Fstep; %Number of Frequency need to extrapolate backe

Fnew = Fstep*(0:Ndataf -1);

%

%generate rectangular pulse

Txpulse(l:length(time))=0;
t0

tl

max(find(time<=(2.0001))
max(find(time<(2.9999)))

)i
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$tl=max(find(time<=100*Ts nrm));
Txpulse(t0:tl)=1;

T= (t1l-t0)+1; %sample spacing
figure

$set(gca, 'XTickLabel’,{".5";"1.5";"'2"});
plot (time(1:100), Txpulse(l:100), 'r’, ’linewidth’, 2);
title('single bit response’)

% Take FFT of pulse

Txpulse f = fftshift(fft(Txpulse)); %2?22?22?22222?? scaling

figure; plot(f,20*logl0(abs(Txpulse f))); title(’'Magitude of fft(singlew
pulse)’)

%

]

o r
°

%getting s21 data then interpolate & extraplate to DC
%
s2l.org= data.m(:,2,1);

plot(data.f, 20*loglO(abs(s2l.org)))
$semilogx(data.f, 20*loglO(abs(s2l.o0rg)))
title('Magitude of S217)
ylabel(’'Amplitude (dB)’)

xlabel (’'Frequency’)

s2l.abs = abs(s2l.o0rqg);
s21l.phase = angle(s2l.org);
s21.complex = s2l.abs .* exp(+j.*s2l.phase);

¢ find the magnitude of the channel transfer function at DC
[a] = polyfit(data.f(1:100), (s2l.abs(1:100))’, 1);

s2l.dc = a(2);
dcPhase = 0;

$taking the measured s—-parameter data back to DC
s2l.abs_dc = [s2l.dc s2l.abs’'];

s2l.phase_dc = [dcPhase unwrap(s2l.phase’)];
s2l.complex_dc = s2l.abs_dc .* exp(+j.*s2l.phase_dc);

$inclued positive and negative frequency expraplated to zero
s2l.abs_interp = interpl([0 data.f ], s2l.abs_dc, abs(f), ’linear’,e
"extrap’); %over new frequcency

s2l.phase_interp = interpl([0 data.f], s2l.phase_dc, abs(f), ’'linear’,e
"extrap’);

s2l.complex interp = s2l.abs_interp .* exp(+j.*s2l.phase_interp);
chFilter =s2l.complex interp;

3
]

$convole channel with pulse

%

Rxpulse f=Txpulse f.*chFilter;

figure

plot(f, 20*logl0(abs(Rxpulse f)),’'r’); hold

plot(f, 20*loglO(abs(chFilter)),’'b’);

title('Magitude of convole Channel and Transmitted pulse’)
ylabel(’'Amplitude (dB)’)

xlabel(’'Frequency’)

%

Rxpulsel=real (ifft(ifftshift(Rxpulse_f))); %$taking the fft
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Rxpulse =Rxpulsel(1l:Nfft/2);

Rx_sample = Rxpulse(l:T:Nfft/2);

figure

plot(time(1l:Nfft/2), Rxpulse,’'r’);hold on
plot(time(1l:T:Nfft/2),Rx sample,’'ob’)
time new = time(1l:T:Nfft/2);

2

$Rx_sample =Rxpulse(t0:T:Nfft/2); %get the sample points
$figure

gplot(time(1l:Nfft/2), Rxpulse,’r’);hold on
$plot(time(t0:T:Nfft/2),Rx sample, ‘ob’)

title('Channel Reposnse’)

ylabel(’'Amplitude’)

xlabel('Normalized Time’)

oe

get cursor

oP o

oo

oe

get cursor

[

numPrecursor = 3;
numPostcursor=5;
[max_Rx, time_ maxRx]
[min Rx, time minRx]

max(Rxpulse);
min(Rxpulse);

Rx_sample max = Rxpulse(time maxRx);

Rx_sample post = Rxpulse(time maxRx+T:T:Nfft/2);
Rx_sample pre = Rxpulse(l:T:time maxRx-T);

$Rx_sample pre = Rxpulse(l:T:time maxRx-1);

Rx_sample all =[RxX_sample pre Rx sample_max RxX_sample post];

figure

plot(time(1l:Nfft/2), Rxpulse,’r’);hold on
plot(time(time maxRx),Rx sample max,’'og’)
plot(time(time maxRx+T:T:Nfft/2),Rx sample post,’ob’)
plot(time(1l:T:time maxRx-T),Rx_sample_pre, ob’)
gplot(time(1:T:Nfft/2),Rx sample, ‘ob’)

axis([0 40 -.1 .5])

legend( 'PulseResponse’, 'Sample’, 'ISI'),
title('Pulse Response’)

xlabel(’Sample(UI) ")

ylabel('Amplitude’)

grid; hold off

taps.numPre=numPrecursor
taps.numPost=numPostcursor
taps.main=Rx_sample_ max
taps.pre=Rx_sample_ pre
taps.post=Rx_sample post(1l:numPostcursor)
$time new = time(l:T:Nfft/2);
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Appendix C

Matlab Code: ZeroForcing Equalizer

8/3/10 4:26 AM /Users/anishka/Passport _backup/Research.../ZeroForcing.m 1 of 2

%define the signal to noise ratio
SNR_dB =-10:1:10;

snr = 10.~(SNR_dB/10);
%symbol energy

Es=1;

forii =1 : length(snr)
SNR = snr(ii);
%Find noise standard deviation
Nvar = Es/SNR/2;

Y%number of symbols
Nsym =10;
Nbits = Nsym;

%channel impulse response
h1=1;h2=0.5;h3=0.2;
h =[h1 h2 h3];

%ISI generated in L symbols
L =length(h) - 1;

%generate the channel matrix

Ncols = Nsym;

Nrows = Nsym +L;

H_row = zeros(1,Ncols); H_row(1) = h1;
H_col = [h zeros(1,Nrows - (L+1))];

H = toeplitz(H_col,H_row);

for runs =1 : 5000

%generate the nrz signal
x = sign{rand(1,Nbits) - 0.5);

%generate the noise
noise = sqrt(Nvar)*randn(Nrows,1);

%generate the received sequence
y = H *x(:) + noise;

7
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3]
0

% implement the ZF equalizer %
o

xest = inv(H™H)*H"y;

xest(xest<0) =-1;

xest(xest>=0) = +1;

x = x(:);

err = find(x ~= xest);

ErrRatio(runs) =length(err)./length{x);

%[nosense ErrRatio(runs)] = symerr(x,xest);
end

%BER=(Bit in Error)/(Total bit recieved)
BER(ii) = mean(ErrRatio);

end
figure(1);
semilogy(SNR_dB,BER,"-ko",'linewidth',1.0);

grid on;xlabel('SNR (dB)');ylabel('BER");
hold on;

78



Appendix D

Matlab Code: Pre-emphasis at the Transmiter

8/3/10 4:19 AM /Users/anishka/Passport _backup/Researc.../Tx_ EQ SBR.m 10f#6

infile ='peters_01_0605_B20_thru.s4p’;
[Tx chFilter]=SingleBitResponse(infile);
%[main_cursor precursor postcursor]=SingleBitResponse(infile)

0,
(]

%pre-emphasis filter
%H(z) = 1-a*z"-1
0,

%input filter

len =100 % length of the bit squence

M=2; %M defines the number of amplitude level M=2 NRZ
var =1; %Var=variance of pulse s.t seq = seq*sqrt(3*Var/(M*2-1))
x = pam{len,M,var); %bit sequence of amplitude given by M
%stem(x,'g"); hold

%generate PAM waveform

oversample=2;

pams=zeros(1, oversample*len);

pams(1:oversample:end)=x; %Up-sample sequence
Txshape= filter(Tx. Txpulse,1,pams); %plot(Txshape)

0,

o

%pre-emphasis filter acts on the post-cursor
%H(z) = 1-a*z*-1 =[1 -a]
0

%TXshape= filter(x,1, Txpulse);

a_post = Tx.cursor.post;

postFilter= [1 -a_post];

PreEmphasis = filter(postFilter,1,Txshape);

PreEmphasis_sbr = filter(postFilter,1, Tx. Txpulse);
%Pre_emphasis = filter([1,-0.5],1,Txshape); %filter tap a =-0.5
figure

plot(PreEmphasis, 'r'); hold on;

plot(Txshape, 'b"); hold off;

[
(]

[
(3

%De-emphasis filter acts on the pre-cursor
%H(z) =-a +z*-1=[1-a]
0,

%T Xshape= filter(x,1,Txpulse);
%Txshape= filter(Txpulse,1,pams); plot(Txshape)
a_pre = Tx.cursor.pre(end)
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preFilter = [-a_pre 1];

DeEmphasis = filter(preFilter,1, Txshape);

DeEmphasis_sbr = filter(preFilter,1, Tx. Txpulse);

%De_emphasis = filter([-a_pre 1],1,Txshape); %filter tap a =-0.5
figure

plot(DeEmphasis, 'r'); hold

plot(Txshape, 'b'); hold off

o/
o]

Y%effect of symbol response after equalization at the transmiter
Yo

TxEQ_postF = fftshift(fft(PreEmphasis_sbr));

Y%figure; plot(20*log10(abs(TXEQ_sbr_f))); title('Magitude of fft(single pulse)')
TxEQ.pre_f=TxEQ_preF.*chFilter;

TxEQ.post f=TxEQ_postF.*chFilter;

Yofigure

Y%plot(20*log10(abs(TxEQ.pre_f)),'r'); hold
Y%plot(20*log10(abs(chFilter)),'b");

Yotitle('Magitude of convole Channel and Transmitted pulse')
Y%ylabel('Amplitude (dB)')

%xlabel('Frequency')

Nfft=Tx.Nfft;

TxEQ.PrePulse1=real(ifft(ifftshift(TXEQ.pre_f))); %taking the fft
TxEQ.PrePulse =TxEQ.PrePulse1(1:Nfft/2);
TxEQ.PostPulse1=real(ifft(ifftshift(TXEQ.post_f))); %taking the fft
TxEQ.PostPulse =TxEQ.PostPulse1(1:Nfft/2);

%Rx_sample = Rxpulse(1:T:Nfft/2);

figure

plot(Tx.time(1:Nfft/2), TXEQ.PrePulse,'r');hold on
plot(Tx.time(1:Nfft/2), TxEQ.PostPulse,'q");

plot(Tx.time(1:Nfft/2), Tx.Channel. Txpulse,'b"); hold off
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