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Abstract 
In the European research projects SIAM and 100GET, building blocks for 100Gbit Ethernet 

optical link have been implemented. Data are sent from a computer, modulated, converted 

to analog, mixed onto the RF-band, sent through an optical link, down-mixed, converted 

back to digital, demodulated and sent to a receiving computer. Signal Processing Devices 

Sweden AB is contributing to this project by their implementation PANDA. This thesis has 

been to study, as a proof of concept, and implement a prototype of PANDA as the 

component converting from digital to analog signal, the DAC, in 65nm SOI CMOS 

technology. 

The idea of the system is to use the concept of time interleaving, where two or more 

components interact by performing the same operations on a different set of data, ideally 

scaling the performance linearly with the amount of components used. 

This report presents design, implementation and verification at simulation level. It includes 

interfacing with off-chip components in low voltage specifications, clock generation, filtering 

and current-steered switches.  
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1. Introduction 

1.1.  Background 

In the early years of electronics, currents and voltages were always represented with an 

infinite set of levels and as continuous in time. This electronic was considered analog. After 

the invention of the vacuum tube it however became well aware that modulating a signal 

into a digital one in some cases makes it easier to operate, less susceptible to noise and also 

easier to implement. However, it was not until the invention of the transistor in the late 

1940’s that the benefits of digital computing became spread. 

According to Gordon Moore, number of transistors on a chip would double every 1.5 years, 

which at least for the last decade have meant a doubling of clock frequency every three 

years [1]. Some parts of electronics will always be analog, which puts an ever increasing 

demand on converters between these analog and digital domains.  

This thesis work is a part of two European research projects called 100GET and SIAM. They 

are together conducting researching to find an effective solution to increase performance 

and in the end implement a system capable of transmitting 100 Gb/s Ethernet through an 

optical link. A critical part of this system is the Digital to Analog Converter, DAC.  The task of 

constructing this DAC was offered to Signal Processing Devices Sweden AB located in 

Mjärdevi Science Park, Linköping, Sweden. 

1.2.  Scope 

As a first goal in these research projects, it is of interest to construct a prototype for this 

DAC on-chip. This actually came to be two thesis works, where one was completed in the fall 

of 2008 [2]. That one analyzed the architecture around the DAC, designed the algorithms to 

use and ran simulations to make sure that the DAC is realizable.  

This thesis is the second part of this project and is meant to realize these algorithms in a 

state-of-the-art 65nm SOI CMOS process. It includes schematic level design, full custom 

layout and final verification. Requirements are set at the start and the thesis work is 

considered done when the layout is sent to the foundry for manufacturing, fully meeting all 

of these requirements or not. Another thesis work is currently defined, including 

construction of a PCB and performing measurements on this DAC to see whether the 

performances were met. 

1.3.  Method 

This project is started with a literature study of different DAC architectures and their 

benefits and drawbacks. The difficulties with today’s converters are analyzed and important 

performance metrics are studied. Different strategies to overcome these issues are studied, 

though mostly to give an understanding of the problem rather than implementing the 

solutions themselves. Due to the limited time and the consideration this is only a prototype, 
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all variables that would normally have to be solved in a final circuit are not considered in 

this thesis work. 

Most of the work is located in the premises of Acreo AB, campus Norrköping due to their 

access to multiple cadence licenses. Two milestones are defined 

- Schematic done and simulated. 

- Layout done and simulated. 

Unfortunately due to various problems with the software, it will be found that there is no 

possibility to extract a netlist from the layout. This means simulations after layout will not 

be done and verification is only made on the schematic level. One can expect a major 

performance degradation going to layout level applying interconnect parasitic and 

additional degradation after fabrication. 

1.4.  Structure 

Chapter 2 - Solution 

The report starts with describing the context in which the system will be used. It illustrates 

how the system constructed here is integrated and together with other parts will complete 

the full 100 gigabit Ethernet system. The basic requirements for the chip and its major block 

components are derived here. 

Chapter 3 - Digital to analog conversion 

This chapter explains the way the digital signal is transformed into an analog representation. 

The reader is also informed of problems to consider and ways of solving these. 

Chapter 4 - Clock generation 

Here the ways of generating the system clocks are covered. It discusses the importance of 

the clock generation, the different ways of generating them and finally the implementation 

and results. 

Chapter 5 - Interpolation and filtering 

The reader can here find out how the interpolation and filtering is done on-chip.  It presents 

the RRC-filter and how to handle saturation and quantization of the filter output signal. 

Chapter 6 - LVDS receivers 

This chapter describes how the chip communicates with components off-chip. The receivers 

for LVDS signaling are described and results are also illustrated. 

Chapter 7 - Discussion 

The final results, conclusions and discussions are presented in this chapter. Here the reader 

quickly can find out what the results of the thesis work are, what could be done better and 

what the future plans for the project are. 
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Chapter 8 - Quick user manual 

This chapter is mainly written as a support for the user of the system. It describes how to 

connect the chip to the surrounding environment and informs of what to input and what 

the expected output will be. It also briefly describes some methods for troubleshooting. 

Chapter 9 - Bibliography 

This is where the sources used for this thesis project are listed. For further interest in the 

subject, the reader is referred to this listing. 

Chapter 10 - Appendix 

Pictures that are considered to be too large to be included in the report itself can be found 

in this chapter. If the user quickly is interested to see layout pictures, then this is the chapter 

to go to. 
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2. Solution 

2.1.  100 gigabit Ethernet 

As mentioned, this thesis project is part of a European research project and is part of a 100 

gigabit Ethernet system with its simplified appearance according to Figure 1 below. 

 

Figure 1. An overview of the complete 100 gigabit Ethernet system. 

The sender side most likely consists of some kind of computer. To be able to reach a speed 

of 100Gb/s the system needs to be divided in to several smaller sub systems. That is why the 

flow of bits first is split and then different sets of data are modulated and sent to separate 

DACs. The analog signal generated from the DAC is mixed to the frequency band and all 

different sets of signals are sent through the same optical link. 

On the receiving side the combined signal are down-mixed and filtered to once again 

generate each set of signals. These signals then each pass through an ADC and their digital 

representation is just combined to reveal the full message that was sent. 

The system to be implemented in this thesis is one of these DACs. This DAC along with the 

other components along the path of one set of data are then copied arbitrary times to 

generate the complete 100 gigabit-system. 

2.2.  DAC system overview 

The modulation scheme used in this implementation is called QAM and more specifically a 

16-QAM, which is an amplitude-modulated scheme where the signals are sent over the 

same medium 90° phase-shifted from each other. For this scheme, one can view its 

constellation diagram that is shown in Figure 2. 



5 
 

 

Figure 2. Constellation diagram of the 16-QAM. 

This shows that the data can be seen as an I- and a Q-signal each having a two-bit 

resolution. Together they make up 16 different data points, hence the name of the 

modulation scheme. These two-bit signals are totally independent from each other and it is 

thus possible to see the DAC as having only two bit inputs. After sent through the optical 

link, I and Q can be demodulated separately.  To send the complete four-bit signal, two 

DACs of this type are used. By using this scheme the effective bandwidth of the link is 

doubled. 

In this implementation a setup with 3.5 GHz bandwidth is tested. The system to implement 

is thus viewed as a 3.5 GHz system. A signal bandwidth of 3.5 GHz means according to the 

sampling theorem that a sample rate of at least 7 GS/s is needed. However, to further relax 

the requirement of the following analog low pass filter the system uses an oversampling 

ratio of two to reach 14 GS/s. 

As already explained, the full 100 gigabit system is constructed by copying a number of 

smaller subsystems. The way of transmitting these different resulting analog signals on the 

same transmission channel is called sub carrier modulation, SCM. This splits the data into a 

set of independent, narrow band pass channels according to Figure 3 below. Each of these 

sub bands can be considered as independent systems. 

 

Figure 3. Illustrating the four channels of data in this SCM system. 
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For a total transfer rate of at least 100 Gb/s, the final system will employ four separate data 

paths, each with one I- and Q-DAC each, yielding 

 4 [𝑏/𝑐𝑎𝑟𝑟𝑖𝑒𝑟] ∗ 7 [𝐺𝐻𝑧] ∗ 4 [𝑐𝑎𝑟𝑟𝑖𝑒𝑟] = 112 [𝐺𝑏/𝑠].  

 

Figure 4 below shows the idea of achieving the full 100 Gb/s transfer rate. The I- and Q-DAC 

is of course exactly the same, only named differently because of the signal it converts. That 

means, one of these DAC components are created here and copied to form the system for 

one path described earlier. This DAC component is from now on simply referred to as the 

DAC, since that is what is designed and implemented in this thesis work. 

 

Figure 4. Picturing the sender side when sending at least 100 Gb/s. 

2.3.  DAC system specifications 

Since SP devices’ specialty is design of time-interleaved ADC’s, the use of interleaving is 

investigated even here. Also, interleaving is more or less necessary in this case since an on-

chip data rate of 14 GS/s is unrealistic otherwise. This system (I-DAC or Q-DAC) uses an 

interleaving ratio of four and the data will be modulated as Return-to-Zero, RTZ. Figure 5 

shows the idea behind interleaving. 

 

Figure 5. The idea behind interleaving. 

The DAC is split into four separate entities running in parallel. Each small DAC is taking care 

of every fourth sample. In the end, this means each DAC has a throughput of 3.5 GS/s 

clocked at 3.5 GHz. 

The fact that the system is interleaved and the data is represented as RTZ will cause two 

DACs always overlapping with each other. As an effect, this gives the transfer function  

𝐻 𝑧 =
1 + 𝑧

𝑧
, 

112 Gb/s Analog

I-DAC

Q-DAC
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+
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DAC

DAC
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which results in a zero at half the sampling frequency (7 GHz). Since the frequency band is 

up to 3.5 GHz, this suppression is almost only noise which gives the requested noise-

shaping. Delta-sigma modulators were also investigated previously but were proved to not 

give the expected performance increase when used with interleaving [2]. 

The system is to be interfaced with a Xilinx Virtex-5 FPGA [3]. This has support for Low 

Voltage Differential Signaling LVDS, which often is used in high speed applications. Also, to 

double the transmission rate or equivalently halve the LVDS clock speed Double Data Rate 

DDR will be used. The maximum data transfer rate of the Virtex-5 is 1.0 Gb/s per data 

output using DDR LVDS technique and the DAC needs 14 Gb/s (7 GS/s, where each symbol is 

2 bits). That means that the data need to be input using at least 14 LVDS pairs. 

The synchronization between the FPGA and the chip is important and the LVDS interface of 

the FPGA is therefore clocked from the chip. Since the LVDS clock is generated on chip, it is 

desirable to keep the chip clock a multiple of the LVDS clock. An LVDS clock of one eight of 

the system clock is easily realizable by a simple three-bit counter. This yields an LVDS clock 

of 437.5 MHz, an input data rate (DDR) of 437.5 MHz using 16 LVDS pairs. This gives an 

effective input data rate of 

437.5 [𝑀𝐻𝑧] ∗ 2 [𝑆/𝑖𝑛𝑝𝑢𝑡] ∗ 8 [𝑖𝑛𝑝𝑢𝑡] = 7  𝐺𝑆/𝑠  

All specifications mentioned above are summarized in the following table, Table 1. 

Parameter Number 

Signal bandwidth 3.5 GHz 

System clock frequency 3.5 GHz 

Input data rate 7 GS/s 

Bits per symbol 2 

Input data pairs 16  

Input data rate per pin 437 MHz DDR 

Output data rate 14 GS/s 
Table 1. Course specifications of the system.  
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2.4.   Building blocks 

Four major building blocks are identified from this specification and are pictured in Figure 6 

below. 

 

Figure 6. System overview revealing four major blocks. 

First, the data need to be input to the chip and somehow converted to a digital signal 

following the specification of the process node. For this, LVDS receivers are necessary to 

implement. The data will be interpolated and filtered on chip, therefore a filter is designed. 

The data of course need to be converted to an analog signal, needing the conversion block 

itself. Finally, due to the interleaving, the different DAC cores in the conversion block need 

to be clocked individually since they each have to operate on different samples. Of course 

all DAC cores should be fully utilized and used on every clock cycle, which is why four 

samples will be converted each time. That means that every fourth of a clock cycle a new 

sample value needs to be generated. This is done by clocking each DAC core with a version 

of the system clock delayed 90° from the previous. A way of inputting or generating these 

phase-aligned clocks is needed.  

  

Digital to analog 

Conversion

Clock generation
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3. Digital to analog conversion 
This chapter explains how the conversion from the digital to the analog domain is done. It 

brings up the issues regarding noise, reduction of glitch energy and how the layout is 

planned. Conversion results are mainly of interest when performed on the whole chip, why 

these results are presented in chapter 7 - Discussion instead. 

3.1.  DAC specifications 

The desired space between different the carrier frequencies sets a requirement on the 

number of bits needed to represent the data in the digital to analog conversion. In this 

implementation this is about four to five bits but is in this prototype relaxed to the lower 

four bits so as to concentrate on the reaching the required speed of the chip. 

Because of the high sample rate of the system and the somewhat small number of bits, the 

proposed solution is to a use current steered conversion method like seen in Figure 7. The 

inherent speed of these is basically just limited by the speed of the gate-drive signals of the 

input [4]. The current switch is differential and a voltage drop will occur over one of the 

resistors depending on the input pattern. The total current is kept constant by using a 

current source. 

 

Figure 7. The principles of a current switch. 

A number of these switches can be connected together and different bit values can be 

achieved by changing the resistive load or scaling the steered current for each bit. However, 

since the switching of the differential inputs are typically hard to exactly synchronize this 

can cause big glitches when turning on/off MSB and off/on the rest (Figure 8). 

 

Figure 8. If weighted differently, the change of ± 1 LSB 
in output voltage can cause an intermediate value of ± 8 LBS. 

This results in a higher Differential NonLinearity, DNL [4].  Also, due to gradients in the wafer 

this results in a high code-dependent linearity, affecting the dynamic characteristics of the 

DAC. To lower this glitch energy and code-dependant linearity, all or part of the bits are 

normally represented as multiple equally-weighted current switches. In this 

in

inb

out

outb

RLRL

P

VDD VDD

b3b2b1b0

1 0 0 0
b3b2b1b0

0 1 1 1

0 1 1 1 1 0 0 0



10 
 

implementation, 16 equally-weighted current switches according to Figure 9 are used for 

each interleaved entity. 

 

Figure 9. 16 current-switches with shorted outputs. One switch added to represent 010. 

3.2. DAC current cell 

The most basic current cell is to implement the current source in Figure 7 simply by an 

NMOS or PMOS transistor, where NMOS is chosen here for its higher current capability, 

reducing the width of the transistor and thus the capacitances at node P. It is possible to 

add a cascode transistor to increase the output impedance of the source but is not 

implemented here due to the low process voltage supply of 1.2 V. A cascode transistor 

would lead to lower voltage swing at the outputs. The length of the current source M1 is 

kept higher than minimum size to decrease the effect of channel-length modulation and 

keep the output impedance high. Each current cell consists of an NMOS current source and 

an NMOS differential current switch pair according to Figure 10. 

 

Figure 10. Each current cell is implemented with three NMOS transistors. 

When designing digital to analog converters, a rule of thumb is to make sure the thermal 

noise of the circuit is much lower than the quantization noise. Since this is an 

implementation of only four bits, the quantization noise is very big compared to the thermal 

noise so this will not cause any problems.  

out
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Figure 11. The current cell with all current switched through the negative side. 

The current to be switched and the size of the resistors can be experimented with but three 

factors give us bounds for the variables. Studying Figure 11, the pole in node Q has to be 

placed higher than the bandwidth. This gives 

 1

2𝜋𝑅𝐶
> 𝑓  𝑅 <

1

2𝜋𝑓𝐶
. (1)  

 

The switch pair needs to operate in saturation, which gives 

𝑉𝐺𝑆 = 𝑉𝐷𝐷 − 𝑉𝑆, 

𝑉𝐷𝑆 = 𝑉𝐷𝐷 − 48𝑅𝐼0 − 𝑉𝑆, 

where I0 is the current switched trough each source and the constant 48 comes from the fact that at 

most 48 (2 ∙ 8 + 2 ∙ 16) switches can be turned on. This has to do with that the four interleaved 

entities are operated with return-to-zero data so that two entities will always be balanced (each 

with eight switches turned positive and eight turned negative) and the other two have 16𝐼0 of 

current to switch. 

𝑉𝐺𝑆 − 𝑉𝑇 < 𝑉𝐷𝑆 , 

𝑉𝐷𝐷 − 𝑉𝑆 − 𝑉𝑇 < 𝑉𝐷𝐷 − 48𝑅𝐼0 − 𝑉𝑆, 

 𝑉𝑇

48𝑅
< 𝐼0. (2)  

 

Finally, the output power needs to be in a suitable range. That is given by 

 

10𝑙𝑜𝑔10

 

 
 

 
16𝐼0

 2
 

2

∙ 𝑅

10−3

 

 
 

. (3)  

 

Assuming a capacitive load of 3 pF along with inputting our bandwidth of 3.5 GHz, (1) gives 

𝑅 < 15 𝛺. 
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Using this value along with the fact that the threshold voltage, VT, is around 350 mV in (2) 

gives 

𝐼0 < 480 ∙ 10−6 𝐴 

In this implementation, R is chosen to 10 Ω and I0 is set to 100 μA, which according to (3) 

gives an output absolute power of about -19 dBm which is considered suitable. 

3.3.  DAC switch driver 

Due to the topology of Figure 10 it is of importance to make sure that the current through 

the source M1 is as constant as possible. If both switches are turned off, the current will 

drop causing the source to enter the linear region and then node P has to be recharged thus 

resulting in a slower switching time. To make sure that there is always one switch turned on, 

the crossing point (Figure 12) of the signals driving the gate of the current switches needs to 

be adjusted. From simulations it is found that this voltage is at about 950 mV. 

 

Figure 12. Crossing point of the gate drive signals. 

Also, there is no need to turn off the switches to a lower voltage than 𝑉𝑃 + 𝑉𝑡 , where Vp is 

the voltage at node P and Vth is the threshold voltage of the transistors. For that reason, 

transistor M1 and M2 in Figure 13 are inserted to add a threshold voltage, Vth, to the driving 

signal. This will reduce the glitches in the output signal. 

 

Figure 13. Transistor added to add a threshold voltage to the output. 

3.4.  Thermometer encoder 

When each current cell is equal to the other they need to be thermometer coded, where 110 

is represented as 10…02 and 210 is represented as 11…02 and so on. That means, one switch 

is turned on for each additional voltage level to represent. Since this implementation is a 

converter of only four bits 24 − 1 = 15 bits are needed to represent all 16 combinations. 

However, since each switch will always be either on or off another current switch is added 

to be able to represent zero. This is done when eight switches are turned on and eight are 

turned off. Therefore, it can be seen as half the current switches gives positive output and 

half the current switches gives negative output when turned on (logical ‘1’). Expressions for 

this coding are presented in Table 2 and Figure 14 is a realization of those expressions. 
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Decimal 
Binary 

[b3b2b1b0] 
Thermometer 

[t15t14…t0] 
Expression 

0 0000 0|000 0000 0000 0000 𝑡0 = 𝑏0 + 𝑏1 + 𝑏2 + 𝑏3 = (𝑏0 + 𝑏1
         )       

𝑐0

(𝑏2  + 𝑏3
          )       

𝑟0

                         = 𝑐0𝑟0      

1 0001 0|000 0000 0000 0001 𝑡1 = 𝑏1 + 𝑏2 + 𝑏3 = 𝑏1 
𝑐1

 (𝑏2 + 𝑏3
         )               = 𝑐1𝑟0      

2 0010 0|000 0000 0000 0011 𝑡2 = 𝑏0𝑏1 + 𝑏2 + 𝑏3 = 𝑏0𝑏1 
𝑐2

      (𝑏2 + 𝑏3
         )                  = 𝑐2𝑟0      

3 0011 0|000 0000 0000 0111 𝑡3 = 𝑏2 + 𝑏3 = (𝑏2 + 𝑏3
         )            = 𝑟0  

4 0100 0|000 0000 0000 1111 𝑡4 = (𝑏0 + 𝑏1)𝑏2 + 𝑏3 = (𝑏0 + 𝑏1
         ) 𝑏3 

𝑟1

   + (𝑏2 + 𝑏3
         )                               = 𝑐0𝑟1 + 𝑟0            

5 0101 0|000 0000 0001 1111 𝑡5 = 𝑏1𝑏2 + 𝑏3 = 𝑏1
 𝑏3

   + (𝑏2 + 𝑏3
         )                     = 𝑐1𝑟1 + 𝑟0            

6 0110 0|000 0000 0011 1111 𝑡6 = 𝑏0𝑏1𝑏2 + 𝑏3 = 𝑏0𝑏1
       𝑏3

   + (𝑏2 + 𝑏3
         )                         = 𝑐2𝑟1 + 𝑟0            

7 0111 0|000 0000 0111 1111 𝑡7 = 𝑏3 = 𝑏3
   = 𝑟1  

-8 1000 0|000 0000 1111 1111 𝑡8 = (𝑏0 + 𝑏1 + 𝑏2)𝑏3 = (𝑏0 + 𝑏1
         )𝑏2𝑏3

       
𝑟2

+ 𝑏3
                            = 𝑐0𝑟2 + 𝑟1            

-7 1001 0|000 0001 1111 1111 𝑡9 = (𝑏1 + 𝑏2)𝑏3 = 𝑏1
  b2b3

       + 𝑏3
                   = 𝑐1𝑟2 + 𝑟1            

-6 1010 0|000 0011 1111 1111 𝑡10 = (b0𝑏1 + 𝑏2)𝑏3 = 𝑏0𝑏1
        b2b3

       + 𝑏3
                      = 𝑐2𝑟2 + 𝑟1            

-5 1011 0|000 0111 1111 1111 𝑡11 = 𝑏2𝑏3 =  b2b3
              = 𝑟2  

-4 1100 0|000 1111 1111 1111 𝑡12 = (𝑏0 + 𝑏1)𝑏2𝑏3 = (𝑏0 + 𝑏1
         ) + 𝑏2𝑏3

                           = 𝑐0 + 𝑟2          

-3 1101 0|001 1111 1111 1111 𝑡13 = 𝑏1𝑏2𝑏3 = 𝑏1
 + 𝑏2𝑏3

                  = 𝑐1 + 𝑟2          

-2 1110 0|011 1111 1111 1111 𝑡14 = 𝑏0𝑏1𝑏2𝑏3 = 𝑏0𝑏1
      + 𝑏2𝑏3

                     = 𝑐2 + 𝑟2          

-1 1111 0|111 1111 1111 1111 𝑡15 = 0 

Table 2. Expressions generated to efficiently implement the thermometer decoder.

 

Figure 14. Implementation of the thermometer decoder. 

3.5. Layout of DAC 

To make the conversion block as ideal as possible the mismatches between the respective 

bits in each DAC and also in between the four interleaved DACs must be as small as possible. 

This makes symmetry and tight implementation very important. The layouts of the current 

switch and the current matrix are presented in Figure 46 and Figure 47 in the Appendix. In 

Figure 48 and Figure 49 the, one can see that careful planning of the clock layout is needed. 

The clocks are fed to the DACs symmetrically to minimize skew.  
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4. Clock generation 
This chapter explains the fashion in which the four individual DACs actually are clocked. This 

includes a description of the major problem, different methods to solve it, the 

implementation in schematic level, the issues of layout and the final results. 

4.1.  Problems of clocking the chip 

One of the main problems of interleaving the DAC is the way of generating four clocks, each 

delayed 90° from the previous one. This problem is even more severe taking into account 

the very high switching frequency. If these clocks are not perfectly aligned like illustrated in 

Figure 15, this will lead to unwanted noise in the output analog signal.  

 

 

Figure 15. The four clocks need to be as aligned as possible. Dotted line illustrates ideal generation. 

According to simulations, this noise occurs both within the signal bandwidth as harmonics 

but also at higher frequencies outside the band. Even these latter tones can be harmful 

since they put higher demands on the output analog filter. According to the previously done 

thesis work in this research project, this skew of the clock had to fulfill these set of 

requirements (Table 3) for the DAC to safely remain within its specifications. Requirement 

three can be translated to that if the clock and its inverse are skewed together, then they 

can be skewed as much as 12 % compared to the other two clocks. 

Error type Requirement 

Skew of one DAC < ± 6 % 

Skew of multiple DACs < ± 3 % 

Skew of DAC and inverse of DAC < ± 12 % 

Clock jitter variance < 0.009 
Table 3. Clock specifications to be followed to minimize harmonics on the output analog signal. 

4.2.  Different methods of generating clocks 

To generate these clocks, four ideas are considered: 

1. Inputting all four clocks. 

2. Generating all four clocks on-chip. 

3. Control the delay of the clocks by a configurable delay line. 

0°

90°

180°

270°

Skew
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4. Use the method of passive RC polyphase filters. 

The theory behind the first method is of course the easiest one, but also the most 

impractical. Generating four clocks, separated by 90°, at a frequency of 3.5GHz needs 

expensive equipment. What could be done is to generate one clock and by varying the 

length of the wires to the chip somehow virtually input clocks shifted by 90°. This is of 

course very cumbersome and would also lead to a low precision and a high clock 

uncertainty. Even if this way would be considered good enough for a prototype, a suitable 

way is of generating this for the future work is needed. 

The second method means implementing a VCO capable of generating the quadrature 

signals. This is however considered a thesis project of its own and therefore out of scope for 

this thesis project. This could probably be a valid solution for a final product. 

The third method seemed to be easy too at a first glance since this could be done in a purely 

digital manner. Using this method the required bandwidth of the clock generating block sets 

the needed precision and maximum delay. There is not really any specific requirement of 

the bandwidth but it might be desirable to be able to clock the DAC in at least the range of 

𝑓𝑐𝑙𝑘 _𝑙𝑜𝑤 = 2 GHz to 𝑓𝑐𝑙𝑘 _𝑖𝑔 = 4 GHz. The lower 2 GHz would here set the maximum delay 

needed and the higher 4 GHz would set the precision and minimum delay needed according 

to 

𝑇𝑑_𝑚𝑎𝑥 =
1

4 ∗ 𝑓𝑐𝑙𝑘 _𝑙𝑜𝑤
=

1

4 ∗ 2 ∗ 109
= 125 ∗ 10−12   𝑠  

𝑇𝑑_𝑚𝑖𝑛 =
1

4 ∗ 𝑓𝑐𝑙𝑘 _𝑖𝑔
=

1

4 ∗ 4 ∗ 109
= 62.5 ∗ 10−12   𝑠  

𝑇𝑑_𝑝𝑟𝑒𝑠 =
2∗𝑚𝑎𝑥 _𝑠𝑘𝑒𝑤

4∗𝑓𝑐𝑙𝑘 _𝑖𝑔
=

2∗0.03

4∗4∗109 = 3.75 ∗ 10−12   𝑠 . 

This means that a total delay adjustment of 62.5 𝑝𝑠 < 𝑇𝑑 < 125 𝑝𝑠 with a precision, 

𝑇𝑑_𝑝𝑟𝑒𝑠 , of 3.75 ps is needed. In this process, the delay of a simple inverter is however 

measured to be around 10 ps, yielding this method impractical. 

What should be mentioned also is that the generation of the clocks should lie within the 

specifications even when considering manufacturing variations and temperature 

fluctuations. This would add even more stress to the above mentioned method. 

The fourth method is therefore investigated further and it is seen that it is suitable for our 

needs. 
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4.3.  Polyphase filter 

The basic idea behind the polyphase filter is shown below in Figure 16. 

 

Figure 16. The basic idea behind a passive RC polyphase filter. 

This filter can be input either by signals already at quadrature or simply by differential 

signals. In this case it is of interest to input differential signals since these are easy to 

generate and are already available due to the LVDS interface. The transfer function of the 

polyphase filter depends on how the inputs of the filter are arranged. Figure 17 below 

illustrate two possible ways, whereas the first yields a constant 90° phase shift and the 

second gives a constant magnitude in the ideal case. However, the first method has twice 

the sensitivity to component mismatches compared to the second one and therefore 

actually often results in a worse phase alignment [5]. That is why the second method is used 

here. 

 

Figure 17. Two different ways of configuring the inputs to the polyphase filter. 

An interesting thing that was seen in Table 3 given earlier is that the requirement on the 

phase error can actually be relaxed to 12 % if each clock and its inverse is skewed together 

(keeping a 180° phase difference). This is typically the case with polyphase filters because of 

its symmetric design. 
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4.4.  Implementation of polyphase filter 

Since process variations must be taken into account this task is started by finding out which 

implementation of resistor and capacitor is least susceptible to these variations. Metal-to-

metal resistors are discarded since these provide to low resistivity and thus need very large 

area. This can be seen in Table 4 below. Also, larger resistors and capacitors in terms of area 

decrease process variations. This is of course a trade-off between reliability and area. 

Resistors Capacitors 

Type Variation Type Variation 

N-well resistor ≈ 44 % M2 – M3 ≈ 18 % 

P-well resistor ≈ 29 % MiX – MiX ≈ 11 % 

High resistivity resistor ≈ 22 % M5 – M6 ≈ 11 % 
Table 4. Process variations for different implementations of resistors and capacitors. 

To suppress these variations as much as possible and also increase the bandwidth of the 

filter, it is generally constructed by using several stages. Each additional stage makes the 

signal separation reach closer to 90° despite of component mismatches [6]. In this work, it is 

designed with three stages (like Figure 16). CMOS inverters are also used to compensate the 

decay of the signal through the filter. Also, active polyphase filters typically consume less 

power and can be laid out in a smaller chip area [7]. 

Each resistor-capacitor-cell in the figure is implemented according to Figure 18 below. 

 

Figure 18. Cell implementation of an active polyphase filter. 

All values of resistances, capacitors and width and lengths of the transistor are kept the 

same throughout the stages. This is to simplify the implementation, specifically the layout 

which is a lot easier to keep symmetric if all stages look the same. In future work, one can 

however investigate the need of adjusting each stage separately giving a higher bandwidth. 

Large clock buffers are added on the output of the filter to be able to drive the circuits 

following it. Since the timing of the clocks to each individual DAC is of utmost importance it 

is necessary to keep the load of each separate clock wire as equal as possible. Therefore, a 

separate buffer is added to the clock line driving the purely digital parts of the chip (Figure 

19) and dummy buffers are placed on the other filter outputs. 

Out

Phase

In
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Figure 19. Clock buffer placement. Dummy buffers shaded in dark blue. 

Now care has to be taken in the transfer of signals between the two clock domains. Since 

the clock to the analog block and digital block is laid out differently yielding different loads, 

these clocks will not be perfectly synchronized with each other. To make this 

synchronization work as expected, dummy delay elements are added in between the flip-

flops consisting of several inverters (Figure 20). 

 

Figure 20. Inserted inverters between digital and analog domain so as to eliminate race conditions. 

The re-synchronization of the data to the different DACs working in different phase are done 

by delaying it 270° at a time thus allowing 75% of a period to complete its action. Figure 21 

shows how this is done and Figure 22 displays the corresponding example waveform. 

Sometimes additional logical circuitry is placed in between serially connected flip-flops to 

avoid race conditions, but this is not needed in this case. Dummy flip-flops are however 

added where needed so as to again equalize the load on the clock signals. 
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Figure 21. Phase aligning of data. Dummy flip-flops shaded 
in dark blue added to equalize clock load. 

 

Figure 22. Graph of respective signal path in Figure 21. 

Polyphase filters are very sensitive to variations in component values. These variations 

generally arise from process mismatch and parasitic effects [8]. A great deal of care is 

therefore taken when performing the layout of the filter. 

Since the stages all are made the same, the layout can be made somewhat symmetrical. 

Capacitances are however very sensitive to the parasitic capacitances added when doing the 

layout, why this needs some attention. 
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The layout of the polyphase filter can be studied in Figure 50 in the Appendix. Routing is 

done with small width keeping some distance between adjacent channels, minimizing both 

fringing- and bottom-plate -capacitances. To equalize the load difference on the output 

caused by the buffer for the digital clock, dummy transistors are added to the other clocks. 

4.5.  Clock generation results 

A number of different factors will affect the performance. Except for the obvious process 

variations and temperature it is also of interest to know how well it performs in the case of 

a slight mismatch between skew already present at the input. Also the frequency is varied to 

get some idea of the bandwidth of the filter. These figures are plotted in Figure 23 to Figure 

28. The right side plots the delay of each clock and its inverse. 

When observing the plot of different process variations it is seen that this causes the skew  

between two adjacent clocks to be as high as 6 % compared to the desired value. If only one 

clock would be skewed by this amount this would be meeting the requirements but in this 

case all clocks are susceptible to skew. It is also seen that if the chip is clocked at 

frequencies lower than 2.5 GHz the performance will be very poor. 

  



21 
 

 
Figure 23. Delays between the clock signals when seen at 
different process corners. 

 
Figure 24. Delays between the inverse clock signals when 
seen at different corners. 

 
Figure 25. Delays between the clock signals when 
clocked at different frequencies. 

 
Figure 26. Delays between the inverse clock signals 
when clocked at different frequencies. 

 
Figure 27. Delays between the clock signals when there is 
an input skew. 

 
Figure 28. Delays between the inverse clock signals when 
there is an input skew. 
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5. Interpolation and filtering 
This chapter explains how the interpolation is realized and filtering of signals is performed. It 

illustrates the problems, solutions and schematic level design. Layout work is not mentioned 

due to the pure digital layout. The filter is simulated in process corners TT 27° C, FF 27° C 

and SS 100° C and proved to function logically, why no result section exists either. 

5.1.  Interpolation 

Input to the chip is a 7 GS/s, 437.5 MHz DDR stream over 8 channels. The stream is then 

multiplexed by loading every other sample into two alternating shift registers to generate a 

7 GS/s, 3.5GHz stream over 2 channels. This is illustrated in Figure 29. 

 

Figure 29. Illustrating the multiplexing of the input stream. Each symbol is two bits. 

Due to the different clock domains of the LVDS receivers and the shift registers a 

synchronization of the clocks is needed. The shift registers are operating at a speed eight 

times higher than the LVDS receivers and therefore need alternating load and shift. The load 

signal is generated as illustrated in Figure 30 with the corresponding waveform drawn in 

Figure 31. 

 

Figure 30. Generation of the load signal. 
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Figure 31. The waveforms of the signals in Figure 30. 

The interpolation itself is realized treating the stream as a 14 GS/s stream with every other 

sample value as zero. A positive flank on the 3.5 GHz clock yields four new samples in which 

every other is zero. 

5.2.  The RRC-filter 

When the samples are interpolated, an interpolation filter acting as a low pass filter is 

needed. Also, it is of interest to reduce the interference of adjacent symbols. Due to this 

fact, an RRC-filter is also implemented. These filters are combined into one and constructed 

according to the FIR structure so as to easy parallelize it and use the approach of pipelining. 

The general formula of the FIR structure is 

 
𝑦(𝑛) =  𝑏𝑖𝑥[𝑛 − 𝑖]

𝑁

𝑖=0

  

 

where N is the memory (number of taps) of the FIR-filter and bi is the corresponding 

coefficient. In this implementation a 13-tap RRC-filter is used according to Figure 32 and 

Table 5. 

 
Figure 32. Coefficients for the RRC-filter implemented. 

i bi 

1 -1 
2 1 
3 1 
4 -3 
5 -1 
6 9 
7 16 
8 9 
9 -1 

10 -3 
11 1 
12 1 
13 -1 

Table 5. Coefficients for the RRC-filter 
implemented. 
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Table 6 below illustrates four sample periods, where the constants b0=b4=b8=b12= A, 

b1=b2=b10=b11=B, b3=b8=C, b5=b7=D and b6=E are the coefficients of the RRC-filter. Four 

filters are needed since 14 GS/s is needed from a 3.5 GHz system. Since every other sample 

is zero, simplifications can be done. As seen in the table, one can distinguish two types of 

filters, one with the even coefficients and one with the odd coefficients. 

Nr S0 0 S1 0 S2 0 S3 0 S4 0 S5 0 S6 0 S7 0 

1 A B B C A D E D A C B B A 0 0 0 

 A*S0 + B*S1 + A*S2 + E*S3 + A*S4 + B*S5 + A*S6    

2 0 A B B C A D E D A C B B A 0 0 

   B*S1 + C*S2 + D*S3 + D*S4 + C*S5 + B*S6    

3 0 0 A B B C A D E D A C B B A 0 

   A*S1 + B*S2 + A*S3 + E*S4 + A*S5 + B*S6 + A*S7  

4 0 0 0 A B B C A D E D A C B B A 

     B*S2 + C*S3 + D*S4 + D*S5 + C*S6 + B*S7  

                 
Table 6. Four consecutive sample periods. Two different filters are needed. 

These filters are simplified a little bit further trying to minimize the number of adders, 

adding a few extra delay elements instead. The filters are to be seen in Figure 51 and Figure 

52 in the Appendix. The two different filters are hooked on the sample stream according to 

Figure 33 below. 

 

Figure 33. Illustrating the filtering of the data stream. 

5.2.1.  Addition block 

According to the nature of the FIR-filter, the filtering is just a series approach of addition and 

multiplication. Subtraction is performed like normal by inverting the operand being 

subtracted and adding one. Multiplication is realized by arithmetic shifting and 
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addition/subtraction. Thus, simple adder cells and flip flops are the only thing needed. 

Apparently there is already one implementation of a full-adder cell to be found in one of the 

libraries available but this one proves to be too slow to be used in this circuit. To reach 

speeds as high as 3.5 GHz there are two options. 

1. Build the most straight forward ripple-carry adder and use a frequent amount of 

pipelining registers to decrease the critical path. 

2. Design a faster adder by using different carry-propagation techniques to decrease the 

critical path. 

In this design, number one is chosen because of its simplicity. A bitcell for the adders is just 

implemented with the use of standard cells according to Figure 34. 

 

Figure 34. Bitcell used for a implementing a simple ripple-carry adder. 

In an implementation used for the consumer market number two is probably better since 

unnecessary amount of pipelining registers only add additional power and area 

requirements. In this thesis, there are no requirements as such though. 

The adders are thereafter built by just connecting a number of these cells together. 

Pipelining registers are inserted every three adder cells. More frequent use of registers is 

impossible due to a clock-to-q-delay of up to 100 ps (more than one third of a 3.5GHz clock 

period) in slow transistor process corners. 

5.2.2. Saturation and quantization 

Each addition has the chance of causing an overflow. This is handled by adding an extra 

guard bit and discarding this after the addition is performed. An example adding two 4-bit 

values is presented in Table 7. 

   Guard      
610  0 0 1 1 0  

-610  1 1 0 1 0  

-3210 1 0 0 0 0 0  

010  0 0 0 0 0 Disregarding  MSB 
        

Table 7. Example of saturation. 

After each adder (addition or subtraction), the number of bits is increased by one. After all 

additions there are nine bits having values between −78 < 𝑋 < 78 that need a conversion 

xor
xor

nand

nand

nand

a
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down to the four bits used in the digital to analog conversion.  A value of zero translates to a 

zero to the DAC as well. Except for that, it is desired to make sure that the center tap values 

(-48, -16, 16, 48) is placed in the middle of their respective quantization level.  Figure 35 

below details that. 

 

-8 -7 -6 -5 -4 -3 -2 -1 0 1 2 3 4 5 6 7 
                
  *    *    *    *  
                
     -60 -52   -44  -36   -28 -20  -12   -4    4     12    20     28    36    44   52  
                 

Figure 35. Quantization and rounding of filter outputs to the four bits used in the DAC. 

It can easily be found out that this rounding and truncation can be done by simply adding 

four and truncating three bits according to 

𝑦𝑞 =  
𝑥𝑞 + 4

8
 . 

Saturation is also needed and is done according to 

𝑏0 = 𝑏0 ∗ (𝑏3 ⊕ 𝑏4
          ) + 𝑏3 ∗ (𝑏3 ⊕ 𝑏4), 

𝑏1 = 𝑏1 ∗ (𝑏3 ⊕ 𝑏4
          ) + 𝑏3 ∗ (𝑏3 ⊕ 𝑏4), 

𝑏2 = 𝑏2 ∗ (𝑏3 ⊕ 𝑏4
          ) + 𝑏3 ∗ (𝑏3 ⊕ 𝑏4), 

𝑏3 = b4. 

An example is presented in Table 8. 

 b4 b3 b2 b1 b0    
2810 0 0 0 1 1 1 0 0 
+410 0 0 0 0 0 1 0 0 

=3210 0 0 1 0 0 0 0 0 

trunc. 0 0 1 0 0    

sat.  0 1 0 0 => 410  
Table 8. Example of quantization of filter data. 
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6. LVDS receivers 
This chapter first deals with the specifications to be met for the LVDS receiver and 

afterwards briefly mentions how it is implemented. 

6.1.  Specification of LVDS 

LVDS is a low-voltage signaling scheme capable of transferring multi gigabits-per-second 

signals. The basic topology is illustrated in Figure 36, where the characteristic impedance of 

the link and the termination resistor is shown. 

 

Figure 36. Illustration of the LVDS interface between the chip and the FPGA. 

The requirements of the receiver are set by the transmitting end of the system, the FPGA. 

These can be studied in Table 9. 

Parameter Min [V] Typ [V] Max [V] 

Output high voltage   1.675 

Output low voltage 0.825   

Differential output voltage 0.247 0.350 0.600 

Output common-mode voltage 1.125 1.250 1.375 
Table 9. Voltage specifications of the LVDS interface of the FPGA. 

 The condition is a 100 Ω resistance across the signals at the receiver end. 

6.2.  Implementation of LVDS receiver 

The LVDS receiver is built as a two-stage operational amplifier according to Figure 37. In this 

implementation, there is no need representing the digital signals differentially on-chip, 

which is why the output is single-ended. The differential voltage is detected by the input 

transistors and is then input to the diode load constructed by transistors M3-M4. This 

current is mirrored on M5-M6 and then sent to an active current mirror generating the 

single-ended output. The output is followed by additional buffers having only a small 

increment in size for each step, so as to minimize the load on node N. 

+
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Figure 37. The LVDS receiver with output buffers. All transistors are 2.5 V thick-oxide devices to increase ESD protection.  

No time is spent on making advanced band-gap references. Instead, the bias current is 

generated off-chip and only mirrored and duplicated a number of times on-chip.  

6.3.  LVDS results 

Since the LVDS receiver is built with a single-ended output two LVDS receivers are 

connected in parallel (Figure 38) so as to generate the differential output for the clock. This 

can be seen as a last resort measure in the end due to a lack of time. 

 

Figure 38. Generation of the differential clock signals to be input to the polyphase filter. 

The LVDS receivers do not however guarantee keeping the duty cycle of the signal. Due to 

this fact, a slight change of duty cycle in the LVDS receiver can generate pulses according to 

Figure 39. 

 

Figure 39. The corresponding waveform when LVDS receiver does not keep a 50 % duty cycle. 
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This has some effect on the delay between the different clocks generated in the polyphase 

filter. For this reason, the key measure of the results used here for the LVDS receiver is its 

duty cycle. 

Figure 40 below illustrates duty cycle simulated with respect to differential voltage, process 

variations and also frequency. Input current reference, common mode voltage and skew 

between input signals are not plotted because they are shown to have little or no effect (to 

a certain limit) on the duty cycle. It is seen that the process variations has some effect on 

the duty cycle. However, higher differential input voltage suppresses these effects. It is also 

seen that lowering the frequency may lead to a duty cycle closer to 50 %. It was however 

earlier seen that the chip should not be clocked at frequencies lower than 2.5 GHz so this is 

a trade off. 

  
Figure 40. The left figure shows the duty cycle of a clock input at 3.5 GHz with respect to different process corners. The 
simulations are also done at different differential input voltages and plotted in the same diagram. The right figure shows 
that the input frequency has a small effect on the duty cycle. This simulation is done in the typical voltages according to 
Table 9. 
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7. Discussion 

7.1.  Results 

The definition of results of course varies from project to project. In this thesis we were not 

especially interested in issues such as yield, power consumption or chip area but instead 

sample speed and signal-to-noise-ratio. Due to the four bits used for representing the 

analog signal, the maximum SNDR is 

6.02𝑛 + 1.76 = 6.02 ∗ 4 + 1.76 ≈ 25.8 [𝑑𝐵] 

In Figure 41 and Figure 42 the simulation results of a full-scale sine signal at about 2.98 GHz 

and 601 MHz is pictured. The SNDR is calculated to be about 25 dB for the higher frequency 

tone and about 28 dB for the lower.  

 

Figure 41. Frequency spectrum of an input signal at 2.98046875 GHz. Measured SNDR is 
approximately 25 dB in the frequency band 0 – 3.5 GHz. The band is shaded in green.

 

Figure 42. Frequency spectrum of an input signal at 601.5625 MHz. Measured SNDR is 
approximately 28 dB in the frequency band 0 – 3.5 GHz. The band is shaded in green. 
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One explanation that the SNR is higher than the theoretical for the lower tone is because of 

the noise shaping realized by the zero at half the sampling frequency. This zero occurs 

because of that two adjacent DACs are always overlapping. This suppresses the signal even 

in the frequency band 0 – 3.5 GHz and this is mostly noise, especially for the lower 

frequency sine. This approximates to about 1 dB. The rest might come from analog 

suppression because of the realization itself and some margin is also left because of the 

finite sample values used in the calculation. 

 Power consumption is measured to be approximately 200 mW and the area used is 

1.1 ∗ 1.1 𝑚𝑚2. 

7.2.  Goals 

The goal with this thesis was to construct an ASIC in 65 nm SOI CMOS. This has been done to 

the fullest degree considering it has been sent for fabrication. Whether this component will 

work in the end is unsure considering that netlist extraction tools did not work. If it does 

work, it will hopefully be of some use as a prototype and measurements will be performed 

to support future work. 

7.3.  Requirements 

What did not really meet the requirements was the clock generation. The phase delay 

varied too much when considering different process corners. When producing the final 

product, yield is important taking into account much more process corners. The 

requirements in this thesis were set in the previously done thesis work and more careful 

design has to be put on this. Polyphase filters seem like a good solution for such a 

component in the future. In the end this may very well be used in combination with a VCO 

giving the chip the capability of generating four clocks in quadrature on the chip. 

7.4.  Future work 

In a final product a number of other aspects has to be taken into account too. Different 

measures to minimize code dependent linearity, for instance scrambling can be used. 

Perhaps more advanced methods for the current switch might be of interest also. More 

advanced band gap references need to be implemented since keeping the reference current 

stable is of utmost importance for the performance of the DAC. 

In either case, in this process and with this implementation there is a lot of die area left 

unused. In this prototype approximately 20 % of the core area was used except for 

decoupling capacitances. The high number of pins needed was the factor that determined 

the size of the chip.  
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8. Quick user manual 

8.1.  Circuit connection 

The circuit should be connected according to Table 11 and Figure 54 in the Appendix. The 

resistor values given are approximate values and may have to be adjusted due to process- 

and manufacturing-variations. Note that no termination resistor is needed on the LVDS 

channels. These are terminated with 100 Ω on-chip. All ground pins should be connected 

and positive voltage should be applied on the VDD pins as specified in the table. Even 

though the system might work without all supply pins connected this should be done to 

lower noise on voltage lines and voltage drop on-chip. 

Additional decoupling capacitors to minimize noise, especially on supply lines, are normally 

added but not included in the description or pictures here. 

8.2.  Clocking and data 

The system is designed for a system clock speed, Fsystem, of 3.5 GHz. Due to the limited 

bandwidth of the polyphase filter there is no possible way of clocking the system at too low 

frequencies (e.g. Fsystem < 1 GHz). When applying a clock to Master_clk the LVDS_clk_out will 

generate a clock at frequency Fsystem/8. This clock is fed to the FPGA to synchronize with the 

data generated there. That data should be put on the input pins to the chip synchronized 

with the negative flank of LVDS_clk_in. In0 comes before In7 in time as illustrated in Figure 

43 below. 

 

Figure 43. Clarification of the order of the samples in time. 

On chip, the input is modulated on the QAM according to the non-linear operation 

illustrated in Table 10.  

Data Adding ‘1’ as LSB (interpreted as 2’s complement) 

112 = 310 1112 = -110 

102 = 210 1012 = -310 

012 = 110 0112 = 310 

002 = 010 0012 = 110 

Table 10. The non-linear operation performed on chip. 

That means that if a linear relation between the data of interest and the data generated by 

the DAC is desired, then pre-processing in the FPGA should be done according to 

𝑦 = (𝑥 + 2) % 4, 

which is also illustrated in Figure 44. 
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Figure 44. Illustration of pre-processing in FPGA. 

8.3.   Test sequence 

It might be of interest to send a simple input knowing what the expected output would be 

so as to get some kind of confirmation that the chip works as expected. What can be done is 

to try to output the coefficients of the RRC-filter implemented on-chip. Normally a dirac 

impulse would be sent as an input to a filter to determine its impulse response. In this case, 

due to the QAM mapping, there is no symbol in the origin and zero is thus not possible to 

represent. However, by inputting the sequence Y = {22…212…22} to the chip, it would give 

an output resembling the impulse response of the RRC-filter as illustrated in Figure 45. 

 

Figure 45. Expected output when the sequence Y = {22…212…22} is the input to the chip. 

8.4.  Troubleshooting 

If the circuit has been set up as mentioned and still not producing a valid output a number 

of steps can be performed so as get a clue of what might not be functioning. The system 

does not include any Built-In-Self-Test or other test ports due to the high number of pins 

already used for the design. However, there are two outputs that can be studied a little bit 

to give a clue of what might be wrong. 

A correct clock signal of frequency Fsystem/8 on output pin LVDS_clk_out informs that LVDS 

receivers and polyphase filters work as expected. That is, the system is clocked, that clock is 

sent to the polyphase filter which generates the four on-chip-clocks in quadrature. It also 

means that the chip can receive data inputs. If this would not be the case a few things can 

be tested: 
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 The LVDS receivers are built for a bias current of 100 μA. Due to a very simple bias 

generating circuit the current are however not perfectly mirrored not giving the 

same bias current to the LVDS receiver. The biasing resistor can therefore be 

elaborated with to change the input current slightly. In worst case, the user can 

experiment with voltages such as common mode voltage, differential voltage and 

also manually input a skew between the differential input clocks. 

 According to Figure 25 the polyphase filter is tested in a frequency ranging from 2 

GHz to 5 GHz. Even though the quadrature output is terrible in frequencies lower 

than 2.5 GHz a clock signal should still be generated giving signal on the 

LVDS_clock_out output. Various experiments can be done regarding delay between 

differential clock input, duty cycle and frequency. 

If the polyphase filter and LVDS receivers are proved to be working, then by applying signals 

to the different pins named InX<Y> should generate something on the output analog signal. 

If this is not the case, experiments can be made on the bias resistor of the DAC core and also 

adjustments to the clock input. No additional synchronization between the FPGA and the 

chip should be needed. However, the FPGA itself has possibilities of adjusting the outputs in 

precision of about 70 ps. 
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10. Appendix 
  

Figure 46. Layout of current switch in the DAC. 
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Figure 47. Layout of the current source matrix. 
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Figure 48. Layout illustrating the clock routing. Thin orange lines are clock lines. 
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Figure 49. Layout of the four interleaved DACs. 
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Figure 50. Layout of the polyphase filter. 
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Figure 51. Filter type 1. The small-size delay elements directly after the adders and the truncation block corresponds to 
its internal pipeline elements. 

 

 

 

 

Figure 52. Filter type 2. The small-size delay elements directly after the adders and the truncation block corresponds to 
its internal pipeline elements. 
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Figure 53. The layout of the chip. Block marked as green is the DAC block, red the polyphase filter, blue the interpolation filters and 
yellow the LVDS receivers. 
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Pin # Pin name Purpose Meaning Voltage / 
Current 

Frequency 
range 

Connected to 

2-3 Clk_GND Power Ground supply for clock 0 V N/A GND on power 
supply 

4-5 Master_clk Input System clock LVDS spec. Fsystem  Clock generator 

6-7 In7<0> Input LSB for sample #7 in time LVDS spec. Fsystem/8 Virtex- 5 FPGA 

8-9 In5<0> Input LSB for sample #5 in time LVDS spec. Fsystem/8 Virtex- 5 FPGA 

10 LVDS_GND Power Ground supply for LVDS 
receivers 

0 V N/A GND on power 
supply 

11 LVDS_VDD Power Positive power supply for 
LVDS receivers 

+2.5 V N/A Positive power 
supply 

12-13 In3<0> Input LSB for sample #5 in time LVDS spec. Fsystem/8 Virtex- 5 FPGA 

14-15 In1<0> Input LSB for sample #1 in time LVDS spec. Fsystem/8 Virtex- 5 FPGA 

16,18 In7<1> Input MSB for sample #7 in 
time 

LVDS spec. Fsystem/8 Virtex- 5 FPGA 

19-20 In5<1> Input MSB for sample #5 in 
time 

LVDS spec. Fsystem/8 Virtex- 5 FPGA 

21-22 In3<1> Input MSB for sample #3 in 
time 

LVDS spec. Fsystem/8 Virtex- 5 FPGA 

23-24 In1<1> Input MSB for sample #1 in 
time 

LVDS spec. Fsystem/8 Virtex- 5 FPGA 

25 LVDS_GND Power Ground supply for LVDS 
receivers 

0 V N/A GND on power 
supply 

26 LVDS_VDD Power Positive power supply for 
LVDS receivers 

+2.5 V N/A Positive power 
supply 

27-28 In6<0> Input LSB for sample #6 in time LVDS spec. Fsystem/8 Virtex- 5 FPGA 

29-30 In4<0> Input LSB for sample #4 in time LVDS spec. Fsystem/8 Virtex- 5 FPGA 

31-32 In2<0> Input LSB for sample #2 in time LVDS spec. Fsystem/8 Virtex- 5 FPGA 

34-35 In0<0> Input LSB for sample #0 in time LVDS spec. Fsystem/8 Virtex- 5 FPGA 

36-37 In6<1> Input MSB for sample #6 in 
time 

LVDS spec. Fsystem/8 Virtex- 5 FPGA 

38-39 In4<1> Input MSB for sample #4 in 
time 

LVDS spec. Fsystem/8 Virtex- 5 FPGA 

40 LVDS_GND Power Ground supply for LVDS 
receivers 

0 V N/A GND on power 
supply 

41 LVDS_VDD Power Positive power supply for 
LVDS receivers 

+2.5 V N/A Positive power 
supply 

42-43 In2<1> Input MSB for sample #2 in 
time 

LVDS spec. Fsystem/8 Virtex- 5 FPGA 

44-45 In0<1> Input MSB for sample #0 in 
time 

LVDS spec. Fsystem/8 Virtex- 5 FPGA 

46-47 LVDS_clk_in Input Clock for latching in data LVDS spec. Fsystem/8 Virtex- 5 FPGA 

48 LVDS_bias Bias Bias current for LVDS 
receivers 

100 μA N/A GND through a 
resistor of ~9 kΩ 

50 
 

ESDSUB N/A Needed for ESD 
protection 

N/A N/A GND on power 
supply 

51 Dig_VDD Power Positive power supply for 
Digital parts 

+1.2 V N/A Positive power 
supply 

52 Dig_GND Power Ground supply for Digital 
parts 

0 V N/A GND on power 
supply 

53 DAC_Dig_VDD Power Positive power supply for 
Digital parts of DAC core 

+1.2 V N/A Positive power 
supply 

54 DAC_Dig_GND Power Ground supply for Digital 
parts of DAC core 

0  V N/A GND on power 
supply 
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55 DAC_GND Power Ground supply for DAC 
core 

0 V N/A GND on power 
supply 

56-57 Analog_out Output Analog output signal CM: ≈ 1 V 
Diff: ≈ 32 
mV 

0 – Fsystem 1.2 V through a 
resistor of ~10 Ω 

each. Oscilloscope 

58 DAC_GND Power Ground supply for DAC 
core 

0 V N/A GND on power 
supply 

59 DAC_bias_GND Power Ground supply for biasing 0 V N/A Pin # 61 through a 
resistor of ~4.4 kΩ 

60 DAC_VDD Power Positive power supply for 
DAC core 

+1.2 V N/A Positive power 
supply 

61 DAC_bias Bias Bias current for DAC 100 μA N/A Pin #59 through a 
resistor of ~4.4 kΩ 

62 LVDS_clk_out Output LVDS clock to FPGA 1.2 V Fsystem/8 Virtex-5 FPGA 

63-64 Clk_VDD Power Positive power supply for 
clock 

1.2 V N/A Positive power 
supply 

Table 11. Informing the meaning of the signal names in Figure 54 and how to connect the signals. Their respective 
voltages and currents are also shown. 

 


	Abstract
	Acknowledgements
	Abbreviations
	Contents
	Introduction
	Background
	Scope
	Method
	Structure
	Chapter 2 - Solution
	Chapter 3 - Digital to analog conversion
	Chapter 4 - Clock generation
	Chapter 5 - Interpolation and filtering
	Chapter 6 - LVDS receivers
	Chapter 7 - Discussion
	Chapter 8 - Quick user manual
	Chapter 9 - Bibliography
	Chapter 10 - Appendix


	Solution
	100 gigabit Ethernet
	DAC system overview
	DAC system specifications
	Building blocks

	Digital to analog conversion
	DAC specifications
	DAC current cell
	DAC switch driver
	Thermometer encoder
	Layout of DAC

	Clock generation
	Problems of clocking the chip
	Different methods of generating clocks
	Polyphase filter
	Implementation of polyphase filter
	Clock generation results

	Interpolation and filtering
	Interpolation
	The RRC-filter
	Addition block
	Saturation and quantization


	LVDS receivers
	Specification of LVDS
	Implementation of LVDS receiver
	LVDS results

	Discussion
	Results
	Goals
	Requirements
	Future work

	Quick user manual
	Circuit connection
	Clocking and data
	Test sequence
	Troubleshooting

	Bibliography
	Appendix

