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Abstract 

The use of an analog adaptive filter can offer benefits over a digital adaptive filter in applications that 

require high-speed, low-power, and a moderate degree of Linearity. An adaptive digital FIR filter will typ- 

ically be implemented as a finite impulse response filter using a pipelined tapped delay line with program- 

mable tap coefficients. When an analog adaptive filter is constructed, a parallel tapped delay line is used. 

A programmable andog FIR will typically use buffered sarnple-and-hold blocks for the analog deIay line 

and tnnsconductors to implement the MDACs used for the tap coefficient multiplication. The research 

focusses on a more passive approach to the circuit realization. An entirely voltage-mode, switched-capac- 

itor implementation is presented. A seven tap adaptive analog FIR Nter using the passive architecture is 

realized in an area of 1 .44mm2. The fabricated chip has a power dissipation of 104mW using a sampling 

frequency of 200MHz and a power supply of 3.3V. 
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CHAPTER Introduction 

1.1 Adaptive Filters 

Adaptive filters are used to improve the operation of many high speed communications systerns- They per- 

form many ta& such as the removal of intersymbol interference and echo cancellation. ALI of these tasks 

are typically accomplished using a programmable digital finite impulse response (FIR) filter. Often, an 

FIR filter is used due to its simple structure and because it simplifies the adaptation algorithm. A digital 

implernentation of the filter can use a large arnount of power particularly if the speed and accuracy require- 

ments are high. As wilt be shown, the use of an analog FIR filter in place of the digital FIR filter can help 

reduce this requirement. 

1.2 Applications 

Analog adaptive filters can be used to perform many of the tasks usudly assigned to digital adaptive filters. 

These analog filters can be used to reduce intersymbot interference (ISI) in a channel equalizer or in an 

echo canceller to remove of unwanted signals present in a receive path. 

1.2.1 Channel Equalizer 

In a digital receiver, because equalization is typicdy performed in the digital domain, îhere wiil be an ana- 

Iog-to-digital converter (ADC) before the equalizer. The use of a programmable analog FIR filter allows 
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some if not ail of the equalizer to be placed before the converter (figure 1). The requirements on the quai-  

izer and the ADC can be reduced as equaiization is now performed before the converter's quantizatïon 

noise and nonlinearities are added. 

All Digital Equalization Partial Analog Equalization 

I 

I 

Figure 1: Channel Equaluer 

- A m -  
L 

1.2.2 Echo Cancellation 

In a full duplex transceiver, an echo canceller is used to reduce the presence of the neat end transmitted sig- 

nal at the receiver input as well as reducing any echo of the transmitted signal that is reflected back from 

the far end, It can also be used to reduce near end and far end signai crosstalk. One way to accomplish this 

is to use a digital echo canceiier (figure 2). The drawback to this scheme is that it requires the echo cancel- 

ler to take into account Line driver non-linearities. In order to perform better echo cancellation, the exact 

analog signai that is transmitted needs to be known. An echo canceiler placed on the analog side of the 

system will reduce the problems associated with line driver non-linearities as it operates on the analog sig- 

nal that the Line driver produces, Using an analog as opposed to digital echo canceller can also reduce the 

requirements on the analog-to-digital converter as it is no longer a part of the signal path that the echo cm- 

cellation filter must match. 

FFE 

There are also situations in which an anaiog signal is desired at both the input and the output of the signal 

processor. The use of an analog adaptive filter may be more efficient in terms of speed, power and area 

than using an A/D foilowed by a digital adaptive filter and a D/A. As has been show,  there are many 

I 
I 

Analog 1 Digital 

I 
I - nmoyos port-euw SI I 



CHAPTER 1 - Introduction 

I 
line driver . 

TX 
twisted 
pair , 

1:2 
I digital FIR 
I equalbr 

I 
I 

A/D - RX 

4 Analog I Digital 

Digital Echo Cancellation 

analog FIR I line driver 
eaualizer 

Analog I Digital 
I 

Analog Echo Cancellation 

Figure 2: Echo Cancellatïon 

applications in w hich analog adaptive filters can prove useful. 

1.3 State of the Art 

1.3.1 Adaptive Filtering for a Disk Drive Read Channel 

The current state of the art in programmable analog FIR filters can be seen in papers outlining the design of 

disk drive receive chmnels. In this application, an adaptive filter is used in an equalizer to remove 

intersymbol interference fiom the analog signal picked up by the disk drive read head (figure 3). This 

application is well suited for an analog FIR fitter as it has a requirement for a high speed programmable fil- 

ter with low power consumption and a moderate amount of linearity 

read head 

digital 
receivd 
signal 

magnetit storage timing 
rscovery 

Figure 3: Disk Drive Read Channel 
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Several recent papas [14]  outiine the design of analog and digital FIR filters for a disk drive read channel. 

The specifications for several fabricated analog and digital FIR filters, constructeci to similar design speci- 

fications, is presented in Table 1 

filter power consumption 

pow= SUPP~Y 

openting frequency 

active ans 

technology 

tap weight resolution 

240mW 

w 
16OMHz 

136mm2 

harrnonic distortion 
(conditions) 

power consumed per tap 

Table 1 : Cornparison of Filter Performance 

0.8 pm BiC- 
MOS 

6 bits 

- - - 

area consumed per tap 

The resulting power consumed per tap and area consumed per tap are similar for both the analog and the 

digital implementations outiined in [Il, 131, and [4], The analog filter in [2] shows the possibility of 

reduced power consumption that an analog FIR implementation can offer- Power consumption has been 

reduced greatly at the expense of an increase in area consumption. Part of the reason for the larger amount 

of area per tap when compared to the digital filters can be accounted for by the fact that a process with 

larger Iine widths was used. 

70mW 

3 3 v  

170MHz 

4.6mm2 

1.4 Summary of Chapters 

This thesis will outline the design of a programmable analog FIR filter using a switched capacitor imple- 

mentation. To allow for cornparison between the designed filter and current stage of the art, the targeted 

application will be the adaptive filter used to remove ISI fmm a disk drive read channel. 

1.0 p CMOS 

6 bits 

28dB 
(yn=0.5Vpp @ 
59 MHz) 

48mW 
- - - .  

0.272mm2 0.5 1 1 mm2 

426mW 

3 -7V 

W M H z  

2.9mm2 

53.3mW 

- - .  

29dB 
(vin=0.7VPp @ 

1 OMHz) 

7.8mW 
-- 

0.362mm2 0.225mm2 

34ûmW 

3 .w 
250MHz 

1 .8mm2 
A 

0.5 pm CMOS 

6 bits 

42JmW 

0.5 prn BiC- 
MOS 

- 
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Chapter 2 presents the design of a generic analog programmable FIR architecture, beginning with the 

structure of a digital FIR filter. 

Chapter 3 discusses the proposed switched capacitor implementation of a programmable analog E!IR fiiter. 

Design issues such as the problem of fixed pattern noise are discussed. 

Chapter 4 ouuines the design of a seven tap programmable analog FIR filter with six bits of gain resolution 

using the switched capacitor implementation 

Chapter 5 presents the measured results fiom the seven tap programmable analog FIR filter, fabricated in a 

0.35pm CMOS pmcess, 

Chapter 6 finishes with a concIusion and suggestions for future work with respect to programmable analog 

FIR fiiters. 
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The architecture for a programmable anaiog FIR filter will be examineci in this chapter. The circuit archi- 

tecture used by digital FIR filters will be used as the basis for the design of a general analog FIR filter 

architecture. This generic analog architecture will be used as a basis for the design of a programmable ana- 

log FIR filter in subsequent chapters. 

2.1 Generic Digital FIR Filter Architecture 

The two most common architectures used when designing digital FiR filters are the direct and transpose 

architectures (figure 4). As shown in the figure, the variables ao, a,, a2, etc. .. will be used to designate tap 

coefficients ranging from the newest sample to the oldest sample. This terminology will be used for any 

further FIR filters mentioned in this thesis unless otherwise noted. 

2.1.1 Direct Forrn FIR Architecture 

In the case of the direct form filter architecture, delayed signal values are multiplied by a gain and added 

together at a single summing node. The single summing node is usually the bottleneck of this architecture 

as many coefficients must be summed together at once. For exampie, for an N tap filter, N values must be 

summed together. This summing node creates problems in situations where N is large. An alternate imple- 
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Direct Transpose 

Figure 4: Digital FIR Architecture 

mentation of the direct fonn architecture uses a cascade of summing elements at the filter output in order to 

speed up processing time. 

2.1.2 Transpose FIR Architecture 

The transpose form removes the bottleneck of a single output summing node present in the direct fonn. 

The output summing has been split up into N-1 sums of two single words occunng at the output of each 

delay element along a delay Line. In this architecture, the input signal is first passed through N parallel 

gain elements. The product of each of the gain blocks is then added to the output at regular intervals along 

a tapped delay line. 

2.2 Analog Delay Line 

2.2.1 Pipelined Analog Delay Line 

The presence of the tapped delay line in both of the direct and transpose digitai FIR architectures creates 

problems when using either of them to constnict an analog FIR filter. For clarity, this type of delay struc- 

ture will be terrned a pipelined tapped delay line. As a sample-and-hold block can be used to implement a 

112 delay block, an N-tap anafog delay Line using this structure dictates the use of at least SN sample-and- 

hold blocks. As the analog signal is passed through the pipeline, the signal to noise ratio (SNR) will dete- 
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riorate due to the accumulation of injected noise as the signal is passed from block to block. This can 

become the limiting factor for this structure when N is large. 

It should be noted that there are situations where a pipelined analog delay line is accepiable such as in a 

pipelined analog to digitai converter or in other situations where the Linearity and noise quirements are 

reduced as the signal is passed through the chah of delay stages. 

2.2.2 Paralfel Analog ûelay Lim 

A solution to the signal deterioration problem in a pipelined tapped deiay line has k e n  to construct a 

tapped delay line using paralle1 circuitry (figure 5). This type of structure will be referred to as a parailel 

analog delay Line. In the case of an N tap filter, the input signal is sampled cyclicdy into one of N sample- 

and-hold ( S I '  blocks. 

In this architecture, there are two phases to the clock signal - a sample phase and a hold phase. During the 

sample phase, the voltage on only one of the sample and hold blocks is updated. During the hold phase, 

the held voltages from aii of the S/H blocks are passed through to the taps. This process is repeated, 

cycling through the S/H blocks, updating them one at a time. This ensures that each of the blocks wiU con- 

tain a sampled voltage from a different sampling period. This c m  also be thought of in the following way 

- after a voltage is sampled onto a S/H block, it "ages" by one dock delay every dock period. Because of 

this "aging" and since the S/H blocks are updated consecutively, the N blocks will each contain a sample of 

a different "age" and therefore a different sampling time. 

Example - Three Tap Paraikl Analog Delay Line 

The operation of the parallel anaiog delay line will be illustrated using a three tap delay line as an example. 

For a three tap delay Iine, the progression of sample and hold phases is shown in Table 2. 

The "aging" of the smples can be seen in the table. On the first hold phase after a new sample is acquired, 

the sampled voltage is passed to the a. tap (Le. ag corresponds to the coefficient for the most recent sam- 

ple). For each additional full clock cycle, the sampled voltage "ages" by one delay and must comspond- 

ingly be passed to a,, then a2 on the second and third hold phase after the sampIe was acquired. On the 

third clock cycle, a new sample is acquired. The other two sample and hold blocks are each updated on 

different clock cycles during the three clock cycle period, ensuring that sarnples from each of the previous 

three clock cycles are available to the taps. 



t . 1 .  

1 . 1 1  

I I , .  

B b 1 . 1 .  
œ œ .  

L O I .  & # * l e  

Pipelined Delay Line Parallel Delay Line 

Figure 5: Delay Line Architecture 

The drawback to the scheme just described is that it allows only a single dock phase (Le. the sampling 

phase) during which to acquire the input signal. Only a single dock phase can be used as al1 of the sample- 

and-hold blocks must be hoIding a sample on each hold phase. 
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2.2.3 Parallel Analog Delay Line with Extenâeâ Input Acquisition lime 

The use of a larger nurnber of sample and hold blocks than there are taps allows for a sampling acquisition 

time of more than a single clock phase. The analog delay h e  c m  be extended to use M sample and hofd 

blocks for an N-tap filter where M is p a t e r  or equal to N (in the case where M=N, we get the scheme just 

described in Section 2.2.2). While N of the blocks are holding the signal, M-N blocks are in the sampling 

phase. This has the effect of extending the sampling tirne by M-N clock periods (a dock period consisting 

of one sample and one hold phase). This longer signai acquisition time may allow the system to be clocked 

at higher speeds as it relaxes the requirements on the sample and hold btocks. 

Example - Three Tap Parallel Analog Delay Line with Extended Acquisition Time 

The operation of a parallel analog delay line with extended acquisition time is illustrated using four sam- 

ple-and-hold blocks to implement a thtee tap defay Line. The progression of sample and hold phases for 

this system is shown in Table 3. 

CldPeriod 

1 

2 

2 

- - - 

5 Hold % Acquire "2 al  

s/a2 

Acquire 

Table 3: Modif i d  Analog Tap Delay Line Progression 

Phase 

SampIe 

Sample 

Hold 

- - 

3 

4 

As c m  be seen from the table, each of the S/H blocks in this tapped delay line has 1.5 clock periods in 

which to acquire the signal. Since there is one more SM than there are taps, one of the S/H blocks c m  

rernain in the sampling mode d u h g  the hold phase. The acquisition time has been extended by M-N = 4- 

3 = 1 .  

S/H3 SEB 1 

Acquire 
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al 

s / a 4  

al 

1 
- - 

Hold 

Sample 

Acquire 

âo 

- - - - - 

a2 

Acquire 

Acquire 

a0 

Acquire 

Acquire 

Acquire 

Acquire 

Acquire a2 
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2.3 Generic Analog FIR Filter Architecture 

The parailel analog de1a.y line just described is the basic building block for a generic analog FIR filter. It 

should be noted that for this architecture, the design of the connection between the input SN elements and 

the taps will require some attention because a given sample-and-hold block wiU hold a different "aged" 

sample, depending on the clock period. As was illustrated, the sample on a given sample and hold block 

needs to connected to each tap in the order ag, al, a2, .... A given sarnple-and-hold block wiU never use the 

same tap coefficient twice. 

A solution to the tap connection problem presen t in the pardiel analog FIR is to use either a rotating switch 

matrix or to shuffie tap coefficienis, The following discussion will outline the operation of these two dif- 

ferent architectures for an N tap filter using M sample-and-hold blocks (where M is greater than or  equai to 

N) - 

2.3.1 Rotating Switch Matrix Architecture 

A rotating s witch matrix (effectively a multiplexer) can be used to connect the signal samples to the correct 

tap gains (for example see figure 6). In this case the tap coefficients are fixed - each tap is assigned a spe- 

cific coefficient. The switch mauix is designed such that sampled voltages are routed to the corresponding 

fixed tap coefficients. This will require MxN switches in the switching matrix. The switch matrix cycle 

wilI repeat every M dock cycles. The outputs of the taps are then summed together at a single summing 

node as in the case of the direct form digital FIR filter. 

Example - Rotating Switch Matrix with N=3, M d  

The operation of the switching matrix through two consecutive clock cycles in the case where N=3 and 

M=4 is shown in figure 6. The dock waveform for an entire cycle is also shown. As can be seen from the 

dock  waveforms, the sampiing btocks have 1.5 master dock p e n d s  in which to acquire the input voltage- 

Wth a rotating switch matrix, the switching circuitry complexity as well as the loading by the switches can 

become a problern for large values of N and/or M. The use of a switch matrix in the analog signal path 

may also cause probtems due to switch parasitics. 

2.3.2 Coefficient Shuff ling Architecture 

A coefficient shuffling architecture could also be used to connect the samples to the correct taps (for exam- 

ple see figure 7). Pmper filter operation is accomplished by rotating the tap coefficients as opposed to the 
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Clock Wweforma 

rotating switch rnatrix 

Figure 6: Generic Analog Architecture wïth a Rotating Switch Matrix 

signal path. In this architecture, the connection of SM blocks to taps remains fixed and the tap coefficients 

are adjusted such that they match the "age" of the sarnple held on each S/H (Le. a. with the most recent 

sample, a, with the next older sample, etc...). The shuffiing operation can either occur by physicdy shuf- 

fling the coefficients contained in a coefficient memory, or  by multiplexing the coefficients to the correct 

taps from a fixed coefficient rnemory. As in the switch matrix architecture, summing of the tap outputs is 

perforrned with a single output summing node. 

Example - Coefficient Shuffling wïth N a ,  M=4 

The operation of the filter using a coefficient shuffling technique for an N=3, M=4 filter is shown in figure 

7. It should be noted that the number of taps required has increased to M=4. Note also that M-N zeros 

have been added between a* and % in order to disable the output of each sample-and-hold block during the 

now extended acquisition tirne. 



output 
valid 

= 

Figure 7: Generic Analog Architecture with Coefficient Shuffling 

The requirement to have M tap gain blocks d s o  will make this architecture less attractive in the case where 

the difference between M and N is large- 

2.3.3 Summary of S w M  Matrix vs. Coefficient Shutfling 

Both the switch matrix architecture and the coefficient shuffling architecture have advantages and disad- 

vantages. The switch ma& architecture offen the possibility of lower power consumption, but has more 

switches in the andog path. The coefficient shuffling architecture has a simpler analog path. but expends 

power shunling the coefficients between the taps. The shuffling architecture will also have an increased 

number of taps if M is chosen greater N. 
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2.4 Implementation of Parallel Analog Delay Line 

The paralle1 analog delay line architecture just describeci is commonly used to create programmable analog 

FIR filters. Several papers 11 -61 whic h describe analog FIR filter design using the paraiiel delay line w i U  

be outlined. 

2.4.1 List of Papers 

A 200 MHz 9-tap anaiog F R  Filter is discussed in cl]. The filter uses a parallel analog delay tine architec- 

ture with a rotating switch rnatnx. The design was fabricabxi in 0.6 pm CMOS, operates at ZûûMHz, dis- 

sipates 3 8 1 mW with a 5V power supply, and consumes an area of 1.9mm by 2.0 1 mm. 

A I6OMHz 5-tap analog equalizer is shown in [2]. A parallel delay tine with a rotating switch ma& is 

used. This filter uses an extra sample-and-hold block in order to extend the input sarnpling time (Le. M- 

N=l). An input sample-and-hold was added before the sarnpling array in order to minimize the effects of 

sarnpling time jitter. The design was fabricated in a BiCMOS process with 0.8 pm minimum CMOS gate 

iength and consumes 1.36 mm2. Measured results show a power consumption of 240mW when operating 

at I6OMHz with a SV supply voltage. 

A 170MHz 9-tap parailel analog delay line architecture FIR filter is presented in [3], The design uses a 

rotating switch matrix. The input sample-and-hold that was used in the previously describeci paper was 

removed in order to irnprove the speed and power consumption of the filter. The design was fabricated in 

1.2 pm CMOS, operates at 170MHz, dissipates 70 mW of power, and consumes an area oP2.34mm by 

I -97mm- The filter presented in this paper demonstrates the low level of power consumption that is possi- 

ble with an analog FïR. 

Design techniques to integrate eight 32-tap FIR filters are shown in [4]. In the presented approach, digital 

prognmmability is removed in retum for higher signal processing rates and the ability to realize multiple 

filters on a single chip. A parallel analog delay line using a rotating switch matrix is used to implement the 

analog FE. Weighted capacitors in each of the SC summing amplifiers detennine the fixed tap gains. The 

circuit, fabricated using Spm design mies, is able to run up to a frequency of 2 MHz with a power con- 

sumption of 230 mW with a 10V supply. 
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An analog filter is discussed in [q as part of a paper on the design of a complete PRML read channel 

device. A general parallel analog programmable F R  filter with a rotating switch matnx is described- The 

effect of the quantization noise added by the A/D before a digital FIR is anaiyzed. 

An analog FIR that uses coefficient shuffling is presented in [6] as part of an architecture that implements 

a Fixed-Delay Tree Search with Decision Feedback (FDTSJDF) magnetic read channel. In this fiIter, the 

sample-and-hold block uses a voltage to current converter. The current is then summed in a initialiy dis- 

charged capacitor for a full clock period. The voltage to current conversion is controlled by digital coeffi- 

cients. Once the capacitor has been charged for N clock periods (assuming an N-tap filter), using different 

input coefficients each for each clock period, its voltage is passed to the output node. The capacitor is then 

discharged before the charging cycle starts again. There are a total of N capacitors, allowing for different 

output on each clock cycle. In this architecture, al1 of the storage is on the output summation side. It 

should be noted that because the capacitor is charged over a full clock period a signal averaging is per- 

formeci and an anti-aliasing filter is therefore not required. The paper reports a power dissipation of 5 m W  

per tap operating at a sampling rate of lOOMHz in a 1.2pm process- 

2.4.2 Summary 

In [l-51 the rotating switch rnatrix version of the parallel anaiog delay line architecture is used. In each 

case, the input sampling stage is constructed using active sample-and-hold bIocks composed of a capacitor 

and a buffer. A rotating switch matrix is used to connect the voltage sarnples to the correct taps. The taps 

are each implemented as transconductors. The gain of the taps is set by controlling the transconductor bias 

current. The current is controlled using a binary weighted array of current mirrors. The tap output are 

summed together as currents in a single node. The signai is converted back to a voltage using a resistor. 

The only design with a p d e l  analog delay line to use coefficient shuffiing is 161. It uses summing capac- 

itors that get charged during N clock periods through a transconductor where N is the number of taps. The 

transconductance is controlled by digital coefficients and is adjusted to use a different coeffkient each 

clock cycle. The voltage held on the summing capacitor is passed to the output once every N clock periods 

before king discharged, The use of N summing capacitors allows output to be produced every dock 

period. 

A summary of the performance of the various programmable analog FIR filters that use the parallel analog 

delay line is presented in Table 4. Note that no results were availabie in 151 for the performance of the fil- 
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ter by itself. A preliminary specification for the proposed filter presented in this thesis is also shown in the 

table. 

Figure of Merit 

reference [il [41 c63 

switch coefficient 
maerU shuffiing 

8x32 10 

230mW 1 85mW 

delay line architecture switch 
matrix 

bPS 9 

filter power consumption 381mW 

switch 
matrix 

switch 

% F f z  CMOS CMOS 

~ ~ 

active area 

0.6 prn 
CMOS 

- 

1.0 pl 
CMOS 

0.35prn 
CMOS 

tap weight resoluuon 

harmonic distortion 

6 bits NIA 1 7 bits 

-28dB 
(vi,=o-y,p 
@ 59 MHz) 

power consurned per tap 423mW 

-not pro- 
grammable 

-8 filters 
imple- 

mented on- 
chip 

-results 
extrapo- 

laced from a 
single tap 
prototype 

Table 4: Compatison of Performance for Analog FlR Fllters using ParaIlel Delay Line 

The disadvantage to using a parailel analog delay Iine implementation manifests itself in the number of 

opamps and transconductors that are required- In the simplest case, M opamps and N transconductors are 

required. These active elements will each have a quiescent current that will dictate a large portion of the 

circuit's power consumption, 
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2.5 Other Architectures 

In addition to the parallel delay line architecture, other architectures that have been used in the constmction 

of programmable analog FIR filters include the use of a pipelineci analog delay line, and a completely cur- 

rent mode technique. 

2.5.1 Pipelined Analog Delay Line 

A seven tap equalizer using two parallel pipelined analog delay Iines is presented in 171 as part of an analog 

signal processor for disk drive read charnels, The design presented operates at a frequency of 40MHz with 

each pipeline running at half the frequency. Half-delay elements are constntcted with track-and-hold 

amplifiers with precise unity gain. 

A four tap equalizer that uses an analog tapped delay Line is presented in [BI. Sarnple-and-hold elements 

are used to constmct the tapped delay line. A voltage mode analog multiplier is used to implement the tap 

coefficient multiplication. Three different analog multiplier implementations are analyzed. Using a 2 pm 

CMOS technology, the signal frequencies used to test the filter were on the order of tens of kilohertz- 

The filter presented in [9] uses a pipeiined analog delay iine. The delay elernents are implernented using 

sarnpie-and-hold blocks consisting of a switch and capacitor and a voltage folJower. A transconductor is 

used to perform the tap coefficient multiplication, The output currents from the multipliers are surnmed 

and converted back to a voltage using a single resistor, Simulated using models for a 1.2 pm process, the 

resulting circuit operateci with a clock frequency on 30MHz with a 5V supply. 

A four tap anaiog FIR filter using a switched capacitor, transpose architecture is presented in [f O]. Double 

sampling is used to maxirnize the speed of the circuit while minimizing the number of opamp. The filter, 

fabricated in a 2pm CMOS process. mns at up to 20 MsampIe/s. occupies an active area of 11.8 mm2 and 

dissipates 56.5mW. 

2.5.2 Current Mode Technique 

A current mode, 16-tap analog FIR filter using a maximum clock rate of 20MHz is described in [Il]. The 

input voltage is immediately converted to a current using a transconductor. The cumnt is then sampled by 

one of severai current copiers. A digitally controlled cumnt divider is used to implement the coefficient 

multiplication. Coefficient shuffling is used to ensure the sampled currents are multiplied by the correct 

tap coefficients. The output summing is accomplished with a current summing node. 
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2.6 Chapter Summary 

This chapter presents background information on the design of a programmable analog finite impulse 

response (FIR) filter, An FlR filter is commonly thought of as digital circuit. An malog FIR c m  prove 

attractive in situations where high speed, moderate linearity, and low power are required. Unfortunately, 

the pipelined tapped delay line used in digital FIR architectures creates problems when it is translateci into 

the analog domain. A pipelined analog delay iine wili have decreasing signal to noise ratio as the signal is 

passed through the delay line. A parallel analog delay iine architecture which does not have this problem 

is presented. The difficulty with using a paraiïel anaiog delay line is with connecting the samples to the 

correct taps. This can be accompiished by using either a rotating switch matrix or coefficient shuffiing. 

S e v e d  published analog FIR designs use similar implementations. The input sample-and-hold blocks are 

implemented as a capacitor and a buffer with a switch controiiing access to the input, A rotating switch 

matrix is typically used to connect the sample-and-hold blocks to the correct taps. The tap coefficient mul- 

tiplication is implemented using a transconductor, The multiplying coefficients are set by controlling the 

transconductor bias currents with a binary weighted array of current mimors. As the signal is now in the 

current domain, the output summing can be accomplished in a simple current summing node. Current to 

voltage conversion is then accomplished with a resistance. The drawback to such an implementation will 

be the power consumed by al1 of the active analog circuitry including the sample-and-holds and the 

transconductors. 
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3.1 Proposed Architecture 

This chapter presents a new architecture for programmable analog FIR filter. A diagram of the proposed 

architecture, showing the basic building blocks for each stage is s h o w  in figure 8. The architecture takes 

a more passive approach than cunent designs. A completely voltage mode implementation using switched 

capacitor circuitry is used to reduce the axnount of quiescent current expended. The basic buiIding blocks 

used in the proposed implementation are a passive sarnple-and-hold, a capacitor laddfx rnultiplying digital- 

to-analog converter (MDAC), and an output sample-and-hold. These basic blocks will correspondingly be 

used by the parallel analog delay Iine, the tap coefficient multiplication stage, and the output summing 

stage. The design of each of these blocks is outlined in the following sections of this chapter. 

3.1.1 Parallet Analog Delay Line 

In the proposai architecture. the parallel analog delay Line consists of passive sarnple-and-hold biocks. 

Each sample-and-hold is composed of a capacitor and several switches. Charge sharing is used to pass the 

signal into each of the MDACs in the tap gain stage. As the held voltage is not buffered, i t  will be 

destroyed when it is accessed. In an N tap filter, the voltage fiom each sampling instant needs to be used 

once by each of the N taps. This requires chat the voltage from each sampling instant be held on N capaci- 

tors. The size of these capacitors should be minimized to order to reduce the amount of loading the input 

delay stage places on ptevious block. 
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Figure 8: Proposeâ Passive Implernentation 

There are many different implementations that could be used for the passive, parailel analog delay line. 

Two such implementations are an NxN array of S/H blocks or a cyclic array of N(N+1)/2 SM blocks. 

lrnplementation - NxN A m y  

One way to implement the analog delay line is with an NxN array of sarnpling capacitors (see figure 9 for 

an exarnpIe). On one clock phase, the input voltage is sarnpled ont0 N capacitors. On the opposite phase, 

N of the capacitors are discharged into N MDACs. The N discharging capacitors will hold the voltages 

from each of the previous N sampling periods. 



lmplementation - NxN Array - Example 

Taking a three tap filter as an example, a total of nine sample and hold elements wiil be required. These 

blocks are arranged in a 3x3 array. The state of the capacitor array after thtee sampling periods is shown in 

figure 9. 

During Clock Period t=2... 

VIN 

Passive Sampla-rnâ-Hold 

Figure 9: Regular Capacitor Mat& 

The circles in the array represent individual passive sample-and-hold elements- The sample residing inside 

each element is indicated, The operation over two dock phases is shown in the figure- The sampling 

phase connections are denoted by bold lines. Elements that are in the process of sampling the input are 

also highlighted in bold. If an element is to be discharged d u ~ g  the hold phase, it is highlighted with a 

greyed out interior. Grey arrows indicate the connecaon of the discharging element to a tap. These con- 

ventions will be followed for ail further examples unless otherwise noted. 

The input voltage at t=2 has just been sampled onto the nghtmost column of the array. During the hold 

phase of the dock, the voltages of the previous three sampling periods are removed from the array diago- 
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nal. In this irnplementation, the tap ordering WU always be the same. Going ffom top to bottom. the rows 

will discharge to taps a* al, a2- 

The sample and hold progression over several dock cycles is show in figure 10. The number inside each 

element represents the absolute tirne petiod at which the sample held inside the element was taken. In the 

array, sarnpling always occurs in columns, moving one colurnn to the nght each clock cycle. Once the 

rightmost column of the array is reached, the next sampling phase will use the l e b o s t  column. In this 

way, each of the array elements gets updated once every three clock cycles. The sampled voltages are 

removed h m  the diagonal of the array, moving right each clock cycle. Again. this diagonal is moved in a 

circular fashion - as paru of the diagonal move past the rightmost column of the array. they are wrapped 

back onto the leftmost column. 

/ For Each Clock Cycle ... 1 
I STEP 1 : data sampîed 

Sample Phase 10 ontoup.cita I 
STEP 2: capacitor 
Hold Phase dbcharaed to tap 

Figure 10: Regular Capacitor MaMx Progression 
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lmplementation - NxN A m y  - Summary 

The advantage to using an NxN array is the simplicity of the switching netwotk as well as removing the 

need to multiplex the signal ont0 the correct tap. The regular structure of the array allows the signal to be 

loaded into columns and the held voltages to be taken off the array in rows. Each sample-and-hold bloc k is 

only connected to a single tap gain stage, obviating the need to use coefficient shriffling. 

The acquisition time for this implementation can be increased by M-N if an MxN matrix is used instead 

(where M is greater than N). This, however, has the drawback of increasing the input capacitance by M-N 

unit capacitors. 

The drawback to using this implementation of a passive analog delay line is the size of the rnatnx (at least 

NxN). Not d l  of the capacitors are k i n g  used al1 the time, so there must exist a more efficient way to use 

the capacitors. 

lmplementation - Circular Arrangement 

As mentioned, there exists a more efficient implementation in ternis of number of passive sample-and-hold 

blocKs than the one just described. In this alternate implementation, as soon as a capacitor is dischargeci, it 

immediately receives a new charge. This ensures that each sample-and-hold remains charged and in use. 

In this implementation, the sample-and-hold blocks fonn a circle (for an example see figure I l) .  Some of 

the blocks are flagged as "active". During a clock cycle, "active" blocks wiil discharge and receive a new 

charge. On the next clock cycle, the "active" flag is passed on to the next block in the circle where the pro- 

cess is repeated. In the case of an N tap filter, N of the blocks will be flagged as "active" at a given tirne. 

To ensure that each of the N b'active" blocks discharge voltage fiom a different sampling period, the spac- 

ing between any two "active" elements must be different (Le. 1.2, ...Ji), The spacing between two "active" 

elements detennines how long a sampled voltage wiU be held before it is passed on to the tap stage. The 

larger the spacing, the longer it will be before the next "active" element comes dong and passes the held 

charge to a tap- This implementation uses 1 +2+3+..+N = Nx(N+I )/2 sample-and-hold blocks. 

The number of S M  blocks used could potentially be increased to aliow for a longer sampling p e n d  

Again, this will have the drawback of increased input capacitance. 
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Implementation - Circular Arrangement - Example 

Taking a three tap filter as an example, there will be a total of six sample-and-hold blocks required. For 

ease of comprehension, the blocks are arranged in a circle (figure 11). During the sampling phase of the 

clock, the input voltage is sampled ont0 three of the sample and hold blocks. During the  hold phase of the 

clock, the voltages for three different sampling times are read and charge shared into the tap gain stage. 

During Clock Period t=2... 

Passive Sampband-Hoid 

STEP 1 : Sample Phase 4 data wmpled onto apacitor 

STEP 2: Hold Phase capacitor discharged to tap 

Figure 11 : Cyclic Matrix 

The progression of "active" sample-and-hold blocks rotates clockwise with e u h  clock period. The opera- 

tion of the circuit for three consecutive clock periods is shown in figure 12. Each of the circles represent a 

passive sample-and-hold element. During the hold phase, three capaciton are discharged. During the next 

sampling phase the input voltage will be sampled ont0 the three now discharged capacitors. This operation 

continues, ensuring that al1 of the capacitors are fully used. 

The drawback with this implementatïon is the requirement for a more complex signalling scheme as well 

as multiplexing of the held voltages to the proper taps. 
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to TAP 
to TAP al 

to TAP a. to TAP a2 

For Each Clock Cycle ... 
STEP 1 : data sampled 
Sample Phase 4 ontoclipacitor 

STEP 2: capacitor 
Hold Phase discharged to tap 1 

to TAP al 

Figure 12: Cyclic Matrix Progression 

To reduce the number of digital signals required, the individual sample-and-hold blocks could be "acti- 

vated" by fiags that are passed through a shift register. This would only require a clock signai to control 

the operation of the input cyclic matrix. 

lmplementation - Circular Arrangement - Layout 

Another issue with the circular irnplementation is how to arrange it into a structure suitable for layout on a 

chip. A circular layout is not always easy to arrange on a rectangular chip, particularly if only right angled 

geometries are allowed. One such irnplernentation (figure 13) sees the circle of blocks arranged in an 

(N+1)/2 by N array of elernents and connected such that the "activation" of elements proceeds in a serpen- 

tine manner. 

To reduce the number of analog signai paths that are connected to the analog delay line, the sample and 

hold blocks are arranged in such a way that only two output lines are needed per row. As shown in the fig- 

ure, these lines are shared with the aâjacent rows as well. 
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to TAP C 

to TAP A 

'-1 data sampld onto capacitor 

STEP 2 capacitor dischargeci to tap 

progression of active celis 

Figure 13: Layout of Circular Capacitor Arrangement 

In order that this scheme will work, the ordering of the "active" elements is important- The order should 

be such that the spacing between "active" blocks follows the progression l,N,2,N-1.3,N-2,,..,(N+1)/2. 

This ordering places a minimum spacing of N+I from a given active element to the second active element 

after it. This puts at minimum an entire row (since rows have (N+1)/2 elements) between a given active 

element and the second active element. This spacing guarantees that there are no more than two active ele- 

men& in a row no matter what size N happens to be. 

Since there is a maximum of two active elements per row, only two output Lines are needed per row. By 

default, the sarnpled voltages will be directed ont0 only one of the two available output lines- If there is a 

second active block in a given row, it will have its output directed to the other line. The arrangement of 

active blocks ensures that neither of the two lines is being used by acijacent rows (this goes back to the fact 

that there are (N+1)/2 blocks per row and every active element is a t  least N+1 blocks away fiom the second 

active element away from it). 

Also note that the tap iines are denoted as connecting to taps A through C. This occurs because some coef- 

ficient shuffling is still required to connect the discharging capacitor to the correct tap. The shuffîing and 

initial arrangement will be discussed in the next chapter dunng the design of a seven tap filter. 



CHAPTER 3 - Architecture 

Summary of Analog M a y  Line fmplementation 

The design of the parallel analog delay line using two different passive sample-and-hold topologies bas 

been discussed- Either an array NxN S/H blocks or  a circular array of N(N+1)/2 S M  blocks can be used. 

The NxN array uses more SM elements, but results in a simpler implementation. The circular array uses 

less S/H elernents, but requires a mom complex control mechanism as well as the requirement for some 

coeffkiient shuffling. 

3-12 Tap Gain Stage (MDAC) 

There are several implementations that are possible for a passive voltage mode multiplying digital to ana- 

log converter (MDAC). In both implementations outlined in this thesis, the sampled voltage held on a 

capacitor in the analog delay Iine will be charge shared into the MDAC (figure 14). 

MOAC Input Capricitance - mset ôefors charge sharing 

O U I  - -  - 
"in 

Figure 14: Charge Sharing from Sampls-and-Hold to MDAC 

From the equation for the charge sharing gain, it can be seen that the gain will always be less than unity. 

The MDAC input capacitance should be small in relation to the sample-and-hold capacitance in order to 

minimize the signal loss. The MDACs should each have the sarne input capacitance to ensure the same 

degree of charge sharing. It is possible to achieve both of these conditions with either an array of binary 

weighted capacitors or with a capacitor ladder. 

Array of Binary Weightd Capadtors 

The drawback to using an array of binary weighted capacitors is the large area used by the capacitors and 

the large input capacitance that it presents. The area will depend on the number of bits of tap resolution. If 

a resolution of L bits is required, then 2L-1 unit capacitors are needed. Not only wili this consume a large 

amount of area, but the large input capacitance will cause a large degradation in the sampled signal level 
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unless the input sampling capacitor is at least on the same order of size as the total capacitance of the 

b i n q  aimy. The use of a binary weighted array of capacitors is not desirable as it conflicts with the previ- 

ously mentioned requirement for a small input sampling capacitor in order to minimize the input capaci- 

tance of the SM elements (equal to NxCslH). 

Capacitor Ladder 

One way of maintainhg a constant input capacitance would be to use a capacitor circuit similar to an R-2R 

ladder. The resurting structure, a 2C-C capacitor Iadder (figure 13,  has a structure that is complementary 

to that of an R-2R ladder. Each ladder element acts as a voltage divider. The capacitor ratio should be 

picked such that the input capacitance is unchangeci when further ladder elements are added, This circuit 

has the advantage that it only presents a constant capacitance of 2C at its input. For a given change in the 

input voltage, the intemal nodes of the capacitor ladder will Vary by a binary weighted portion of the volt- 

age change. 

Ladder Element rn 

Figura 15: ldeaI2C-C Ladder 

The parasitic capacitance present on the intemal nodes of this circuit (figure 16) will cause the node volt- 

ages to deviate fiom the desired levels. The effects of parasitic capacitance on the digital coefficient to 

gain relationship can be seen in figure 17. With some careful design, the ideal capacitor ratio of 2 can be 

tweaked to give more accurate voltage levels even with the presence of parasitic capacitance. 



Figura 16: Non-Ideal 2GC Laclder Elenment 

The design of a ladder element will be dictated by two equations- The first equation ensures that the total 

capacitance looking into a Iadder element will be equai to the total capacitance of d l  the rest of the ladder 

elements. 

Eqn 1. 

An additional equation is needed to design the ladder element. This equation will dictate the ratio of the 

capacitor divider present in the ladder element, 

In order to achieve an ideal coefficient/gain relationship, the outputrinput voltage ratio should be 0.5. This 

will yield the foiiowing equation for the input capacitance ... 
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When this is combined with equaaon 1, the following relationship is produced-. 

Once one of the capacitances has been chosen and the parasitic capacitance is defined either as an absolute 

value or some percentage of one of the other capacitances, the equation can be solved for the rernaining 

capacitance. For example, if CI=l pF and Cp=û.lxCz, the equation yields a value of 2SpF for CF This is 

in cornparison to the ideal value of 2pF for q.. 

Figure 17: Plot of Coefficients vs. Gain 

The ladder elements may aiso be designed for different gain ratios. If the voltage ratio is p a t e r  than one- 

half, hysteresis will be introduced. The hysteresis can be seen in figure 17 in the case where CI=lpF, 

C7=2.5pF, - and Cp=0.25pF. This hysteresis can be desirable as it can be used to ceduce the amount of 

switching that could normally occur at the digital thresholds (Le. changing between 01 11 1 1 and 10000). If 

the voltage ratio is less than half (which can easily occur if parasitics are not taken into account), the taps 

will be unable to give certain ranges of gain. 
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3.t .3 Summing Stage 

If the output signal from the MDACs is a volfage mode signat, one or more summing opamps are use& In 

the case of a passive voltage mode MDAC, the output summing stage c m  be implemented as a sample- 

and-hold circuit. Two such blocks can be used in ping-pong configuration such that when one sample-and- 

hold block is sampling the signal, the other block is holding the previous value. Correlateci Double Sam- 

pling techniques can be used to reduce offset and the effects of finite opamp gain. This is particularly 

important if more than one summing sarnple-and-hold amplifier is k i n g  used and in the case where purely 

capacitive feedback is us&. 

Correlated Double Sampling 

Correlated double sarnpling (CDS) is used to reduce the effects of finite opamp gain and opamp offset, A 

CDS amplifier typically samples the opamp offset ont0 a capacitor during one phase of the dock period 

and samples the input signal during the other dock phase. There are several circuits [l] available that c m  

accomplish this - each with varying degrees of success. 

The chosen CDS amplifier (figure 18) updates the DC and finite gain offsets based on the previous held 

sarnple. During el, the input voltage is sampled ont0 the input capacitor, Cl. At the same time, the offset 

capacitor, C3, has its voltage updated based on the output voltage that was sampled ont0 Cq during the pre- 

vious $s phase. D d n g  e2, the voltage held on Cl is passed to the feedback capacitor, Cz. The voltage 

gain of this stage is set by the ratio of the input capacitor, Cl,  to the feedback capacitor, C2. AS long as the 

output changes Iittle from sarnple to sample, the DC and finite gain offsets will be removed. 

gr0und.d during '$2 
X-C Iaddor chr ing  

Vin 

of .II #pwi ton  
in 2C-C Wùu 
P . u ~  -ip. 
to awnmfng nod. 

Figure 18: CDS Opamp Suitabîe for use with Capacitor tadder MOAC 
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The transfer function for the amplifer is show in equation 5. The derivation for the transfer function is 

given in APPENDIX A - Derivation: CDS Ampiifier Transfer Function. As can be seen, the DC offset, 

Vos, is reduced by a factor of A, where A is the DC gain of the opamp. 

There are several design issues for the summing stage that must be taken into account if the tap stage is to 

be implemented as a capacitor ladder- One important factor is that there will be a varying amount of capac- 

itance on the virtuai ground node of this circuit, This can be dealt with by using either a different circuit 

topology for the MDAC stage, or by vacying the compensation capacitance on the output of the opamp 

used in the summing stage. This issue will be discussed in greater depth in Section 4.3.6 on page 63 in 

context of designing a filter using the proposed architecture. 

3.1.4 Summary 

The drawback to using a passive implementation will be the loss of signal amplitude when charge sharing 

occurs. Although the full signal level can be cestored by either adjusting the gain of the summing opamp 

by decreasing the size of the feedback capacitor or adjusting the capacitor ratio in the MDAC, there will be 

a loss in SNR. This reduction in S N R  can be lessened by increasing the size of the capacitors in the input 

capacitor array or decreasing the MDAC input capacitance- 

The size of the input capacitor array used to implement the anaiog delay line is aiso a drawback to using 

the passive architecture. It can consume a large amount of area There will be a large arnount of input 

capacitance when the circuit is sampüng the signal. The size of the input sampling array capacitors should 

be minimized as much as possible to minimize the area as well as the input capacitance. The minimum 
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size will dictated by both kT/C noise and the arnount of variation between on-chip capacitors that can be 

tolerated. 

This type of implementation does, however, offer the possibiiity of reducing the amount of power con- 

sumption compared to a sirnilar active irnplementation as it has active circuitry such as opamps and 

transconductors. Aithough the static power is reduced by using Iess active analog circuitry, attention 

should be paid to ensure that the dynamic power consumption of the digital circuitry is not increased 

through the use of complex signalling schemes. 

3.2 Fixed Pattern Noise 

Fixed pattern noise is a problem that will occur in the chosen architecture as the input signal passes 

through alternating parailel paths. There are two types of output noise that can result.. One type of noise is 

signai dependent and is a result of ciifference in the gains between each of the alternating paths. The other 

type of output noise is a result of dfierences in the non signal dependent noise injected into the alternating 

paths. The following sections present the fixeci pattern noise present in the case of a single enabled tap. 

3.2.1 Signal Dependent FPN 

Any deviation of the gain of one of the signal paths with respect to the others will result in fixed pattern 

noise. These path gain deviations are usually caused by fixed rnismatches in capacitor sizing, resistor siz- 

ing, oparnp gains, etc ... If the signal is being cycled through alternating parailel paths, these deviations wiU 

cause unwanted images of the input spectrum to appear in the output spectrum. The magnitude of these 

images with respect to the original signal spectrum will be dictated by the size of the gain deviation- The 

maximum image magnitude that can be tolerated will be dictated by the required dynamic range of the cir- 

cuit. 

A derivation of the output spectrum for a system with signal dependent FPN is presented in Section B- 1 on 

page 112. The output spectrum for a system with M repeating parallel paths is given by the equaaon-. 

1 iL'[kl = - { G / [ o ] x ~ [ ~  mod + G , ~ [  1 ]xd[(k - a) mod N] 
M Eqn 6. 

+ GMJ[2 ]Xd[ (k  - 2a) mod N] + . . . + G/[ M - l ]Xd[ (k  + a) mod 
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The equation gives the output of a systern with an N-length discrete-time analog input signal that cycles 

through M paralle1 paths, where N is an integer multiple, a, of M. xd@] is the Discrete Fourier Transfomi 

(DFT) of the N-length input signal; G*~[c]  is the DFT of the M-length of the repeating path gain sequence; 

y d ~ ]  is the resulting N-length output spectrum. 

The equation shows the original input spectrum shified and multiplied by the frequency components of the 

DFT of the path gain. The first terni yields the original input spectrum multiplied by the average of the 

path gains. î h e  remaining ternis are M-1 image speemims -h shifted by $ and mpenmposed on the 

output signal- Any image spectrums will increase the distortion present in the output signal. 

Ideally each of the path gains will be equal, creating a single peak in the path gain frequency spectnim at 

DC. In this case only the first term of expansion wiU be non-zero. Al1 of the other M-1 tems will have 

magnitudes of zero. When convolved with the input spectmm, the resulting output spectnim will be equal 

to the input spectrum multiplied by the path gain (figure 19). 

Figure 19: FPN - Ideaf Output Spcctnim 

If there is any deviation betwzen the path gains, one or more of the non-DC peaks of the path gain spec- 

trum will be non-zero. This wiil have the result of adding shifted images of the input spectrum to the out- 

put spectrum. So long as the gain deviation is small, the DC peak in the path gain spectmm will still 

dominate. This will cause the images in the output spectrum to be small compared to the large component 

of the originai unshified input spectrum in the output signal- 

The resulting output spectrum for a smaU mismatch between two pardlel paths is shown in figure 20. 

Limit on Paîh Gain ûeviation 

We would like to find a maximum lirnit on the amount of deviation allowed in the path gains. The Limit on 

the allowed deviation will be dicbted by the specified dynamic range of the circuit. A derivation of this 
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Figure 20: FPN - Non-ideal Output Spectrum 

limit for a single tap (i.e. H(z)=l ) is presented in Section B. 1.2 on page 1 16. The harmonic distortion 

caused by the path gain deviation.., 

harmonic distortion 5 20Iog(A,) Eqn 7. 

In this equation, Ag represents the maximum variation in the path gain expressed as a percentage of the 

average path gain. It should be noted that the maximum distortion due to signal dependent fixed pattern 

noise is independent of the number of taps, N, or the number of different parallel paths, M. 

When using switched-capacitor topology, the variation in gain can be related to variation in capacitor siz- 

ing from path to path. The exact relationship between gain variation and capacitor size variation will be 

dependent on the architecture that is used- 

The signal dependent fixed pattern noise is a distortion that will add to any other distortion present in the 

system, reducing the overall linearity of the system. 

Reduction of Signal Dependent FPN 

In order to reduce signal dependent fixed pattern noise, there are several options that should be considered. 

The amount of FPN that is present in the output signal will depend greatly on circuit layout. Layout tech- 

niques such as maintaining capacitor area to perîmeter ratios can be used to help reduce the arnount of 

capacitor mismatch and therefore helps d u c e  path gain deviation. 

Another technique that has been used is to randomly pick which of the parallel paths to use each clock 

cycle. This removes the fixed pattern of the path gains, thereby spreading the path gain energy onto al1 N 

points of the input spectrum as opposed to only M points. This has the effect of more evenly spreading the 

signal image energy throughout the output spectmm, thereby reducing the maximum magnitude of the 

image signals. Unfortunately, the total energy of the path gains over the N sampling periods will be the 
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same and therefore the total distortion due to the path gain deviations will be the same whether or not ran- 

domization is used. This technique is more useful when only a narrow band of the output signal is required 

- the rest of the noise can be filtered away. 

3.2.2 Signal Indepenâent FPN 

Any differences in the non-signal dependent noise k i n g  injected into each of the M non-parailel signai 

paths will manifest thetnselves as unwanted tones every - This type of noise is added to the input signai M ' 

as opposed to multiplied, This will cause tones will appear in the output spectrum independent of whether 

an input wavefonn is present or not. These differences can be caused by differing amounts of opamp off- 

set, dock  feedthrough, substrate noise, etc ... 

A similar analysis to what was done in the case of signaldependent FPN can be performed (Section B -2 on 

page 1 18). This will result in the following relationship.,. 

fixed pattern noise 5 201og (A V,-) Eqn 8. 

In this case AVOfket represents the difference in DC offsets present a t  the output of each of the signai paths. 

Again, offsets greater than 1 percent of the maximum output can not be tolerated, translating to a maxi- 

mum offset of 1OmV between paths. This lOmV maximum difference between offsets assumes that the 

system rest of the system is noiseless. The signal independent fixed pattern noise will add to the noise 

already present in the system. 

Reducing Signal Independent FPN 

The signal independent FPN can be reduced by using the same techniques that were presented for the case 

of signal dependent FPN. An additional technique that can help reduce signal independent FPN is to use 

common centroid layout for the input differentiai pair of any opamps. This wiii help to reduce absolute 

offsets and therefore the relative offsets between amplifiers in different signal paths. 
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3.3 Chapter Summary 

This chapter has presented an architecture suitable for a low-power programmable analog FIR filters. The 

proposed passive implementaaon uses switched capacitor circuitry to reduce the amount of power dissi- 

pated. The input satnple-and-holds are implemented as just a switch and a capacitor. The sampled voltage 

is charge shared into the tap stage. A capacitor ladder is used in to implement the MDAC blocks in the tap 

stage. The oniy active circuitry aside from input and output buffers exists in the output summing stage. 

An opamp that uses correlated double sarnpling is used to sum the tap charges. 

Other issues that need to be taken into account in circuit implementation wiLl be the fixed pattern noise 

(FPN) that occurs when the signal is cycled through M different paths. Signal dependent FPN caused by 

gain mismatches between the paths cause images of the input specmrn to appear at intervals of 5 in the 

output spectntm. Signal independent FPN caused by offset mismatches between the paths will cause tones 

to appear in the output spectrurn at intervals of g. Careful layout can greatiy reduce the effects of fixed 

pattem noise. 
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4.1 Design Specifications 

This chapter outlines the design of a programmable analog FIR filter that has specifications intended for an 

equalizer in a disk drive read channel. The choice of application allows for a cornparison behueen this 

design and other similar designs. For a disk drive read channel. circuit specifications cal1 for a high speed, 

low-power programmable equalizer with a medium amount of linearity. The adaptive filter used to imple- 

ment the equalizer is to have seven taps with seven bits of tap coefficient resolution. The design wiU use a 

differentiai architecture to help d u c e  common mode noise and maintain the desired dynamic range. The 

circuit specifications are summarized in Table 5. 

I Taps 7 I 
7 bits I 

Process TSMC 0 . 3 5 ~  CMOS 

Table 5: Design Specificatfonr 
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4.2 System Level Design 

The design of an analog FIR equalizer will be discussed in several stages. A top down approach will be 

used. After discussing the design of the overall system, the design of each individual block will be sum- 

marized. 

The chosen architecture for this analog FIR equalizer is the passive switched capacitor architecture out- 

lined in Chapter 3. The design will use the circular array implementation of the parallel analog delay line. 

This implementation was chosen over the NxN input matrix approach, as it will consume less area 

This design will require the use of several different clocks all of which will be generated From a single 

input clock. The precise nature of these clocks will be determined as needed during the design process. As 

a starting point, a simple block diagram of the overall system is shown in figure 21 - 

+ + 
C 

analog IN Input Parallel Analog MDACs . r  Summing Output o e m  - Buffer I *  Delay Line Stage ' Driver 
, 

mastmr reset I t 

Figure 21: Overall System Block Diagram 

Before the design of the individual blocks begins, there are several system-level issues that need to be dis- 

cussed including packaging, floorplan, power allocations, etc.,. 

4.2.1 Packaging 

It is important to consider the issue of packaging early in the design process. An accurate estimate of the 

number of pins that are required for the design is necessary in choosing the chip package. As the top level 

of the system has been outlined, a preliminary estimate can be made. 



In addition to the number of pins available in the chosen package, there may also be limitations placed on 

the number of pins due to the area allocated for the chip - a given chip area can only fit a certain number of 

pads. In this situation a 1500pm by 15ûûpm area of silicon was dlocated for the chip- It was found that 24 

pads - including ESD devices - would fit into the perimeter of this ama. 

There are also other issues that need be considered in choosing a package such as package parasitics, the 

testability of the package (Le. can the top be removed easily for probing), etc ... 

A 24 pin package (CMC designation 24CFP) was ultimately chosen. Altemaîively, a 44 pin package 

(CMC designation 44CQFP) could also have been used, It has the advantage that every second pin can be 

connected to ground, ailowing better isolation between the active iines. This package, however, has the 

drawback of longer leads and slightly worse package parasitics due to its larger size. The package models 

that were provided had about 2.5nH for the 24CFP versus about 5nH for the 44CFP. Resistance and capac- 

itance were both on the same order of magnitude. The 44 pin package does not allow for easy probing of 

interna1 nodes as the provided test fixture has the chip mounted with its lid upsidedown. 

The 24 pin limit required some changes to the digital cucuitry. Originaily the coefficients with their 

addresses were to be loaded onto parallel lines. This was found to be a problem as it would require 11 lines 

(7 data, 3 address, and 1 load). Instead, to reduce the number of required pins, the coefficient data and 

address are loaded serially on a single line. This reduces the requirement to only 3 lines (1 serial data, 1 

dock, 1 reset), but increases the complexity of the digital circuitry. 

An updated estimate has the chip using 18 pins in total. If needed, the 6 unallocated pins can be used for 

additional power supplies or for test outputs. The allocation of these unused pins will be made during cir- 

cuit layout. A sumrnary of the pin usage is shown in Table 6. 

It is important to note that there are different power supplies for the analog circuitry, the digital circuitry, 

and for shiefding. This separation of supplies aliows for better isolation of noise. The switching that 

occurs in the digital circuitry will cause noise in its power supply lines. This noise can interfere with the 

operation of the analog circuitry. Digital noise can also leak through to the analog signal path via the sub- 

strate. For this reason, it is important to separate the analog and digital portions of the chip and to place 

guard rings between these two sections- A separate guard ring power supply isolated on-chip from both 

the analog and digital supplies is used to block noise coupling through the substrate. These supplies are 

eventually connected together off-chip. 
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Digitai Power 

4.2.2 Floorplan (Area Allocation) 

A pretiminary floorplan for the chip can be constmcted from the initial block diagram of the chip. This 

allows the designer CO plan the placement of cucuiûy on the chip. The initial floorplm for the chip is 

-0g 

1 - Sena1 data 

I - data reset 

1 - data clock 

2 - digital vdd vss 

3 - anaiog vdd vss, 
vcm 

2 - shield vdd. vss 

shown in figure 22. 

- 

2 - differentiai input 

2 - differential output 

2 - reference cunent 

I - master dock 

1 - master reset 

5 

-- --- - 

7 

Periphery - 8 pads per side - 

Table 6: Pin Estimate 

- 

6 

- coefficient 
load & shdfiirrg 

input Stage - input b ~ r  1.p S W e  - capacitor - 7 MDACs 

I Digital Logic - clock ganemtor 

Figure 22: Chip Floorplan 

- outputstaga - CDS opamp - output driver 

- Active A m  
-12oopm x 12oopm 
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4.2.3 Power Consumption Allocation 

Another system level issue involves the allocation of the 70mW of power consumption. The suuuxüng 

opamps, coefficient shuffling, and clocks will consume the majority of the power- Other souces of power 

consumption are the shuffling of active elernents in the SM array, and the bias circuitry. The output driver 

will consume a large amount of power, but is not included in the power consumption specification. The 

output of the filter will not necessarily need to drive off-chip circuitry and so the driver is not included in 

the total power. A preliminary power consumption allocation is shown in Table 7. 
- 

Block 

Input Buffer 

Parallei Analog Deliïy Line 

Tap Stage 

Surnming Opamps 

Output Driver 

Bias Circuit 

Coefficient Loading 

Coefficient Shuffling 

4.2.4 Switched Capacitor Architecture Considerations 

The choice of a switched capacitor architecture requires the examination of severai pmblems that can 

occur with switched capacitor circuitry. System level issues include how large to make the unit sized 

capacitor, and how to deal with clock feedthrough and charge injection. 

-- -- 

Powu Coosumptioa (mm 
5 

5 

1 -2 

20 

unlimitecl 

1 

-O 

10 
- 

CIock Generator 

Tocai 

Unit Capacitor Size 

Since the design will be using switched capacitor circuitry, a unit capacitance size should be determined. 

To minimize the arnount of area consumed, the capacitors should be kept as small as possible. The mini- 

mum capaci tor size for the analog signal path will be determined by the amount of kT/C noise as well as by 

the amount of mismatch that circuit can tolerate. The parasitic capacitance present on the metal Lines used 

for signal routing will also b i t  the minimum size for a unit capacitor. There is a made-off to be made 

20 

4 0  

Table 7: Power Consumption Allocation 
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between minimizing the area and limiting the performance of the circuit through noise, mismatch, and par- 

asitic effects. 

In this case, as no data was available for the dependence of capacitor mismatch on capacitor size, the unit 

sized capacitor was chosen to be lOOff This results in acapacitor with an ares of 1 12.4 pm2. If two lûûfF 

capacitors are used differentially, their kT/C noise will be 287.8pV(ms) which is -61.8dB referreci to a 

1 Vpk-pk differentiai signal. This is well below the desired dynamic range of 4OdB. 

4.2.5 Distortion 

The analog signal path should be anaiyzed in terms of harmonic distortion to ensure that the circuit meets 

the linearity specification. The total distortion at the output of the circuit wiii be based on the distortion 

caused by each of the elements in the signal path. As the distortion is relative to the signal Ievel, applying 

a gain to the signai will not generally improve the distortion product. Since this circuit is diffetential, it 

will be assumed that the third order harrnonic distortion will be dominant. If this is the case, the distortion 

products witl add Iinearly [3]. 

Some margin should be lefi for the distortion caused by signal dependent fixed pattern noise- 

4.2.6 Noise 

The anaiog signal path should be anaiyzed in terms of noise injection to ensure that the system meets the 

dynarnic range specification. In this case, a single path can be anaiyzed to determine the noise added to the 

system (figure 23). In this figure, the gain is denoted by A and the noise voltage is denoted by N. 

Noise from 
six other paths 

Figure 23: System Noise Analysis 
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Assuming that the tap gain of each of the tap elements is the maximum possible value of two, the maxi- 

mum amount of noise possible at the output of the system is given by equation 9. Ail noise values repre- 

sented by Nx are the absolute RMS magnitudes of the noise added at the output of the block in question. 

These are multiplied by the gain of any further elements in the system. Addition of noise sources is per- 

formed as a sum of squares on the assumption that each noise source is uncorrelated, 

Eqn 9. 

Using this equation dong with the desired dynamic range, the design of the input and output buffers as 

well as the surnrning amplifier can be performed, 

This system also has ttie added complication of fmed pattern noise which should also be factored into the 

noise equation. 

4.2.7 Fixed Pattern Noim 
Due to the parallel paths that exist in the design system, fixed pattern noise should also be considered. 

This section presents an analysis of the fixed pattern noise that occurs in each of the system blocks- 

Input Sample and Hold Stage 

The input sample and hold stage fixed pattern noise can be modelled as a repeating sequence of 28 path 

gains. Any mismatch in path gain will cause image signals to appear at multiples of fs/28. The relation- 

ship between capacitor mismatch and gain mismatch is shown in figure 24. In order to have a fixed pattern 

distortion less than -4ûdB, the maximum deviation in the capacitor matching within the array should be 

within 2%. This assumes that there everything else is perfectly matched. If it is assumed that the capaci- 

tors are matched to within 0.1% (see page 394 of [l]), the maximum distortion due to FPN will be -66dB. 

Tap Stage 

Any rnismatch in the input capacitance of the taps will cause fixed pattern distortion. Again, using the 

relationship down in figure 24, in order to have less than -40dB distortion, the matching should be to 



Figure 24: Relationship Betwwn Gain Mismatch and Capacitor Mismatch 

within at l e s t  2%. Assuming the actual rnatching of the input capacitance is O. 1 %, this will result in a dis- 

tortion of less than -66dB. 

Output Summing Stage 

The output summing stage fixed pattern noise will have both signal dependent and signal independent 

components. The signal dependent component of the fixed pattern noise will be due to mismatch between 

the feedback capacitors and between the capacitors in the taps. In this case, the gain rnismatch will be 

equal to the capacitor rnismatch. For a distortion of less than -40dB. the capacitors should match to within 

Z %. Assuming capacitor matching of 0.1%, the distortion will be on the order of -66dB. The signai inde- 

pendent component of the fuced pattern noise will be due to mismatch between the DC offset present at the 

output of the two CDS amplifiers. This mismatch should not exceed lOmV assurning the maximum input 

is a lVptpr signal. This should not be a problern as al1 offset is attenuated by the gain of the oparnp used 

in the CDS amplifiers (see equation 5). 

4.2.8 Chip Testability 

It is important that the chip be designed with testability in mind. Test pads and pins can be added to allow 

the designer to veriw the operation of intemals circuitry during chip testing. Test devices cm be added if 

there is room to allow the designer to veriQ how closeiy the device characteristics match the simulation 

models. 
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4.3 Analog Circuitry 

There are several issues that should be decided befote beginning the design of the analog blocks. In order 

to aid the analog design process, the threshold voltages as well as the magnitude of the p&,, constant for 

both NMOS and PMOS transistors should be determined. Using these values and the desired Veff voltage, 

device sizing c m  be detennined. 

Choosing Vetf 

A V,pVgIV, of about 0 . W  was chosen for use in this design. The chosen VeR aiIows the output of the 

circuits wide swing current mirrors to operate to within 2Ve@.5V of each supply. This ailows for a large 

oparnp output signal swing (2.3Vpk.pk single-endedly for a 3.3V supply) before the device falls into the tri- 

ode region and large amounts of distortion are produced. A larger VeR wiU ceduce the available signai 

swing as well as require more bias current for a given uansconductance, g,, and device size. Choosing a 

srnailer Veff would see the devices starting to tum off. It is important to ensure that al1 devices are operat- 

ing well into saturation. The 0.25V level was chosen as a trade-off between these two cases. 

4.3.1 Opamp Bias Genemtor 

The bias voltages for ail of the oparnps used in the design except for the output differential pair are gener- 

ated by a single constant transconductance bias circuit [l][pp259-2601 (see figure 25). It is composed of 

two cross-coupled wide swing cascode current mirrocs formed by Ml-Ml4 in conjunction with a simple 

constant g, bias circuit fonned by M l ,  M5 and Rbias- If the geometry ratio of Ml is set to four times the 

geometry ratio of MS, the transconductance of the two transistors will be l/Rbi,. The circuit has the abil- 

ity to set the transconductance of al1 on-chip transistors based on the resistance of an extemal bias resistor, 

Rbiris. The use of this circuit allows the transconductance of al1 transistors that use the bias voltages to be 

set to a known value relatively independent of supply voltage, temperature and process variations. 
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Figure 25: Constant Transconductanœ Bias Circuit Schematic 

The design equations that were used to determine the transconductance and bias current are... 

Devices in the bias generator were sized close to minimum dimensions. The choice of NMOS devices 

Device 

Ml 

M4, M8, M 1 1 

M 14 

with a width of 5pm dong with a p&,, of 180pA/V2 and a VeR of approximately 0.25V results in a bias 

Table 8: Bias Circuit Transistor SiUng 

Device 

current of close to 1OOpA. As the constant kC,, for PMOS transiston is about 3 times greater than that 

S i z t  

for the NMOS transistors, the device widths were chosen to be 14pm. 

Size 

90.6 

Y0.35 

2/10 

S i  

2ûf0.35 

1 4i0.35 

3.9/0.6 

Devict 

M2, M6, M 13 

MS. Ml2 
M16. M17, 

Ml8 

Ml8 

M3. M7. M l 0  

M9 

14/0.6 

Y0.6 
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The bias current for ail paths in the bias circuit (except for the start-up circuit) was 100pA- The chosen 

current results in an actual Vefc of 0.256V' a transconductance of 0,78125mAN, and therefore an extemal 

resistance of 1.28 IdZ The designed bias circuit results in a power consumption of 1 X m W  - only a small 

proportion of the 70mW power budget. 

A start-up circuit is used to ensure that the bias circuit establishes the proper bias voltages. This is impor- 

tant as the circuit has two stable States - one of which has no current flowing in the circuit branches. The 

s t ~ p  circuit is sized to ensure minimal current consumption from the transistor that is always on. 

Test pads are placed inside the chip to aliow probing of the bias voltages. 

Simulation 

The bias generator circuit was tested using the package model, estimated loading, and an extemal resistor 

to genente the reference current. Simulations were performed to ensure that the circuit would be able to 

start up as well as to find the steady-state bias voltages. Simulated bias voltages are shown in Table 9. 

Name Description Volîage 

v~~ 

ve 

It should be noted that the maximum signal swing using these bias voltages is now about 2.1V. 

-- 

va 

VBN 

4.3.2 Input Buffer 

The input buffer is used to drive the incoming analog signal into the analog delay line. No amplification of 

the input signal is required, so this circuit should have close to unity gain. The analog deiay Iine will sam- 

ple the incoming analog signal ont0 seven initially discharged capacitors each twice the unit size. Using 

capacitors that are twice the unit size will result in a halving of the sampled voltage when it is charge 

shared into the tap stage- The input buffer shouki be able to charge up 1.4pF within the sampling clock 

bias voltage for p-channel 
bias transistor 

bias voltage for p-channel 
cascode transistor 

223 

1.72 

Table 9: Simulated Bias Voitages 

- -- - 

bias voltage for n-channel 
cascode transistor 

bias voltage for n-channel 
bias t i i i s t o r  

- 

1.29 

0.95 



phase. This requires settling to within 99% (Le. -40dB) of the final value within 2-511s if a 2ûûMHz sarn- 

pling dock is used, This settiÏng time requirement will dictate the required opamp bandwidth. 

Design 

Two source followers can be used to implement the input buffer. A circuit schematic is shown in figure 26 

with device sizes given in Table 10. Device sizes were selected to meet the settling tirne specification. 

One difficulty with using t h i s  type of buffer is the reduced input common mode range. For simulation, an 

input common mode voltage of 2.5V was used. 

Figure 26: Input Buffer Schematic 

Device S W  (W/t> Device Size (W/L) Dcvice Size (W/L) 

Table 10: Input Buffer ûevice Sizing 

Simulation 

The input buffer was tested using the anticipated output loading of 1 -4pE Switches were also a d d d  to the 

load to ensure that the capacitors were discharged during one of the clock phases. The test bench included 

the constant transconductance bias generator circuit to generate the bias voltage. A package mode1 was 

used to simulate input loading. The performance of the designed input buffer circuit is summarized in 

Table 1 I . 
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- 1 -373dB 

THD (@ IOMHz) 

Power Consumption 4.125mW 

Tabk 11: Input Buffer Performance 

4.3.3 Parallel Analog ûelay LIne 

The parailel anaiog delay line uses the passive, circular architecture discussed in Section 3.1.1. For a seven 

tap adaptive filter this requires the use of 28 sample-and-hold (S/H) blocks. The S/H blocks are arrangeci 

in a 4x7 element array and are activated in a serpentine manner as described in "Implementation - Circular 

Arrangement - Layout" on page 28. A block diagram of the parallel analog delay line dong with the initial 

arrangement of "active" blocks is show in figure 27. 

The foIlowing subsections will outline the operation of the components of the p d l e l  analog tapped delay 

line. Firstly, the arrangement of "active" block wiU be outlined. The operation of the discharge circuitry 

will then be shown. The circuit level specifics of the individuai sample-and-hold elements will then be dis- 

cussed. With the description of each of the components of the analog delay Line complete, the syncroniza- 

tion of the tap coefficients with the "active" elements wiU be outlined. 

Arrangement of "Activa" Bloch 

In order to have "active" sample-and-hold elements discharging voltages taken fiom different sample peri- 

ods, it has been shown that the spacing ktween each "active" elements should be different. In other 

words, for a seven tap delay line, consecutive "active" elements should have al1 of the spacings in the 

series 1,2,3,4,5,6,7. Furthemore, to ensure that there can never be more than two active elements in a row 

dunng a given clock cycle, the spacing should be 1,7,2,6,3,5,4 as is shown in figure 27. The chosen 

arrangement will guarantee that each row in the array has no more than two "active" elements at a time. 

The requirement for a maximum of two "active" elements is important as each row in the array has access 

to only two tap lines. 
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other dgnals not shown: aml- input 
clk (master dock) 
mset 

fn WH block - initially inactive \ 
Capacitor Array WH ~ I O C ~  - initially active 

Figure 27: Block Diagram of Seven Tap Passive Analog Delay Line 

Output Routing Logic 

The constructed sarnple-and-hold array contains togic to control S/H discharge when two "active" ele- 

ments are present in a given row of the afcay- Nomally a S/H will discharge to the upper tap line. How- 

ever, if there are two active elements in a given row, the first element wiii have its output routed to the 

lower tap line. The required operation is shown in figure 28. This ensures the two SM blocks are not dis- 

charging to the same tap line. 

The chosen "active" element spacing guarantees that when two "active" elements are present in a row, the 

row immediately below will have no "active" elements present. This ensures that there can never be 

"active" elements in two adjacent rows trying to wnte to the tap line between them. The logic used to 

implement the output routing is shown in figure 29. 

Sampleand-Hold Element 

Each individual sarnple-and-hold block in the array consists of a simple differential switched capacitor 

sample and hold, a shift register element (i.e. a latch) to hold the activation token, and some logic to con- 
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Single Active Row Ekment Two Active Row Elements (rnax.) 

Figure 28: Output Routing Algorithm 

Single Row of StH Blocks 

uppar tap lim uppw tip lino uppw t8p Iine uppri tap lin@ 

Block 63 
output i. uwrt.d 112 clock pwiod 
kfo i ,  output daclsion tms to k nud. if a m u r  Mock i. icthro input i. '0" - p a u  to kww lin 

figure 29: Output Routing Logic for a Single Row 

trol the S/H switches (figure 30). A "1" at the interna1 latch node of a shift register element is used to indi- 

cate that the associated S M  block is "active". If a S/H block is flagged as "active" during a clock cycle, 

then its currently held value is passed to the tap block on the first c k 2  phase. An extemal control signal 

indicates to which of the two available tap lines the signal wiU be passed. On the opposite phase of the 

clock (Le. clkl), the now discharged block samples a new input voltage. This allows for half a system 

dock penod to acquire the input clock signal. The "active" signals in the shift register are passed fiom 

block to block in the array in a serpentine mannec The figure does not show the reset shi ft register reset 

logic which is used to initialize the array and set the elements that are "active" immediately after a m e t  
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Sampie and Hold 1 
(Q - diffOf8llU@ - - 

dk2 

ShR Reg Tater Element 
-motrlgnilrnatrhorn, 

Figure 30: Input Capacitor Matrix SR( Element 

Tap Coefficient Ordering 

Returning to the diagram of the analog delay line shown in figure 27, the syncronization of coefficient 

shuffling will be discussed. The chosen spacing of "active" elements will dictate the taps to which the 

given elements should discharge. The spacing between active elements will be equal to the amount of tirne 

that a sarnpled voltage is held before it gets passed through to a tap. This information coupled with the out- 

put routing logic just discussed allows us to detennine the order in which the coefficients should be con- 

nected to the taps. 

The initial ordering of the tap coefficients a . r  reset follows directiy from the position of the inital active 

elements in the capacitor array. Each tap coefficient is associated with a specific active element. For 

example, the active element in the top iefi corner of the array has its sample updated every clock cycle 

because the adjacent element is also active. Based on the rules for two active elements in a row, it will out- 

put its sarnple to the top tap line. This tap coefficient associated with the top tap tine will therefore corre- 

spond to the newest sample (ie. the output of the first delay in a seven tap pipelined delay line). The 

second active element in the array is seven elements away from the next active element therefore its tap 

coefficient will correspond to the oldest sample (ie. the output of the last delay in a seven tap delay line). 
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The FIR coefficients (Le. al ,  a2, a3, ... a,) present in taps A to G correspond directly with the active element 

spacing. The active element spacing is 1,7,2,6,3,5,4, therefore the tap coefficients should be orderwl as 

al ,a7,a2,qj,a3,asPa4- 

Tap Coefficient Shuffling 

Now that the tap coefficients are in the correct order, the shuffling mechanism can be described, For the 

First clock cycle after a met ,  and for the next three master clock cycles, the tap coemcients do  not need to 

k changed. This can be easily verified using the top left "active" element in the anay in figure 27- 

The leftmost active element in the first column of the array will pass its output to the upper tap line for four 

clock periods. The other active element will pass its output to the lower line until the fourth dock pend 

when it must move down to the next row. When this happens, the output of this element will pass to the 

upper line of the second row which happens to be the same as the Lower Line of the first row. The corre- 

sponding tap coefficient must therefore stay at the same tap for four d o c k  periods despite the active ele- 

ment having changed mws. The same reasoning can be used to verify the connection of the other active 

elements. 

On the fifth dock cycle, the active elements will al1 have moved d o m  by one full row in the matrix. At 

this point, the tap coefficients will be shuffled down one row, so that they continue to follow their desig- 

nated active element, The process describeci in the preceding paragraph then repeats itself- The first four 

coefficient shuffies are shown in table 12. 

Further shuffles will continue the pattern, shuffling coefficients once every four master clock cycles. 

Tap Clock Period 
(master dock period 4) 

1 (inital state) 

2 

3 

4 

Tap Line 

A 

1 

4 

5 

3 

, 

C 

4 

5 

3 

6 

D 

6 

2 

7 

I 

B 

7 

1 

4 

5 

C 

2 

7 

1 

4 

E 

3 

6 

2 

7 

F 

5 

3 

6 

2 
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Simulation 

The anatog delay line was sirnulated dong with the input buffer and constant transconductance bias gener- 

ator. Input and output loading was also taken into account. Digital control signais including cIocks were 

generated by the test bench circuit- Simulation of the input capacitor matrix circuit was performed to 

ensure ihat the array is reading and writing voltages in the proper order, A plot of the analog delay Liae 

output (figure 3 1) that msults from a IOMHz. lVpk-pk input shows the voltage h m  each sampluig instant 

k i n g  wntten to a tap line the required seven times. A 200MHz clock was used for the simulation. 

Figure 31 : Analog ûelay Lins - Output for an Input Sinusoid 

The performance of the system constructeci up to this point is summarized in Table 13. 

4.3.4 MDACs 

The tap stage consists of seven individual multiplying digital to analog converter (MDAC) circuits - one 

for each tap. To improve the speed of the overali system, the andog signal path has been modified to have 

two parallel paths. A block diagram of the new system is s h o w  in figure 32. The system will now have 

two output summing amplifiers each mnning at half the master dock speed. The use of two output sum- 
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Output Signal 

Table 13: System Performance - lnput to Analog Deky Line Output 

rning opamps requires a modification of the original UDAC design. The structure of a doubled-up MDAC 

Gain 

T m  ( IOMHz) 

block as weU as its corresponding dock signals are shown in figure 33. 

0333 

<-55dB 

Generation 

lnput 
Buffer 

I I 

dic dm. dW4 

dk. d m  

dk 
Summing 
Oprmp 

lnput Capacitor 
Matrix 

4 Summing 
la@ Opamp 

4 

Figure 32: Modified System Block Diagram 

The output needs to be directed to one output summing opamp on even dock periods and to the other sum- 

ming opamp on odd dock periods. This necessitates the use of two different dock speeds. The input wiii 

be clocked at the full master dock speed while the two outputs are each clocked at half the master dock 

speed. 
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Phase Description 
4, - mastar dock A - 8h.m thug. lm C8prdt0t kdd.r 

A B C D A B C D  

Figure 33: Modified MOAC Structure (7-bit) 

As the system is fuiiy differential, a negative multiplying coefficient can be realized by flipping the MDAC 

input signal (or dternately the MDAC output signal). The negative coefficient can be tealized using trans- 

mission gates. 

The MDAC circuit wiU be simulated once the output driver and sumrning oparnps have been completed. 

The remainder of the design wiii start at the output of the circuit and work backwards towards the MDAC 

blocks. The output driver wili be designed followed by the CDS summing opamp. 

4.3.5 Output Driver 
An output driver is required to driver the signal off-chip into two 50 Ohm transmission lines. The other 

side of the transmission lines wiii be connected to the 50 Ohm termination in either an oscilloscope or a 

spectrum analyzer, 

The chosen output driver circuit, shown in figure 34, is composed of an open drain differential pair. The 

device sizes used are shown in Table 14. Two extemal 50 Ohm tesistors set the output common mode volt- 

age. The outputs then connect to the transmission lines througb decoupling capacitors. The bias current 
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for the output stage is set by a bias circuit that is conmiied independently from the constant transconduc- 

tance bias circuit. 

Figure 34: Output Driver Schematic 

The 50 Ohm load resistance was chosen to provide output matching to a 50 Ohm cabie. This choice of 

load fixes the range of possible currents flowing through the differentiai pair. The design of this circuit 

involves choosing an output common mode voltage to maximize output swing. After the magnitude of the 

bias current has been chosen, the sizing of the differential pair is chosen by combining the equation for the 

gain of the differential pair and the equation for transconductance ... 

These design equations assume that the desired gain is unity and there is no degeneration resistance. 

Degeneration can be added if the differentiai pair is too small and too noisy. Larger, less noisy devices 

Device 

MI 

Table 14: Output Driver Device SWng 

Device 

M3,M4 

Size (WIL) Device S i  (W/L) 

W0.6 M2 3W0.6 I 
Size (W/L) 

20010.5 
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with more transconductance cm be used to give the same gain if a small degeneration resistance is added 

to the source of the transistors. 

In this case, a bias current of 7mA through each of the transistors in the differential was chosen to give an 

output common mode voltage of 2-9SV. From this vaIue, the device sizes were chosen based on the above 

equation. A srnall amount of degeneration was added to the circuit- 

Simulation 

The output driver was simufated dong with the package rnodel, Output driver performance obtained 

through simulation using a 10MI-k input differential sinusoid is given in Table 15. 

Input Voltage 

Output Voltage 

0.57 16 

-3dB Bandwidth 

THD (10 MHz) 

Noise (1 Hz-SGHz) I8.5pV 

Table 15: Output Driver Performance 

Dynamic Range 

Power 
I 

4.3.6 Output Summing Stage 

In the chosen architecture, the output summing stage is implemented as an opamp with capacitor feedback. 

A correlated double sarnpling (CDS) technique is used to remove both DC and finite gain offsets that 

would otherwise accumulate. A block diagram of the CDS structure is shown in figure 35. The figure 

shows a single ended version of the structure - the implemented CDS sample and hold is differential. It 

should be noted that when the filter is active, the ratio of Cl to C2, and therefore the closed-loop gain, can 

Vary anywhere between 1 and 42. The reasoning behind the use of this particular CDS architecture as well 

as its operation was previously outlined in "Correlated Double Sampling" on page 34. 

85.6dB 

S3mW 

The design of this block will begin with the determination of the minimum opamp design specificatioa 

required to ensure that the overail CDS circuit mets the system specifications. 
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-, 
v,, $1 cl c, 

4 
U - 

-r;1, 42 "out 

4 +y. 
@2 4 

Figure 35: Struchim of the Output Summing CDS Opamp 

Open Loop Gain and -3dB Frequency 

In order to meet the iînearity specification, any deviation of the transfer function from the ideal must be no 

more than -40dB. There are two mechanisrns that wili conîribute to a frequency dependent deviation in the 

transfer function of the CDS sample-and-hold - the roil-off of the CDS transfer function and the finite set- 

tling time of the opamp. The chosen CDS structure has a builta-in roll-off in its transfer function as the fre- 

quency of the sarnpled signai approaches fJ2, caused by the finite opamp open loop gain. The finite 

settling time of the opamp wiii aiso cause a faii-off in the transfer function as the sampled signal 

approaches fJ2. 

The tolerance for deviation in the transfer function of the CDS opamp will be dictated by the circuit linear- 

ity specification. The deviation of transfer function through the entire system should meet the iinearity 

specification of 4OdB. This requirement dictates a ripple of no more than O.OS7dB. Assurning that we 

would Iike the contribution of both mechanisms to be equal, each should result in no more than -46dB of 

deviation or a npple of 0.044d.B. 
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The equation for the CDS transfer fiinction is repeated here for convenience ... 

As is shown in ''APPENDIX A - Derivation: CDS Amplifier Transfer Function" on page 106, the maxi- 

mum deviation will be between the DC gain (z=I) and the gain for f& (z=-1). The next step is to substi- 

hi te z=1 and z=- 1 into the CDS transfer function and make the ratio less than 0.44dB. Through 

experimentation in MATLAB, the minimum open-loop DC gain should be at least 58d.B. 

Because two CDS amplifiers are used in a ping-pong configuration, the specification for the opamp band- 

width can be relaxed slightiy. if only a single opamp were used, a settling time of less than 2.5ns would be 

required at a clock speed of 2ûûMHz. This would require a -3dB frequency of at l e s t  337MHz. The use 

of two opamps relaxes the settling time requirement by a factor of two. Two opamps each require 5ns of 

settling tirne in the case of a 200MHz sampling frequency. This translates to a -3dB frequency of 168MH.z. 

Slew Rate 

Opamp slew rate is also a design considetation. To settle to a maximum swing of lVptpk within 4ns, the 

opamp must have a slew rate better than 200rnVhs. This differential slew rate translates to 100mVhs sin- 

gle-endedly. Assurning a worst case capacitance of IpF (taking into account the loading of the output 

driver and anticipatecl opamp feedback), this translates to a minimum current of 1OOpA for each side of the 

output stage. The achml current should be larger than this to provide enough margin for settling. 
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Stability 

Another difficulty in the design of the opamp is the varying loading conditions on the input node of the 

oparnp. The minimum capacitance of Ci, that will be seen on this node (and still have a signal pass 

through) is a single unit capacitor. The maximum input capacitance wiii occur if d l  of the bits for ai i  of the 

taps are injecting their charge into th is  nde.  In this case the capacitance will be 7 taps x 6 bits = 42 unit 

capacitors. Assuming the feedback capacitor is also a unit capacitance, this requires the oparnp to remain 

in stable operation over a closed loop gain from 1 to 42. In the former case, the circuit may be unstable and 

require compensation. The latter case wili dictate the wotst case settling condition of the circuit, 

One solution would be to add compensation such that the unity gain case is stable. Unfortunately, this wiU 

have the effect of increasing the aiready worst case settling t h e  for the 42 unit capacitor 1 0 4 -  In this case, 

the addition of compensation capacitance will only serve to slow down the system even further. 

Due to the varying loading conditions a variable compensation capacitor will be used to improve the set- 

tling time of the opamp. For smaller closed loop gains, the compensation capacitance can be increased to 

improve stability, For larger closed loop gains, the compensation capacitance can be decreased or even 

compIete1y removed in order to improve settIing time, The compensation capacitance can be a binary 

weighted array of capacitors controlled by the same digital circuitry that controls the choice of tap coeffi- 

cients. 

Opamp Design Summary 

The preceding discussion outiined some bounds on the opamp specifications. The design of the opamp can 

now proceed. The oparnp design specifications are outlined in Table 16. 

Slew Rate (differential) >2OOmV/ns 

Maximum Closed Loop Gain 

Minimum Closed Loop Gain 

Parameter 

Open Loop DC Gain 

Table 16: Opamp Dssign Paramaters 

Value 

>58dB 
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The speed bottleneck of the equalizer is the output summing node. In order to meet the specified speed of 

200MH2, the opamp must have an extremely fast settling time. Even using two summing opamps in ping- 

pong operation, each opamp must still be able to settle to witiün -40d.B (Le. IOmV) of the final voltage sum 

within 5ns. For this application a operational transconductance amplifier (OTA) will be used. This type of 

amplifier is well suited for situations such as this where the loading is purely capacitive. A current mirror 

architecture will be used due to its good slew rate properties. The opamp that was designed is shown in 

figure 36. Device sizing is &en in Table 17. 

Figure 36: Current Minor Opamp Schernatic 

1 Device Size (W/L) Dence Size  W/L) Device Size (W/L) 

Table 17: Opamp Oevice Siring 

The specifications for the designed opamp are summarized in Table 18. 

A discrete time common mode feedback (CMFB) circuit was used to set the output common mode voltage. 

A diagram of the switched-capacitor CMFB circuit is shown in figure 37. The circuit adjusts the control 
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Table 18: Simukted Opamp Performance 

voltage VCMFB such that the common mode output voltage matches the reference VCM. The operation of 

this circuit is described in detail on page 291 of [Il. in this case, Cc and Cs are LOO@ and 25fF respec- 

tively. 

f 

Flgure 37: Common Mode Feedback Circuit 

A compensation network was required. It permits sizing of the compensation capacitance between O and 

800fF. There are also intemal test pads that can be used to add additional capacitance to the opamp output 

nodes. The compensation capacitance is connected to the opamp outputs on the output side of the ping- 

pong demultiplexer. This means that the compensation capacitance will only be connected to the CDS 

amplifiers dunng the hold (i.e. output settling) phase. Four additonal pins will be used in otder to conml 

the compensation network. One of the pins will control whether or not the compensation is connected. 

The other three pins are used to control the amount of compensation capacitance. This brings the total pin 

count up to 22. 
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CDS Amplifier Summary 
The designed opamp was placed in the CDS circuitry and simulated to ensure that the  fica cations are 

met. Different amounts of loading on the virtual ground was simulated- The settling characteristic for two 

of the amptifiers ninning in ping-pong configuration is show in figure 38. The output summing stage was 

simulated dong with the output driver, package models, and output loading to ensure proper functionality- 

The output stage performance is summarized in Table 19. 

single tap bit 7 r \ 

No Compensation 800f F Compensation 

Figure 38: CDS Amplifier Output Setüing Characteristic 

Parameter Value 

Input Voltage vpk-pk 

Noise (gain42) 

THD (10 MHz) 

Power 

Table 19: CDS ~rn~lifi&~erfonnaiice 

Simulation from MDAC to Output 

A single MDAC block was simulated dong with CDS amplifier and output dnver. Loading h m  other 

taps was simulated with a fixed capacitance present on the virtual ground node of each of the summing 

opamps. The perfomance of the system h m  the tap input to the output is summarized in Table 20. 
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THD ( IOMHZ) 

Power Consumption 
(including output driver) 

Tabk 20: System Performance - MDAC Input to Output 

-52.8dB 

105rnW 

- -  - - - - - - - 

Power Dissipation 
(no output driver) 

4.4 Digital Circuitry 

52mW 

4.4.1 Clock Genemtor 

The clock generator circuit genentes al1 of the various clocks required by the circuit fiom a single master 

input clock. In dl, ten clock signals are generated - non-overlapping clocks and their complements at the 

full master clock speed; non-overlapping clocks and their complements at half of the master clock s p d  

used for the ping-pong operation of the tap and summing node stages; a tap clock and its complement oper- 

ating at a quarter of the master clock speed used for coefficient shuffiing. 

A schematic of the dock generator is shown in figure 39. Flip flops are used to generate non-overlapping 

clocks as well as to implement the required dock division. Chains of inverters are used to gradually 

increase the clock drive- As the driver size is increased graduaiiy, the clock edges will remain fairly sharp. 

The driver sizes were chosen to give a clock rise and fa11 time of between O.1ns and 0.2ns. It is important 

to keep the clock transitions small in relation to the dock period which is in this case 5ns for a 200MEk 

clock signal. When asserted, the master reset signal will immediately disable the clocks and reset them to 

a known state. 

The dock generation circuitry was simulated to ensure the proper functionality. Simuiations (figure 40) 

were performed using estimated loading as well as a package model. 

4.4.2 Coefficient Lorrding Logic 

The coefficient logic (figure 41) dlows each of the coefficients to be loaded serially in order to minimize 

the number of extemd control pins required. This implementation uses only three pins to control the load- 
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Figure 39: Clock Generation Circuitry 

ing of the coefficients. The coefficients are loaded seriai data pin on the falling edge of the coefficient load 

clock. The first bit loaded should always be a "1". The loading logic uses this "1" to determine when the 

data has mished king loaded- The next three bits to be loaded will be the tap address of the coefficient 

while the next seven bits wiil be the bits of the coefficient itself. As shown in figure 42, loading of both the 

address and the data proceeds from the most significant bit (MSB) to the least significant bit ('SB). 

Once al1 of the bits are loaded into the coeffkient loading circuitry, they are automatically written into the 

coefficient mernory on the next appropriate clock phase of the internai analog switching ctock. Any fur- 

ther input to the serial data line will be ignored. The coeffkient logic c m  be met at any tirne through the 

use of the coefficient loading ceset signal. It should be noted that the master reset signai wili not clear a 

coefficient that is dready partialiy loaded- 

The coefficient loading logic was simulated dong with the coefficient shuffling logic. Simulation plots are 

shown in the next section. 
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Figure 40: Simulation of Clock Generation Circuitry 

4.4.3 Coefficient Shuffling Logic 

The coefficient shuffling logic (figure 43) is used to shift the coefficients between the various MDAC ele- 

ments, ensuring that the coeffkients match up with the correct sarnpled voltage. This logic block consists 

of 49 shift register elements containing the 7 bit coefficients for each of the seven taps. There are also an 

additional 21 shift register elements to hold the tap addresses. Both the data and corresponding addresses 

are shuffied in a circular manner. 

The initial ordenng of the block addresses is important. It will depend on the initial state of "active" ele- 

ments in the analog delay line, Both the coefficient addresses and the input capacitor array should reset to 

a known state in order to keep their operation syncronized. As was discussed previously in Section 4.3.3, 

initial coefficients corresponding to taps A,B,C,D,E,F. and G should be al, a,. a2. ag, a3. as. and a+ The 

coefficient shifting will coincide with the movement of the "active" flags through the input m y Y  Since an 

active element will remain connected to a given row for four clock cycles, a new clock running at a quater 

of the master clock speed is required- 
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Figure 41 : Coefficient Loading Log ic 

1 1 use 

6 Bit Coefficient t 3 Bit Address 
Coefficient Sign 

Figure 42: Coefficient Loading Sequence 

In addition to shuffiing the coeficients, this block detects whether or not the coefficient Ioading logic is 

requesting a to write a new coefficient. in that case, the address is compared against the addresses of each 

of the coeff~cients in the array- if a match is found, the data for the matching address will be overwritten. 

Simulation of the coefficient shuflling logic was performed to ensure proper functionality. A sample of the 

simulated output waveform is shown in figure 44. The figure shows the results of successful wnte of 

' 1 1 1 1 1 1 ' to tap 1. The FIR tap coefficients associated with each tap are s hown in the figure. 

The power consumption for these hivo digital blocks will be dependent on the dock speed. Based on sim- 

ulation of the circuit using various clock speeds, the results shown in Table 21 were obtained. 
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Figure 43: Cwfficient Shuffling Logic 

4.5 Overall System 

An attempt was made to simulate the complete chip, but convergence problems meant that chip-level 

results were unavailable. A summary of the chip performance will therefore be constructed based on the 

performance of smafler blocks. 

4.5.1 Summary of Power Dissipation 

The system power dissipation is summarized in Table 22. 

As c m  be seen from the table, the total power dissipation of lûûmW does not meet the 70mW power con- 

sumption specification. This is mainly due to the requirements placed on the CDS amplifiers and the 

dynamic power expended by the digital logic. Although lûûmW is higher than the state of the art for ana- 

log adaptive ETR filters, it is still much lower than the state of the art in digital adaptive FIR fdters used for 

the sarne application. 

4.5.2 Summary of Noise 

The noise supplied by each of the blocks in the analog path is summarized in Table 23. Using the values 

from the table dong with equation 9, a mdimentary output noise estimate was found to be 1 .23mVm. The 
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Figure 44: Simulation of Coefficient Logic 

Tabk 21: Power Dissipation of Digital Logic 

estimated noise is 49dB down from a signal swing of lVpk-pb This calculation does not include any of the 

signal independent fixed pattern noise. 
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Power Dissipation 

bias circuit 132 rnW 

input buffer 4.13 m W  

anaIog delay Iine 

Totnl fûû mW I 
Table 22: Summary of Power Oisripaion 

- 

Table 23: Summary of Noise 

4.5.3 Summary of Distortion 

The equivalent system output distortion supplied by each of the blocks in the analog signal path is summa- 

nzed in Table 24. Note that the passive elements are assumed to be distoctionless (Le. it is assumed that 

more of the distortion will corne from the active blocks). Assurning that third order distortion dominates, 

the total hannonic distortion present at the output of the circuit is estimated to be -52.6dB. This caiculation 

does not include any signal dependent fixed pattern noise. 

4.6 Layout 

The chip layout (figure 45) was perfonned, using the floorplan as a guide. Circuit extraction was also per- 

formed including the parasitic capacitance of devices, wires, etc... in order to pennit a simulation of the cir- 

cuit blocks usiag a more accurate model. N I  simulation results outiined in the previous sections of this 

chapter use the layout extraction with parasitics unless otherwise noted. 
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Probe pads were added to d o w  for testing of various nodts in the circuir Each of the bias voltages gener- 

ated by the constant transconductance bias circuit can be probed. There is also a probe pad for one of the 

BIock 

input buffer 

input buffer into passive S M  

passive S M  to tap 

CDS amplifier 

output truffer 

docks and for one of the coefficient lines. 

Dislortiori 

-89dB 

- 

-52.8dB 

Figura 45: Plot of Circuit Lciyout 

Table 24: Summary of Distortion 
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4.7 Chapter Summary 

This chapter outlined the design of a programmable analog FIR filter, The chosen application was for a 

disk drive PRML read channel. This required a high speed (150-200MHz) circuit with a moderate amount 

of Linearity (40dB). Using this specification, the circuit was outlined at the system level. Several system- 

level issues were examined including charge injection, unit capacitor and unit switch sizing, power con- 

sumption, a floorplan, packaging, and an analysis of noise (including fixed pattern noise). After the pre- 

liminary system design was compteted, the design of the individual system blocks was discussed, The 

design of both the malog and the digitai signal paths was outlined- 
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CHAPTER Measurement & 
Analysis 

The seven tap programmable analog FIR filter was fabricated using a 0 . 3 5 ~  CMOS process. This chap- 

ter outiines the testing of the fabricated filter chip. Measurement results are presented and analyzed. 

5.1 Measurernent Test Bench 

The measurement test bench coasists of the chip under test d o n g  with supporting circuitry. Various sup- 

port circuiuy such as a Complex Programmable Logic Device (CPLD), 180' power splitters, and bias-Ts is 

required. A diagram of the test bench is shown in figure 46. 

Ali digital signais are controlled by a CPLD which implements debouncing of digital control signals. The 

CPLD also implements a serial-to-paralle1 converter n e c e s s q  to d o c k  the chosen coefficient value into 

the given tap address. The CPLD is clocked at a slow speed (10Hz) dunng testing. 

A diffefen tial analog signal is created using a 1 80° power splitter. Bias-Ts are used to set the input com- 

mon mode voltage. The input is  connected to either a signal generator o r  to the spectrum andyzer tracking 

generator. The signal generator is used for transient and frequency response of the system due to a single 

input sinusoid. The spectrum analyzer output is used to generate the frequency sweep necessary to gener- 

ate the filter transfer function 
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Figure 46: Test Circuit 

At the output, 50R resistors are used to terminate the open drain output driver. The signal is then AC-cou- 

pled and passed through a 180° power splitter to convert the differential signai back to a single ended sig- 

nd. The resdting signal is then passed to test equipment - either a spectrum analyzer or oscillosope. Both 

the specûum analyzer and the oscilloscope were set to use 50R tenninations. 

A PCB was constructed to hold the chip and various support circuitry- Once the circuit was tested to 

ensure that there were no on-chie power supply shorts, the circuit testing began. 

5.2 Bias Circuit 

Problem 

Once the chip was powered up, a DC test was performed to ensure that the bias circuit inputs settled to 

their simulated voltages. A voltage measwement on the bias circuit reference curent pin, irefl, pointed to 

a problem with the bias circuit. A probe of the input pin for the bias circuit reference current reveded 

300mVpk-pk oscillations at a frequency of about 40Hz with an external100pF capacitor on the r e f e ~ n c e  



cun-ent pin. Additional capacitance was added to the pin in an attempt to remove the oscillation, but only 

had the effect of reducing the frequency slightly. 

Solution 

The probing of the bias circuit reveaIed the solution for removing the bias voltage oscillation, With the 

additional capacitance of the probe tips and all capacitance on the extemal bias circuit reference current pin 

removed, the oscillations disappeared- 

Had the additional capacitance of the probes not removed the oscillation, another solution would have been 

to force the bias nodes to the desired voltage using the probes- This method, however, is not as desirable as 

the first, as the transconductance of the on-chip transistors will no longer be conmileci by Rb;=. 

Reason 

The bias circuit (figure 25) uses positive feedback in its main loop formed by transistors Ml-M8. As long 

as the loop gain is less than unity as is the case at low frequencies, the circuit will be stable. The source of 

transistor Ml is attached to the bias external bias resistor. At high frequencies, the pad capacitance (350f.F 

obtained from the extracted pad layout) which is also present on this node will short to gmund, causing the 

loop gain to increase and the circuit to oscillate. 

Two sofutions to this problern exist. Part of the extemd bias resistor can be placed on-chip before the pad 

capacitance [l]. Placing severai hundred ohms of resistance on-chip before the pad capacitance can be 

used to guarantee that the loop gain does not rise above unity. Another solution, seen in [2], is to add a 

compensation capacitor to the Ioop, either at VBN or VBP counteracting the effect of the pin capacitance. 

This is what is accomplished when the probe tip capacitance stops the oscillation. 

The bias circuit was re-simulated. Examining the loop gain of the Ml-M8 loop reveals the high frequency 

instability. In figure 47, the loop gain is plotted for different arnounts of loading on VBN- As c m  be seen, 

there should be a minimum 4ûûfF load (assuming al1 other bias nodes are unloaded) on the VBN node to 

remove the instability (Le. loop gain is always less than one). It was also noted through further simulation, 

that any czipacitance present on the external irefl pin will cause the minimum capacitance on the bias volt- 

age nodes required to guarantee stabiiity to increase. The placement of some of the resistance on-cfiip 

before the pin and pad capacitances was found to reàuce the minimum capacitance requirement. 



CHAPTER 5 - Measuremnt & Aiulyris 

10M lWM fG 
frequency 

Figure 47: Simulation Plot of Bias Circuit Loop Gain 

the bias circuit oscillations removed by the addition of the probe tip capacitance to the bias node, chip 

testing was able to continue. 

5.3 Frequency Spectrum 

The output ftequency spectrum of the filter wiil be now be examined. These measurements will allow the 

characterization of the system distortion as well as noise to ensure that the system meets the linearity spec- 

ification of at l e m  -40dB. The gain vs. coefficient relationship will d s o  be examined using data from sev- 

eral frequency spectrum measurements. 

5.3.1 Characterization of Distortion 

10 MHz Clock Frequency 

Measurements of the output frequency spectnim were made using a IOMHz sampling frequency in order to 

reduce any non-idealities that may exist due to high sampling frequencies. 
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An initial measurement was made before clocking in any coefficients (figure 48). This plot reveals a large 

component at fJ2 where f, is the sampling frequency. As none of the taps are enabled, the signal must be 

coming h m  the either the CDS amplifiers or the output driver. As the CDS amplifiers are being clocked 

at fJ2, it is likely that the f42 fquency  is caused by mismatch between the two circuits. 

In the next measurement, no input was applied while the maximum tap gain " 11 1 11 11 " was clocked into 

address 1 (figure 49). The resulting spectrum reveaied an increase in the spectral component at fJ2, and 

the appearance of a new component at fJ4. This wouid seem to imply some sort of mismatch occuring 

before the CDS amplifiers (Le. either in the tap gain stage or the anaiog deiay iïne) that repeats every four 

clock periods. Frequency components also appeared in the output specûum at multiples of f&8. These 

anticipated spectral components are attributed to mismatches between the passive sample-and-hold ele- 

ments of which there are 28 in total. The maximum component of f428 noise lies at about -52dBm. 

Severai sinusoids of different frequencies were applied to the input of the system, one at a time (see figures 

50,5 1.52, and 53). Each of these plots reveal frequency components at fs/41fm and fs/2ifm where f, is 

the frequency of the input sinusoid. This would seem to indicate that the input fundamentai is being con- 

volved with the spectral components at fJ2 and fJ4. This would seem to confirm the presence of a path 

mismatch that repeats at a frequency of fJ4. 

A large portion of the fJ4 can be attributed to the fact that the Lines connecting the elements in the input 

capacitor matrix and the taps are not k i n g  zeroed between uses (see figure 54). Because of this, there will 

be some voltage present on the parasitic capacitance of the line fmrn the previous sample discharged 

through the Iine that will add to the current sample k i n g  passed. Usually this will be simply the previous 

sarnp1ed voltage, Every four clock cycles, however, the voltage will be left over from the sample in the 

active element ahead of the given active element. 

The probfems caused by the parasitic capacitance can be lessened if the c&ontroUed switch at the input to 

the capacitor ladder is removd, This switch is not needed as the switch that allows the passive sarnple- 

and-hold element to discharge is also only active on $2- The removal of this switch will allow the line 

between the input capacitor matrix and the tap to discharge to ground during $l. 

The fJ4 distortion is confimed by simulations of the analog delay line block using the redundant switch. A 

plot of the DFT of the delay line output for a lOMHz signal king  sampled at 2OOMWz is shown in figure 



Figure 4û: Output Spectmm - 10 MHz Sampling - No Taps Enablsd 

Figure 49: Output Spectrum - 10 MHz Sampling - Singîe Tap - No Input 
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Figure 50: Output S-m - 10 MHz Sampling - Single Tap - 1 MHz Input 

Figure 51 : Output Spectrum - 10 MHz Sampllng - Single Tap - 2 MHz Input 
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Figure 52: Output Spectrum - 10 MHz Sampling - Single Tap - 3 MHz lnput 

Figure 53: Output Spectrurn - 10 MHz Sampling - Single Tap - 4 MHz lnput 
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Figure 54: Cause of Memory Pre8ent in System 

55. The images of the signal are about 12.4dB down h m  the fundamentai peak. This is quite close to the 

11 dB seen in the measured results. Once the switch was removed, the distortion was reduced to 41.9dB 

down from the fundamental (figure 56). Tbis remaining distortion is due to mismatch between the lines 

connecting the analog delay Iine to the taps. 

250 MHz Clock Fmquancy 

Frequency spectmm measurernents were repeated using a sarnpiing frequency of 2SOMHz- Measurements 

were taken with maximum gain " 11 11 1 11 1" at address 1 with no input (figure 5 3 ,  and with input frequen- 

cies of 10, 20 and 40 MHz (figures 58,59, and 60). The type of distortion that was present at a dock fre- 

quency of 250MHz was simila. to that seen at the lOMHz clock frequency. 

5.3.2 Gain vs. Coefficient Relatfonship 

The rehtionship between the tap coefficient value and the acnial gain was found using data From frequency 

spectmm measurements with the filter running at a clock speed of IOMHz. The magnitude of the output 

fundamental for different coefficient using a lMHz input signal is summarized in TabIe 25. 

From the difference in output signal levels between tap coefficient values, a plot of the gain-coefficient 

relationship cm be constmcted. A plot of the relationship with the gain for the maximum coefficient value 

(Le. "1 f 1 1 1 1") is s h o w  in figure 6 1. 

As c m  be seen in the figure, there are missing ranges of gain. This occurs because the ideal capacitor ratio 

of 2: 1 was used in construction of the filter. Parasitic capacitance between the bottom plate of the 2C 

capacitor as well as from the switches causes the relationship to deviate from ideal. Using a theoreticai 

model, the overall parasitic capacitance present on the internai nodes of the ladder is O. 1SpE With this 
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Figure 55: Simulated Response of Analog Mlay Une Output with Reâundant Switch 

Figure 56: Simulated Response of Analog Delay Une Output with Switch Removed 
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Figure 57: Output Spectrurn - 250 MHz Sampling - Single Tap - No lnput 

Figure 58: Output Spectrum - 250 MHz Sampling - Single Tap - 10 MHz Input 
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Figure 59: Output Spectrum - 250 MHz Sampling - Single Tap - 20 MHz Input 

Figure 60: Output Spectrurn - 250 MHz Sampling - Single Tap - 40 MHz Input 
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Top C d a e n t  Output Power (am) 

Figure 61 : Plot of Tap Gain 

00000 1 

value of parasitic capacitance, a ladder capacitor ratio of 5: 1 should be used to generate a coefficient bit- 

-54.0 

gain relationship that is close to the ideal. 

I 
Table 25: Measured Output Level for Given Tap coefficients 

5.4 Transfer Function 

The transfer function for the filter will be examined in several stages. FirstIy, the transfer function for a 

single enabled tap will be measured. After these measurements are performed, more complex iransfer 

functions such as a lowpass, highpass, and bandpass will be examined. 
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5.4.1 Single Enabiuâ Tap 
For a single enabled tap, the filter should ideally exhibit a flat response. The filter should delay the signal 

and attenuate it by an equal amount for al1 frequencies, Operating in this manner, the filter is simply a pro- 

grammable gain amplifier with delay. 

Measurements of the transfer function were made using a clock frequency of IOMHz. The low clock fre- 

quency was chosen to reduce the effect of any non-idealities due to high sampling frequencies. AU plots 

shown have been pre-warped to remove the sinc(fff3 fünction that is present due to the zero order hold that 

occurs at the system output. 

When the transfer function of the system was plotted for a single non-zero tap coefficient, several non-ide- 

alities were seen. The transfer function exhibits a decreasing magnitude for increasing input frequencies. 

There is also a ripple present of about 4dB in the transfer function. 

When the transfer function of the system with a single non-zero tap coefficient was examineci using al1 

possible tap addresses, differences in the response were seen, The deviation of the transfer function caused 

by the ripple is roughly 4dB for all taps. A plot of the measured "fiat" responses is shown in figure 62. 

Both the ripple and a portion of the decreasing magnitude seen in the transfer functions can be attributed to 

the redundant switch that is responsable for the fJ4 distortion, The switch causes previous discharged 

voltages to remain on the lines connecting the analog delay iine outputs to the taps. This effectively adds 

memory of al1 of the previous sarnpies that have passed through the lines. 

The operation of the system, taking into account only the previous discharged sample is summarized in 

Table 26. The variable A is used to denote the contribution of the previous discharged voltage left on the 

line. This variable will be detived empirîcally from the measuted transfer functions. It should be noted 

that this is a first order approximation to the actual system. Any older samples present on the line will be 

also affect the ripple, but to a lesser degree as they will be attenuated by additional multiples of A. 

As can be seen from the table, for dock cycles 1,2,3, the analog signal path for each of the taps has a mem- 

ory of the previous sample. The paths each have the intended amount of delay multiplied by ( l + ~ ) i ' .  On 

the fourth dock cycle, the given active element moves one output line down and gets a small portion of 

the voltage left over from the discharge of the next active element in the array. This will resuit in the 

intended amount of delay being multiplied by (l+A)e. where x can be either positive or negative depend- 
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Figure 62: Measureâ Address Dspendency in Transfer Function 

Table 26: System Opemtion Due to Memory 

ing on when the sample from the next active element was taken. It can be sen from the table that the 

memory in the case of cap 4 and tap 6 is the same. This is paralleled by similar amounts of ripple present 

for both tap 4 and tap 6 in the measured transfer functions in figure 62. 
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A magnitude plot of (l+A)* is shown in figure 63. Viwiations in the amount of ripple present in the tram- 

fer function can be seen for different values of x. It can be note. that some of these ripple patterns are sim- 

ilar to the patterns seen in the measured transfer functions. 

Figure 63: Plots of (1 +A)zœX 

A model of the circuit memory was constmcted in MATLAB, taking into account the time variant nature of 

the transfer function. The predicted tap memory given in the table was used in conjunction with the model 

to create a plot of the transfer function for each tap (figure 64). Similarities can be seen when the figure is 

compared with figure 62. 

Through iteration, a value of A that rninimizes the ripple and gain fdl  off can be found, The value of A 

that minirnizes npple is approximately 0.2. This corresponds to a parasitic line capacitance of about 100fF. 

A check of the line capacitance estimated in the layout extractecl reveais a capacitance of roughly the sarne 

order - an average value of around 50fF dong with four switches (or eight in the case of one of the lines) 

that each have parasitic drain capacitmces of about 1OfF. A plot of the "corrected" transfer functions is 
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Figure 64: Derived Addmss Dependency in Transfer Function 

shown in figure 65. It should be noted that alilthough the ripple has not been removed, it has been reduced 

from about 4dB to less than IdB. There were assumptions made in the modeiiing of the ripple in order to 

simplifj the analysis which are causing this mismatch. 

5.4.2 Lowpass, Highpass, Bandpass 

Several simple transfer functions were clocked into the füter. A lowpass transfer hinction 1-Z-l was 

clocked into the filter mnning at dock speeds of lOMHz and 250MHz (see figures 66 and 67)- A highpass 

tmns fer function 1+f1 was clocked into the filter ninning at dock speeds of 1 OMHz and 250MHz (see fig- 

ures 68 and 69). A bandpass t m s f e r  function 1+f2 was clocked into the filter running at clock speeds of 

1OMHz and 250MHz (see figures 70 and 71). 

The low-frequency results match fairly closely with the ideal transfer functions. At higher frequencies, the 

transfer functions exhibit a fall-off in gain as the input frequency is increased. 
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Figure 65: Corracted Tap Transfer Functions 

5.5 Power Consumption 

The power consumed by the filter was noted over a range of operating frequencies shown in figure 72. The 

output driver power of 59 mW is not counted in the power consumption calculation. As can be seen, the 

power consumed by the filter is roughly propomonal to operating frequency. The power consumption, 

which was measured for a single non-zero tap coefficient, exceeds the specification at an operating fre- 

quency of about 100MHz. 

There are s e v e d  ways that the power consumption of the circuit coula be reduced to meet the specifica- 

tion at the specified operating frequency of 150-2ûûMHz The digital circuitry is the main cause of 

increase in power consumption as the clock Frequency increases. Coefficient shuffling results in the con- 

sumption of dynamic power. If the shuffling could be rernoved, the frequency dependency of consumed 

power would be reduced. A reduction in clock loading would also have a beneficial effect on the measured 

power consumption of the chip. 
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figure 66: Transfer Functkn - 10 MHz Sampling - Lowpass (1 +zg1) 

Figure 67: Transfer Funetion - 250 MHz Sampling - Lowpass (1 +te') 
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Figure 68: Transfer Function - 10 MHz Sampling - Highpau (1-1') 

Figure 69: Ttanefer Function - 250 MHz Sampllng - Highpass (14') 
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Figure 70: Transfer Functkn - 10 MHz Sampling - Bandpass (1-zS) 

Figure 71: Tnnsfer Fundion - 250 MHz Sampling - Bandpau (1-zo2) 
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Figure 72: Power Consumption vs. Operating Frequency 

5.6 Chapter Summary 

The programmable analog FIR filter chip was fabricated in a 0.35pm CMOS process. This chapter pre- 

sented the test setup and measurements taken from the fabricated chip. A PCB was constructed as a test 

fixture for the rnanufactured chip. A CPLD was pmgrammed to act as a debouncer and parallel to seriai 

converter for the digital control signais. 

Oscillation in the bias circuit initially prevented testing of the chip. Through the addition of capacitance to 

the internal bias voltage lines, the oscillation was removed. 

Measurement of the filter output spectrum and transfer function reveded several problems with the chip. 

The analog signal path has rnemory from previous sarnples due to an extra switch that was placed before 

the taps. This extra switch prevents the removal of the previous sample present on the parasitic capaci- 

tance of the line between the output of the analog delay Line and the tap inputs. Due to the operation of the 

analog deiay Iine, every fourth sample has the sample for a different clock period added to it, This memory 

manifests itself as a ripple in the transfer function. The four clock cycle period of the sample memory will 

cause modulation of the input signal with a signal at fJ4 and fJ2. 
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Power consumption measurements reveal that the chip beats the specification of 70mW for operathg fre- 

quencies beIow 1 OOMHz 
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6.1 Conclusion 

A programmable analog FiR filter using a voltage mode switched-capacitor architecture was proposed in 

Chapter 3. The design of a filter chip was outlined in Chapter 4. A seven tap adaptive filter designed to 

disk drive read channel specification was designed and fabricated in a 0.35pm CMOS process. Measure- 

ment of the chip, presented in Chapter 5, revealed several problems with the design. Memory in the sys- 

tem as well as time variance caused ripples in the m s f e r  function and large image componeots in the 

output spectmm. The resulting harmonic distortion of the system was at worst about 1 IdB. Removd of a 

switch impeding the discharge of parasitic iine capacitance between the analog tapped delay line and the 

tap should result in much improvement to the harmonic distortion figure. Although the filter did not meet 

its design specifications for linearity, it was able to produce the programmed filter response for frequencies 

u p  to 250MHz. 

6.2 Future Research 

There are several areas in which future research c m  be concentrated. 

The chip that was designed has many areas in which improvements could be made. The connection 

between output of the analog delay line and the tap inputs should be more symmemc. This would result in 

less fixed pattern noise present in the output. The switch at the input of the tapped delay Iine should be 
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removed, allowing the tine between the analog delay line output and the tap input to the cleared, This 

would reduce the memory present in the system and in tum d u c e  the ripple seen in the filter transfer 

function. This would also reduce some of the large components of fixed pattern noise present in the output 

spectnim. 

The CDS opamp compensation problem warrants further investigation. A different tap architecture that 

presents a constant capacitance to the virtual ground node of the opamp would be beneftcial. Alternately, 

an efficient way of adjusting the compensation based on the filter coefficients is needed, 

The architecture with the NxN array implementation of passive sample-and-hold elements is a good candi- 

date for study. After the size of the additional control circuitry required for the cyciic implementation is 

taken into account, the NxN array may not be much bigger in terms of area At the same time, the NxN 

array wiIl most Iikely have a better power consumption since coefficient shuffling is not aeeded. Better 

matching rnay also be possible since the layout of each of the rows and their connection to the taps can be 

more easily made symmetric. 

An altemate architecture that may offer the possibility of higher speed and lower power consumption 

would be to use the passive analog delay tine in conjunction with taps implemented as transconductor 

MDACs. Charge sharing could be used between the passive sample-and-hold elements and the gate capac- 

itance of the transconductor. The linearity of this circuit will depend on the variation in gate capacitance 

present at the transconductor input. The bottieneck of the output summing node would be removed in this 

type of architecture. 
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I ranster 

The transfer function of the CDS amplifier s h o w  in figure 73 wiii now be derived. 

Figure 73: CDS Amplifier 

The operation of the circuit can be broken into two phases - the settling that occurs on the assertion of  @1 

and the settling that occurs on the assertion of e2. AS the output is taken at the end of this will be used 

as a starting point for the derivation of the circuit transfer function. The circuit state at the end of each 

phase is shown in figure 74. The effects of finite gain and DC offset will be taken into account. 
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Circuit state during h +l 
- define the end of thir 1 1 
state as time n 

Circuit state during 9, 
- define the end of this 
state as time n-ln 

Figure 74: CDS opamp state at the end of each clock phase 

Beginning with the transition from to QL, the foliowing equations show the charge transfer that occurs 

between Cl and C2- NO charge wiil be transferred to C3 as no charge can flow into it from the virtual 

ground of the oparnp- 

At the end of $2, at timestep n, the charge contained on CI and C1 can be wcitten as ... 

At the end of phil, at timestep n-1/2, the charge contained on CI and C2 can be written as... 

Qm = c,(+f)) Eqn 14. 
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Setting the charge on CI and C2 during the transition to be unchanged, the following equation is yielded ... 

-- B into A: Vo(n> - 

, +[il 
W e  now need to determine the output voltage from time period n-112. This can be accomplished by exam- 

ining the charge tram fer that wcurs in the transition between $z and @ ,. 
At the end of (I ,, at timestep n-1/2. the charge on Cg and C4 is given by the equation ... 

At the end of h, at timestep n-1, the charge on Cg and C4 is given by the equation ... 

Q,, = C,<vx(n-  1)- VJn- W + c 4 ( - v 0 ( n -  1) )  Eqn 17. 
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- 

Setting the charge on C p  and C4 during the iransition to be unchangeci, the following equation is yielded ... 

Substitution of equation 18 into equation 15 yields the foilowing transfer fiinction ... 

Eqn 18. 



APPENDlX A - Deriviition: CDS Amplifier Tmnrtisr Fonction 

There is now a terrn from n=3/2. After succesive applications of equation 18 and an application f the z- 

transform, the foliowing equatïon results ... 

Application of the geometric series results in ... 

The offset has k e n  reduced by a factor of A. The denominator is more cornplex, with an infinite number 

of terms. Fortunately, each additional term is attenuated by an additional factor of A. 

A plot of the transfer function if Ci=C2, C3=C4, and A=1000 is shown in figure 75. 
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Norm alized Frequency 

Figure 75: Example CDS Opamp Transfer Function 
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Noise 

6.1 Signal Dependent Fixed Pattern Noise 

Signai dependent fixed pattern noise is caused by variations in gain as a signal is cycled through several 

different paths. This section will analyze the fixed pattern noise present in a single enabled tap (i.e. ideally 

H(z)=constant)- The resulting output spectrum for a system with signal dependent fixed pattern noise is 

derived. The resulting maximum harmonic distortion for a given amount of deviation in path gain is then 

presen ted. 

B.1.1 Output Spectrum 

In an architecture with parallel signal paths, the output wavefonn y[n] can be generated by multiplying the 

input waveforrn x[n] by the repeating parallel path gain sequence g[n]. 

Ideally, the g[n] tenn wilI be a constant, k. The expected output of such a system is simply y[n]=kx[n] and 

therefore Y(z)=kX(z). Unfortunately if there are repeating variations in g[n] the frequency domain expres- 

sion is not as straight-forward. 
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In the frequency gain, this time domain multiplication wiU becorne convolution ... 

where N is the length of both the input sequence and the path gain sequence. 

The input waveform is effectively k i n g  modulated by the parallel path sequence. 

Analysis is compiicated by the fact that the path gain g[n] is a repeating sequence. In order simplify the 

analysis, assume that there are M paralie1 paths through which the input signal must pass where the Iength 

of the input signal, NT is a an integer multiple, cc, of M. The signal will thecefore cycle through the M par- 

allel paths a times for an N length signal. 

Both of these discrete time signals (the input waveform and the parallel path gains) can be brought into the 

frequency domain using the discrete Fourier transform of an N length sequence ... 

The frequency spectrum of g[n], the M length repeating sequence, is given by the following equation ... 

Eqn 25. 

where g, represents the coefficients of the M length repeating gain sequence. The subscript M on G ~ ~ @ C ]  

is used to denote that it is an M length sequence. 

Unfortunately this equation can't directly be used in the frequency domain multiplication of the input sig- 

nal spectrum and the path gain signal spectmm as the lengths of both sequences differ. Fortunately, due to 

the fact that we have chosen the input signal length, N, to be an integer multiple of the parailel path length, 



M. the path sequence can simply be extendeci- Over the entire N length input signal, the repeating gain 

g [n] cm be represented by the e-quation ... 

The frequency spectnim of the N length sequence of g[n] wiU therefore be given by the foiiowing equa- 

tion ... 

The peaks of the resulting N point spectrum of g[n] are spaced such that they are non-zero only on points 

that are multiples of a. 
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The frequency domain convolution of the input signal with the path gain (both of which now have equal 

lengths) is shown in the foliowing equation.,, 

Eqn 28. 

where ~ ~ ~ [ r ]  is the DFT of the M length path gain sequence. G ~ @ ]  is the DFT of the N length repeating 

sequence which itself is composed of seversil M length repeating sequences. Note that these two sequences 

w il1 be have corresponding points w here ~ ~ [ a r ] = ~ ~ ~ [ r ]  (a is an integer constant and r is an integer). 

The resulting equation shows the original input spectmm shifted and multiplied by the frequency compo- 

nents of the discrece Fourier transfocm of the path gain. It can be expanded to isolate each shifted portion 

of the input spectmm and its multiplier. .. 

f l k ]  = ~ { G , ~ [ O ] X ~ [ ~  mod N] +~,"[i]y[(k-a) rnod NJ 

+ ~ , ~ [ 2 ] X d [ ( k  - 2a) mod NI + ... + G,'[M - l ] y [ ( k  + a) mod N] 1 

The first term in the expansion yields the original input spectmm multiplied by the average of the path 

gains. The remaining ternis are M-1 image spectrums each shifted by and superimposeci on the output 

signal. Any image spectmms wiU reduce the linearity of the systern. 
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8.1.2 Limit on Path Gain Deviation 

We would like to find a maximum Limit on the amount of deviation aüowed in the path gains. 

The limit on the aliowed deviation will be dictateci by the specified dynamic range of the circuit.. 

sum of harmonic po 
harmoaic distortion I lOlog 

power of fundamental wer> 

For this analysis, the input signal will be a single sinusoid ,... 

... where A determines the frequency of the sinusoid. 

A single sinusoid is used because the magnitude response to any input signal can be generated h m  the 

sum of weighted, shifted single sinusoid responses. 

Assuming the average path gain to be unity, the ideal output (Le, no harmonies present) can be represented 

Eqn 32. 

Ideally the output spectnim should be equal to the input spectmm assuming unity path gain. 

The power of the output fundamental is therefore given by ... 

= ( 6 [ ( k  - A) rnod hJ-j j2  Eqn 33. 
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Differences between the path gains wiii cause harmonics to appear in the output spectnim. The power of 

the harmonics is given by the following equation ... 

Combining the chosen input sinusoid into the image power equation yields ... 

Eqn 34. 

For each value of the index r, there wiU only be one corresponding value of the index k that will make the 

squared term to be non-zero. The equation can therefore be reduced to simply the sum of the squares of 

path gain amplitudes ... 

Eqa 36. 

Parseval's theorem can be used to relate the frequency domain values to the time domain values resulting 

in.. . 

Eqn 37. 

Assuming the maximum path gain deviation fiom the ideal unity path gain is given by Ig[m]ldg.. 

Eqn 38. 
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When these two results are combine4 we see that the maximum deviation of the path gain should not 

exceed the desired Lineari ty... 

harmonic distortion I lOIog Eqn 39. 

Tt should be noted that the distortion present in the system is independent of the number of taps, NT or the 

number of different parailel paths, M. 

This formula was verified by MATLAE? simulation (for simulation code see figure 76)- The simulation set 

the magnitude of the path gain deviation to a maximum &*.O1 (Le. -4068 relative to the ideal unity path 

gain) and passed a single sinusoid through the system for different values of M, N, and input frequency. A 

sarnple plot for Ag=û.Ol, M=8, N=128 and fi,=0.078125fs (Le. an integer multiple of f m  is s h o w  h fig- 

ure 77. The maximum distortion seen in al1 cases, independent of M, N, and input frequency, was -40dB. 

The maximum distortion seen in the system corresponds to the case of equaiity of both sides in equation 

39. 

8.2 Signal Independent Fixed Pattern Noise 

Signal independent fixed pattern noise is caused by variations in DC offset.. as the system is switched 

through severai different paths. As the tenn signal independent noise implies, this noise wilI be present 

without any signal applied to the system. This section present a derivation of the resulting output specûum 

for a system with signal independent fixed pattern noise. The resulting maximum noise for a given amount 

of deviation in DC offsets is then presented. 



APPENDIX B - üerivation: Fixed P8ttem Noise 

function pathdistortion(freq. delta, n, N, staps) 
$ function patMistorCian(freq, delta. Fi, N) 

% 

TI frep = frequency of input signal ifs=ll 
$ delta = gain mismatch 
TA H = nimiber of different pachs 
% N = number of points 

for counc=l :steps, 

Y%% set rCa path gain usicg mar.lmum deviation of delta, buc Vary sign 
g(l:U)=l+delta*(sign(randn(l.K) 1 )  : 

*BI p lo t  output 

plot (X. Ydb-max(Ydb) 
hold on: 

end 
discorrion 
max(distortian) 
axis( [ O  0 . 5  maxidiscortian) -20 01 ; 
%label( 'tJormali=ed Brequency' ) 
ylabel( 'Magnitude' 1 

Figure 76: MATlAB Code for Distortion Simulation 
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Figure 77: Sample Output Plot Showing Signal ûepenâent Fixed Pattern Noise Oistortion 

8.2.1 Resulting Output Spctrum 

Signal independent fixed pattern noise can be modelled as a signal dependent fixed pattern noise where the 

input signal is a constant DC value. The sarne result as was derïved for the signal dependent noise can be 

used hem. 

1 P [ k ]  = M { ~ M d [ ~ ] f l [ k  mod N] + eMd[ 1 ] p l ( &  -a) mod IV1 

+ c M d [ 2 ] X d [ ( k  - 2a) mod NI + ... + G , ~ [ M -  l]Xd[(k + a) mod NI 1 
Eqn 40. 

In this equation. ~ ~ ~ [ r ]  is the DFJ? of the M-length DC offset sequence. 

In this case. since our mode1 has a DC input value. xdk] will be be non-zero only for k=nM, for some inte- 

ger n. The equation then simplifies to ... 

Eqn 41. 



8.2.2 Limit on Path Offset Deviation 

When the power of  the DC offsets are compared with the maximum possible input signal, the following 

retationship will result-.. 

fmed pattern noise I 20log(AVOw) 

In this case AVOnse, represents the difference in DC offsets present at the output of each of  the signal paths. 
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