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ABSTRACT

Design of a High Frequency Continuous-Time Filter 

and an Automatic Tuning Scheme. (December 2001) 

Praveen Kallam, B.Tech., Indian Institute of Technology 

Chair of Advisory Committee: Dr. Edgar Sanchez-Sinencio

On-chip continuous time filters are essential for many applications. The transconductor- 

C filters with their programmability have become almost indispensable in applications 

like Hard Disk Read Channel. Larger bandwidth and better performance are pushing 

these filters to have higher frequencies and higher quality factors. In this research, a new 

architecture for a pseudo-differential fully-symmetric high frequency transconductor is 

proposed. It combines CMFF and CMFB to achieve a faster common mode response. An 

improved tuning scheme for continuous-time high-Q biquad filters is also proposed. An 

improvement over the existing implementation of the modified-LMS Q-tuning scheme is 

combined with frequency tuning using PLL. The scheme has less area overhead, 

consumes lesser power and is more robust to offsets in the building blocks without 

compromising the accuracy achieved previously. A bandpass filter with center frequency 

100 MHz and Q of 20 is built using the proposed OTA. The proposed tuning scheme is 

used to tune the filter. The circuit is fabricated in standard CMOS 0.5u technology and 

the experimental results show that the Q tuning error is around 1%.
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CHAPTER I 

INTRODUCTION

On-chip continuous-time filters are becoming more popular in applications, where at 

least some processing is done in the analog domain. The main bottleneck of such filters 

is the accuracy, with which a filter, with some particular characteristics can be realized. 

Switched-capacitor filters realize the quality factor (Q) and the time constants in the 

filter as a ratio of capacitor values, and are proven to be quite accurate; but can only be 

used in low frequency and/or low quality factor filters. For higher frequency and/ or high 

Q filters, we can use the different techniques known in the literature [1-10]. While each 

of them has its own advantages and disadvantages, the common requirement for all the 

techniques is that, they need extra circuitry, to tune (or adjust) the filter characteristics to 

the required response. In [1], a novel method to tune a filter was proposed and an 

accuracy of 99% was achieved. In this research, we propose an improved tuning scheme, 

which occupies lesser area, consumes lesser power and eases the restrictions on 

technology (matching constraints) without sacrificing the accuracy previously achieved.

Continuous time filters can be realized using different techniques. The most straight 

forward method is called the RLC technique where resistors, capacitors and inductors 

are used to realize the required transfer function [11]. If the filter is intended to operate 

at low frequencies, the value of inductor becomes extremely large. This is not practical 

both on an integrated circuit and using discrete components. But, if the filter is intended 

to operate at very high frequencies (RF), the value of inductor becomes reasonable to be 

implemented. The biggest advantage of using this method is high linearity and low 

noise. Integrated circuit implementation of inductors is beset with many problems, 

especially the parasitic series resistor, thereby decreasing the Q of the filter that can be 

realized [12]. Another method of designing a filter is, to use an active circuit to emulate 

the inductor, by using a circuit called the ‘gyrator’ [13]. Another technique of designing

Journal model is IEEE Transactions on Automatic Control
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filters is called Active-RC. It uses operational amplifiers, resistors and capacitors to 

realize the transfer function of the filter. This is the most used technique for designing 

low frequency filters. The linearity of the filter is dependent on the passive components 

and thus is extremely good. But the main disadvantage of this technique is that it cannot 

be used to design filters that operate at high frequencies [14]. Transconductance-C (or 

OTA-C) filters that use open loop transconductors can operate at high frequencies, till a 

few 100 MHz, but the linearity of the filter depends on the active components and hence 

is not very high [15].

Operational Transconductance Amplifier (OTA) is the basic building block used in 

building an OTA-C filter. A fully differential OTA processes the differential inputs 

while suppressing the common mode signals. This function is extremely useful for high 

frequency signal processing where the signal strength can be small and can be buried 

inside the noise. The important constraints of a fully differential amplifier are to ensure 

its stability and to make Common Mode Feed Back (CMFB), faster than the differential 

input signal. In this research, a novel architecture of a fully differential OTA, which is 

inherently stable and has good common mode rejection, is also proposed.

The new fully differential OTA is used to design a second order filter with center 

frequency of 100MHz and a bandwidth of 5 MHz. The improved tuning scheme that is 

proposed in this research is used to tune the filter. The complete circuit (filter + tuning 

scheme) is fabricated using the commercial CMOS 0.5u technology. The experimental 

results confirm the proposed theory.

A. Improved Filter Tuning Scheme

A filter can be realized using many different techniques like, cascade of biquad filters, 

Leapfrog, using Gyrators etc. For implementations other than the cascade, the tuning 

circuitry is very complex. If the filter is implemented as a cascade of biquad filters, we 

can use the same circuitry to tune all the biquads and hence the area overhead required to
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tune the filter is minimized. At higher frequencies it is more common to encounter 

bandpass filters than any other kind (Lowpass, Highpass, Bandstop). Hence, this study is 

restricted to biquad filters and, bandpass filters in particular. The two most important 

parameters in a second-order bandpass filter are the center frequency and the quality 

factor. The gain of the filter is usually taken care of at the system level by using an 

Automatic Gain Control (AGC). There are different schemes in the literature, to tune the 

center frequency. Some of them being, Phase Locked Loop using the Voltage Controlled 

Oscillator [16,17], Phase Locked Loop using Voltage Controlled Filter [18], Charge 

Detection [19], and Direct Sample Tuning [20]. Again, there exist different tuning 

schemes to tune the Quality factor of the filter. More popular of them are Magnitude 

Locked Loop [21,22], Modified- least Mean square [1], Impulse response [19], and 

Adaptive tuning [23]. To realize a complete tuned filter, we have to combine a circuit to 

tune the center frequency and a circuit to tune Q. In [1], Master Slave technique is 

combined with PLL for frequency-tuning and modified LMS for Q-tuning. The tuning 

error in both frequency and Q were below 1%, which is almost the best that can be 

achieved in an Integrated Circuit.

The theory of the Q-tuning scheme proposed in [1] is very similar to the 

Magnitude Locked Loop (MLL) scheme, but instead of trying to match the magnitudes 

of the desired and actual sinusoids using peak detectors, the amplitudes of the sinusoids 

themselves were matched using the LMS algorithm. The advantages of using modified- 

LMS technique for Q-tuning are many-fold. Firstly, peak detectors, which are bulky and 

are the main source of inaccuracies in the tuning scheme, were removed from the 

magnitude locked loop [1]. Secondly, the errors in frequency tuning do not give rise to 

any error in Q tuning, which is essential to tune high-Q filters. Thirdly, and most 

importantly, all the previous schemes needed a single tone as a reference signal, which is 

not very practical. But, in this scheme, any distorted signal, as long as its dominant 

harmonic is at the frequency of interest, is sufficient. This property of the modified-LMS 

Q-tuning scheme is exploited in the present research to reduce the area overhead of the 

complete tuning scheme. The previous implementation was reported to have an error of
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about 1% in both frequency and Q, thus proving the accuracy of modified-LMS Q tuning 

scheme. Though such accuracy was achieved previously with respect to frequency 

tuning, Q tuning schemes were not as accurate.

The two main drawbacks of the filter tuning scheme proposed in [1] were 1) It is 

very area and power intensive -  to tune one filter, we need two more copies of the filter. 

2) Strict matching constraints between these three filters can also lead to inaccuracies in 

tuning and 3) It is sensitive to the offsets in the basic building blocks, as detailed in the 

third chapter. In this research, we propose a novel way of combining the modified-LMS 

Q-tuning scheme and phase locked loop using voltage controlled oscillator scheme for 

frequency tuning. The scheme not only overcomes the disadvantages mentioned above at 

no extra cost to the user but also theoretically improves the accuracy.

B. Fully Differential OTA

At the circuit level, the filter itself could be realized using different techniques (e.g. 

Active R-C, OTA-C, MOSFET-C, etc.). For medium high frequencies in the range of 

couple of MHz to a couple of 100 MHz, if the dynamic range of the filter is not very 

large, OTA-C realization seems to be the most popular. One powerful technique to 

improve the performance parameters like Common Mode Rejection Ratio (CMRR), 

Power Supply Rejection Ratio (PSRR), Dynamic range, Signal to Noise Ratio (SNR) 

and the immunity from substrate-injected noise is to use fully differential circuits [24]. 

Different architectures were proposed in the literature to realize fully differential OTAs 

[25-30]. A recurring disadvantage of many of these architectures is the additional 

circuitry required for the purpose of Common Mode Feed Back (CMFB). The 

difficulties encountered in designing the CMFB circuit are accentuated in high frequency 

OTAs, where a lot of power and area need to be spent to make CMFB stable and as fast 

as the differential input signals [31]. The new fully-differential OTA proposed in this 

research does not require additional circuitry for the purpose of CMFB. If the output of
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0TA1 is given as input of OTA2 then OTA2 provides feedback to OTA1 and stabilizes 

the output of OTA1. Thus without any need for an extra circuit, CMFB is achieved. In 

the OTA-C structure, the OTAs are connected in a loop. I.e., if the output of OTA1 is 

input of OTA2, the output of OTA2 is the input of OTA1. Thus they both provide 

CMFB to each other and are inherently stable. The OTA architecture is discussed in 

detail in chapter II and is shown to have very fast common mode response. Thus the new 

high-frequency fully-differential OTA proposed in this thesis overcomes two of the most 

important constraints of a CMFB thereby not burdening the user by occupying large area 

or by consuming large power.

C. Organization of Thesis

In the second chapter, a novel high frequency fully differential OTA is derived from the 

basic network principles. The design methodology for the OTA is discussed. The OTA is 

characterized and a complete mathematical analysis of each of its characteristics is 

undertaken. In the third chapter, different architectures for tuning the filter with special 

emphasis on Q tuning are discussed. A detailed analysis of the modified-LMS Q-tuning 

algorithm, and how it is implemented in [1] is discussed. The improved implementation 

of the algorithm is presented and a novel way of combining this Q tuning scheme with 

frequency-tuning using Voltage Controlled Oscillator is discussed. In the fourth chapter, 

the circuits used as building blocks in implementing the tuning scheme are discussed. In 

the fifth chapter, the simulated results of both the filter and the new tuning scheme are 

discussed. The experimental test setup and the experimental results are also discussed. 

Finally, in the sixth chapter, the conclusions of this research are discussed.
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CHAPTER II

FULLY-DIFFERENTIAL OTA

One of the applications for Continuous-Time (CT) filters is direct signal processing, 

especially for medium dynamic range applications (i.e., 30dB < DR < 50dB), in cases 

where high speed and/or low power dissipation is needed. CT filters can sometimes be 

the only alternative since the clock feed through problem in switched capacitor filters 

escalates in high frequency applications, and digital filters will be power and area 

hungry [32], A good example of an appropriate application of continuous time filters in 

direct signal processing is the read channel of disc drivers [33-35]. In this application, 

despite the programmability needed, the requirements for speed and power are such that 

CT filters are opted for. Other applications for direct CT signal processing include high

speed data links, loop filters in Phase Locked Loops (PLL) [36], telephony [37] and 

wireless communication [38]. CT filters are also used for anti-aliasing before Analog to 

Digital Converters (ADC) and for smoothing after Digital to Analog Converters (DAC). 

Such applications include Digital Audio [39] and Digital TV [40].

There are three dominant approaches for topology synthesis in CT filters. In one 

approach, cascade of second order sections (Biquads) are used, each section 

implementing a pole pair (and a zero pair if needed) of the transfer function. The second 

and third approaches are more complicated but can result in lower sensitivities of the 

pass band frequency response to individual element values [32], They start by choosing 

appropriate passive LC ladder prototype and convert it into an active circuit that do not 

use inductors. The second approach is to replace each inductor by a gyrator -  a circuit 

that emulates an inductor at its output when a capacitor is connected at its input. The 

third approach, called ‘leapfrog’, is to write down the equations for the LC prototype and 

construct an active circuit that satisfies these equations.

All the integrated CT filters synthesized using the above approaches contain 

integrators as basic building blocks. Although integrators can be designed using several
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techniques, Gm-C (or OTA-C) is the most popular technique as exemplified by several 

commercial filters for disc drive channels [34-35]. In this thesis, the terms OTA, 

transconductance and Gm cell are used interchangeably. The basic building block of an 

OTA-C filter, the integrator, involves an OTA and a capacitor as shown in Fig. 1. 

Ideally, an OTA is a voltage controlled current source with constant transconductance 

(ratio of output current to input voltage), infinite output impedance and infinite input 

irppedance. The circuit shown in Fig. 1 is what is called the single-ended circuit of an 

integrator.

V

C

Fig.l. The basic integrator using Gm-C technique

A. Fully-Differential versus Single-Ended Circuits

All the electronic circuits suffer from noise, from the components themselves and from 

the environment. This problem is accentuated in Mixed-Signal Integrated Circuits where 

due to the presence of digital circuits, the power supply and the substrate (the material 

on which the circuit is made) carry large magnitudes of voltage and current spikes [41]. 

These in turn can get coupled on to the signals, like the output of the integrator discussed 

above, thus making the signal processing erroneous. This, and other problems as 

discussed next, can be solved by the technique called the fully differential circuit.

In fully differential circuits, all currents and voltage signals are available in 

complementary form. For each voltage node or branch current in the circuit, there is a



node and a branch that has the same signal but with opposite polarity. Only the 

difference of these signals is of interest for signal processing while the sum of these 

signals, called the Common Mode (CM) can be arbitrary, as long as it is with in certain 

limits. Fully differential circuits require duplication of circuit area and inclusion of a 

Common Mode Feed Back (CMFB) network to eliminate output common mode signals 

and to stabilize the DC operating points. In spite of this, fully differential circuits have 

become almost standard for mixed mode applications due to the many advantages 

offered by these structures:

• Signal swings are doubled with respect to single ended circuits, which increases the 

dynamic range by 6dB.

• Power supply and substrate noise rejections are greatly improved. This is because the 

noise induced by these appears as Common Mode signal and hence does not effect 

signal processing.

• Operation with lower supply voltages is possible.

• Higher output impedance can be achieved using conductance cancellation schemes. 

The circuit to implement conductance cancellation, called the negative conductance 

is simpler to be implemented in a fully differential circuit than in a single ended 

circuit.

• Cancellation of even order harmonics and distortion terms that are generated because 

of the non-linearity of the different components used in the circuit.

• Partial cancellation of systematic errors using layout techniques. This is again 

because the systematic errors appear as common mode.

• Inverting elements are not required in fully differential circuits. The delay associated 

with inverting elements in a single ended circuit is an important limitation for high 

frequency operation. Inverted elements are not required in fully differential systems 

since signal inversion is simply achieved by injecting signals from the positive path 

into the negative path (cross wires).
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As can be seen from the above discussion, fully differential circuits have many 

advantages. But they have some disadvantages as well, which have been summarized 

next.

• The duplication of circuit, there by increasing the area and power consumed by it 

and,

• Common Mode control circuit is required to stabilize the common mode of all the 

signals in the circuit. As will be seen in the later sections, the design of a good 

common-mode control circuit is non-trivial. First, it usually must have a speed 

performance comparable to the unity gain frequency of the differential path. This 

speed requirement is necessary, otherwise noise on the power supplies may be 

significantly amplified such that the output signal becomes clipped (or distorted). 

Second, straightforward continuous time designs often do not work when large 

differential signals are present, which may result in large common mode signals to 

be injected. Typically these Common Mode Feed Back (CMFB) circuits are the 

major limitation on maximum allowable signals [24],

The advantages of a fully differential circuit far outweigh its disadvantages and 

hence they are becoming more popular both commercially and in the literature [42],

B. Issues in a Fully Differential OTA

The basic fully differential integrator is shown in Fig. 2(a) and 2(b). In integrated circuit 

realization of capacitors, parasitics are a very important concern. Usually, these 

capacitors are realized as a parallel plate capacitor between polyl and poly2. The 

parasitics between the bottom plate of the capacitor (polyl) and the rest of the Integrated 

Circuit are usually much larger than that from the top plate. This parasitic capacitor is 

called the ‘back plate capacitor’. In Fig. 2(a), the integrating capacitor is split into two 

and is connected in anti-parallel so that the effect on both positive and negative output
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voltages is identical. The circuit shown in Fig.2(b) avoids the back plate parasitics, 

which is very important for improving the linearity of the filter. Another major 

advantage of circuit 2(b) is that it can be used to compensate the common mode loop 

[32]. However, for same Gm values and noise, the total capacitance is four times as large 

as that needed in circuit 2(a). The most basic single-ended Gm cell or a Voltage 

Controlled Current Source (VCCS) is shown in Fig. 3(a) and 3(b).

Fig. 2. Circuit of the integrator using (a) floating capacitors and (b) grounded capacitors

Fig. 3. Basic Gm cell (a) using a NMOS and (b) using a PMOS
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1. NMOS versus PMOS

The choice as to using NMOS and PMOS to design an OTA depends on a number of 

factors. Note that the main concern here is regarding the transistor that does the voltage 

to current conversion and not the transistors that act as current sources or loads etc.

• Speed: For the same power consumption and same dimensions, the transconductance 

of NMOS transistor is higher than that of PMOS. The frequency of operation of the 

filter is directly proportional to the transconductance of the OTA. Hence for high 

frequency applications NMOS would be a better choice and for low frequency 

applications, PMOS would be better.

• Device Noise: PMOS has lower 1/f noise than NMOS and hence PMOS will perform 

better at low frequencies. NMOS has lower thermal noise than PMOS and hence it 

would perform better at high frequencies.

• Linearity. A standard CMOS technology has an n-well process. I.e. the PMOS 

transistors can be made different wells and hence their ‘Bulk’ connection can have 

different voltages. The ‘Bulk’ connection of all the NMOS transistors should be tied 

together. Hence the NMOS transistors suffer from ‘body effect’ (threshold voltage 

dependence on input voltage). So, all things being equal, NMOS OTAs are prone to 

more distortion than their PMOS counterparts. If the technology available were a p- 

well process, for the same reasons discussed above, NMOS would have better 

linearity than PMOS.

• Substrate Noise: Since all the bulks of NMOS transistors are connected together, 

noise from the digital circuits couple into the analog processing nodes, thus 

degrading the performance. PMOS transistors have a separate well of their own and 

are thus shielded from their analog counterparts. Again, if the process being used is 

p-well, NMOS will have better substrate noise shielding.

Based on the above criteria, and the application we are targeting, a proper choice 

between NMOS and PMOS could be made. In the following text, NMOS
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transconductances are used for illustration and identical circuits could be designed with 

PMOS transistors as well.

2. Fully differential and pseudo differential OTA

The fully differential extension of the circuit shown in Fig. 3 is shown in Fig. 4(a) and 

4(b). Fig. 4(a) is a slight modification of the popular the differential amplifier and Fig. 

4(b) is the modification of a pseudo differential amplifier. The main difference between 

a pseudo differential OTA and a normal differential OTA is that in a pseudo differential 

OTA, there is no binding connection between the two limbs of the amplifier. It is just 

two single ended amplifiers placed together [43], As would be seen in a later section, the 

common binding is responsible for rejection of common mode signals and hence, the

(b)

Fig. 4. (a) Differential amplifier (b) Pseudo-differential amplifier
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CMRR for fully differential OTAs is better that that of their pseudo differential 

counterparts. Device dimensions and the current consumption being equal, the normal 

differential OTA has also a better Power Supply Rejection Ratio (PSRR) than the 

pseudo-differential OTA. A pseudo-differential OTA can operate at lower power supply 

and hence consumes lesser power or in other words, for the same power supply voltages, 

the pseudo differential OTA can have larger (Vgs-Vt) and hence operate at higher 

frequencies, th e  full circuit of the structure shown in Fig. 4(a) is illustrated in Fig. 5. A 

similar circuit could be designed for pseudo differential version as well.

• • ^A fully differential transconductor has three important issues to tackle: linearity,
J

output impedance and common mode control. This research mainly focuses on common 

mode control and hence in the following sections, a brief mention of different techniques 

for improving the linearity and output impedance of an OTA are discussed, followed by 

an in depth analysis of common mode control.

Fig. 5. Circuit of the basic fully differential amplifier
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3. Linearity in OTA

The major source of non-linearity in the OTA is the non-linear characteristics of the 

MOS transistors that convert voltage to current. Using the simple square law MOSFET 

model

I D=K(Vas- V Tf  (2.1)

the drain currents of the differential pair can be derived as

|  -  4 i i i  ~ { v ; - v r )  (2.2)

C  = | + V2 IkfcLTJ  ̂ i -A(r; -rh- ) (2.3)

I + ~ r  =  ?  (v+-V~)out out o  m \ in in J

where gm = 2Ik ( \  -  £  {v* -  j) (2.4)
\ y n  j

Using equation 2.1, the drain currents of a pseudo differential pair can be derived as

I L = K V ; *  (2.5)

r ou, = KVr2 + V 4 S  V- (2.6)

I + - / “  =2 \V+-V~)out out o  m V in in J

whereg,,, = h ( ^ + + ^ ) + V 4 S (2/7)

It can be seen from equation 2.4 and 2.7 that the transconductance of a simple 

differential pair and pseudo differential pair are non-linear. From equation 2.4 and 2.7, it 

can seen that the transconductance of a fully differential OTA depends on differential 

input whereas that of a pseudo differential OTA depends on common mode input. Since 

the common mode of the input is fixed, the pseudo differential OTA is more linear than 

the fully differential OTA. There are different techniques in the literature to improve the 

linearity of an OTA. Some of the important techniques being source degeneration
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[15,44], Cross Coupling [45], Nedungadi Transconductor [46] and Square law circuits

[47]. A combination of these and other techniques can also be used to further improve 

the linearity of the OTA [15]. But the price to be paid for this complexity in the circuit is 

the speed of the circuit. Hence, for high frequency circuits, the OTA should be linearized 

only if necessary and the most general technique used in such cases is the source

degeneration^

4. Output impedance of an OTA

Ideally the output impedance of an OTA should be infinite. But, for the simple 

differential OTA shown in Fig. 4, the output impedance is the parallel combination of 

two MOSFETs in parallel, which is far from the ideal. Different techniques to improve 

the output impedance are well documented in the literature. Some of the common 

techniques include cascode, folded cascode and negative resistance [48], An often-used 

technique to improve output impedance is to increase the length of the transistors used in 

the circuit. For applications which do not require very high output impedances like in the 

filters, a combination of transistors with large gate lengths and the source degeneration 

circuit is sufficient.

5. Common mode control

Typically, when using fully differential circuits, the applied feedback and the other 

circuitry determines the differential signal voltages, but does not effect the common 

mode voltages. It is therefore necessary to add additional circuitry to determine the 

output common mode voltage and to control it to be equal to some specified voltage, 

usually about half way between the power supply voltages. There are two main issues 

regarding the output common mode of the OTA.
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• Output DC common mode voltage should be stabilized: The output of the OTA has 

very high output impedance. This is achieved by having two current sources 

connected in series. The conceptual diagram representing this is shown in Fig. 6. If 

the current source on the top is not exactly equal to the current source at the bottom, 

the output voltage can be very close to the power supply, making the OTA 

ineffective. Any feedback that may be provided during the designing of the filter is a 

purelydifferential filter in that it makes sure (Vout+ - Vout-) is small, and does not care 

what the voltages independently are. Hence, a circuit that makes sure that the 

individual voltages are in the correct range is needed.

DC/
AC

DC/
AC

Fig. 6. Conceptual representation of output stage of an OTA

Fig. 7. Two integrator loop to design a filter



17

• Common mode gain from input to output should be small: If the common mode gain 

were not small, not only does a fully differential circuit loose all its advantage over 

the single ended circuit, but also runs into severe problems that might lead to the 

circuit being non functional. One of the typical methods of obtaining a filter using 

OTAs is the “two integrator loop” [68], which is shown in Fig. 7. From the figure, it 

can be seen that the circuit has negative feedback for differential signals but has 

positive feedback for common mode signals. Thus, the positive loop gain of the 

structure is directly proportional to common mode gain of each OTA and hence if 

the common mode gain is large, the circuit will be non-functional.

We can use two techniques to address the issues discussed above: Common 

Mode Feed Forward (CMFF) and Common Mode Feed Back (CMFB). These techniques 

are discussed in the following sections.

Fig. 8. Conceptual representation of CMFF circuit
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a. Common Mode Feed Forward (CMFF)

The conceptual representation of CMFF is shown in Fig. 8. Its characteristics are:

• It does not have any stability problems and hence it does not need a low frequency 

pole in the signal path (unlike a common mode feedback circuit).

• Since it does not need a low frequency pole, all the poles in the signal path can be at 

very high frequencies thus making the CMFF path react very fast to any common 

mode signals.

• The Feed Forward path does not know what is happening at the output and hence it 

cannot stabilize the output DC common mode voltage.

It can be seen from the above characteristics that CMFF cannot be used 

independently in a fully differential OTA. I.e., it should always be accompanied with 

some other solution (usually the CMFB). But, since the circuit is very fast, it can used to 

suppress the high frequency common mode and power supply signals, there by 

improving the performance of the OTA at higher frequencies [48].

b. Common Mode Feed Back (CMFB)

The conceptual representation of CMFB is shown in Fig. 9. There are two typical 

approaches to designing CMFB circuits -  a continuous time approach and a switched- 

capacitor approach. The former approach is often the limiting factor on maximizing the 

signal swings, and, if non-linear, may actually introduce common-mode signals. The 

later approach is primarily used only in switched-capacitor circuits, since in continuous

time applications, it introduces clock-feed through glitches. Since this research is 

concerned about continuous-time filters, switched capacitor circuits will not be discussed 

in detail.
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Fig. 9. Conceptual representation of CMFB circuit

Fig. 10. An example of a continuous-time CMFB circuit
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An example of continuous-time CMFB circuit is shown in Fig. 10. The main 

disadvantage of this circuit is that it sacrifices loop-gain for the stability of the circuit. 

Also, the circuit cannot handle large output signals without introducing distortion and 

further degrading the loop-gain. The size of differential signals that can be processed 

without one of the differential pair signals turning off is maximized if the differential 

transistors are designed to have large effective gate-source voltages. Alternatively source 

degeneration can be used to allow them to have large input signals without all of the 

current being directed to one side of the differential pair. However, even when this 

maximization is performed, the CMFB circuit still limits the differential signals to be 

less than what can be processed by the rest of the OTA [24]. A CMFB circuit with 

improved signal handling capability is shown in Fig. 11. Since the circuit uses source- 

follower, it can handle larger signals but it is handicapped by the use of resistors and 

capacitors that occupy an extremely large area. Also, due to the use of source followers, 

the circuit cannot be used in low voltage applications.

Fig. 11. CMFB circuit with improved signal handling capability
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An important consideration when designing CMFB circuits is that they be well 

compensated. Otherwise, the injection of common mode signals can cause them to ring 

or even possibly become unstable. Thus, when the circuit is being designed, the phase 

margin and the step response of the common mode loop should be found and verified 

through simulation. Often, the compensation of common mode loop can be realized 

using the same compensation capacitors used to stabilize the differential loop [24,32]. 

This multi- purpose compensation is achieved by connecting two compensation 

capacitors between outputs and ground. The other approach would be to use a single 

compensation capacitor connecting directly between the two outputs, but this method 

only compensates the differential loop. Also, having as few nodes as possible in the 

CMFB loop makes the circuit faster and hence the controlling input should be fed to the 

output stage whenever possible. From the above discussion, the characteristics of CMFB 

circuit can be summarized as following:

• It stabilizes the output DC common mode voltage.

• It decreases the common mode gain.
J j

• Feedback stability issues make the circuit slow and bulky.

Due to the first two properties, CMFB is used exclusively in most fully 

differential circuits. The main bottleneck of using only CMFB is when the OTA is 

required to process high frequency signals. Also, it should be noted that the common 

mode feedback circuit could introduce noise into the circuit. But, most of the noise in the 

circuit comes as common mode signal, which is not of any importance as we are 

concerned only about differential signals. In figures 10 and 11, all the noise that exists 

till the ‘common mode control’ appears as common mode noise in the circuit. But, the 

noise that is injected by the transistors that take this common mode control voltage and 

cancel the output common mode voltage can inject differential noise. If CMFB loop is 

not designed properly, this noise could play important role in the total noise of the circuit

[31]. An  ideal solution can be a combination of both CMFF and CMFB. The former to 

reduce the common mode gain and the latter to stabilize the output common mode DC
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voltage. The combined circuit is shown in Fig. 12. Even though the circuit looks much 

more complex and seems to occupy a lot of area, the overhead can be decreased by 

sharing CMFF and CMFB circuit between two or more OTAs. For example, for the two- 

integrator loop shown in Fig. 7, the CMFF used for OTA2 can also be used to provide 

CMFB for OTA1 and vice versa, as shown in Fig. 13. The resistor shown in Fig. 13 is 

realized using a diode connected OTA.

C. Derivation of a New Fully Differential OTA

The two most basic rules that govern the behavior of symmetric circuits are enumerated 

below [49].

• For differential mode input, the line of symmetry short-circuits all the intersecting 

nodes.

• For common mode input, the Tine of symmetry open-circuits all the intersecting 

nodes.

These properties are illustrated in Fig. 14, 15 and 16. In Fig. 14, a fully 

symmetric circuit is shown. This circuit reduces to Fig. 15 when we are concerned about 

the differential signal behavior and it reduces to Fig. 16 when we are concerned about 

the common mode signal behavior. The basic feedforward OpAmp structure derived 

using the above principles is shown in Fig. 17, 18 and 19. The gain of the circuit in Fig. 

19 is given by equation 2.8.

(2.8)
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Fig. 12. Circuit with both CMFF and CMFB

Fig. 13. Fully differential two integrator loop with both CMFF and CMFB



Fig. 14. An example of a fully symmetric circuit

Exact
replica

of
C ircu it 1

1- C ircuit 1 — < 
— -

•
»

>—
t—- V ,

Fig. 15. Equivalent circuit for fully differential input, V] = -V2

Fig. 16. Equivalent circuit for common mode input, Vi = V2

Fig. 17. Single ended amplifier
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Fig. 18. Equivalent circuit for (a)Differential mode and (b)Common mode

Fig. 19. Fully symmetric, fully balanced amplifier with CMFF



26

Using the derivation discussed in Fig. 17, 18 and 19, a similar architecture for fully 

symmetric, fully differential OTA can be derived.

A simple single ended OTA is shown in Fig. 20. It should be noted that the 

grounds shown in the figure are signal grounds, but not real grounds (or DC grounds). 

For a fully differential signal, the circuit should look as shown in Fig. 21. The 

characteristics of this circuit are given by equation 2.9.

For common mode input signal, ideally, the output of the required circuit should be zero. 

That would be the case if the circuit were a fully balanced circuit. For common mode 

signals, the fully balanced version of the above circuit is shown in Fig. 22. The

For equation 2.10 to be valid even at high frequencies, the current mirror M4 -  M2 
should be faster than the frequencies of interest. The current mirror in this circuit being a 

simple one with only one node, and that node also being a low impedance node, is an 

extremely fast circuit, limited only by the inherent device physics.

(2.9)

M 3 m 4

^dm 0, Acm 0 (2.10)

M,'2

'out

M

Fig. 20. A single ended OTA
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Fig. 21. Circuit of the OTA for differential input

out-

Fig. 22. Circuit of the OTA for common mode signal
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The dominant pole arising because of this is discussed in the next section. Now, using 

the method shown in Fig. 19, the fully symmetric, fully balanced OTA is derived as 

shown in Fig. 23. The characteristics of the circuit are given by equation 2.11.

idm
§m\

Sdsl &ds2

A - -cm
§  ml

Sml
(2.11)

The above characteristics are derived assuming — - = . But practically due to
M 3 m 4

mismatches, the two ratios will never be exactly equal. This asymmetry would lead to 

the DC output of the OTA to swing towards VDd or Vss, pushing either M2 or Mi out of 

saturation decreasing both common mode and differential mode gains. This is the reason 

why a CMFB circuit is also needed for DC output stability of the OTA.

As discussed in the previous section, one of the ways to improve the linearity 

without degrading the speed of the circuit is to use source degenerated transistors to 

convert voltage to current. The circuit of the simple OTA using this technique is shown 

in Fig. 24. By following the procedure detailed previously and shown in Fig. 23, a new
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Fig. 24. Single ended OTA with source degeneration

Node A

Fig. 25. Fully differential CMFF OTA with improved linearity and tuning range



Fig. 26. Two-integrator loop using the OTA shown in Fig. 19

Fig. 27. Two-integrator loop using the novel OTA
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fully symmetric fully differential OTA can be designed using the source degenerated 

OTA as the starting circuit. A transistor operating in the linear region can be used to 

implement the resistor. The resulting schematic is shown in Fig. 25. This circuit has 

better linearity and wider tuning range than the circuit shown in Fig. 23, but has a poorer

Power Supply Rejection Ratio (PSRR) and smaller transconductance (Gm). For the filter 

and for the tuning scheme discussed in later chapters, Jlinearity and wide tuning range are 

more important parameters than PSRR and Gm. Hence the circuit in Fig. 25 is taken for 

further consideration. In this circuit, the input differential voltages are converted into 

currents using corresponding transistors (M3). These currents are added at ‘Node A’ and 

then converted into voltage by pumping it into diode connected transistors M4. Thus 

transistors M3, M4 and ‘Node A’ represent the CMFF in the circuit. I.e., the OTA

designed has inherent CMFF. Redrawing the two-integrator loop shown in Fig. 13 

usingthis OTA, the circuit reduces to the one shown in Fig. 26. The differential OTA 

proposed in [43] also uses a similar structure, but the input to the OTA is given to the 

transistors in linear region. This has the advantage of making the OTA very linear but 

the transconductance is very small. The OTA proposed in this thesis can operate at much 

higher frequencies than the OTA in [43].

The integrating capacitors used in the two-integrator loop themselves can be used 

to stabilize the CMFB. This is one of the main reasons for using grounded capacitors in 

the two-integrator loop instead of floating capacitor. With this technique, the two- 

integrator loop takes on much simpler form shown in Fig. 27. As discussed before, the 

CMFB circuit should just take the output voltage generated by the CMFF circuit and 

should change the output voltage. The additional transistors M6 placed in the circuit 

shown in Fig. 28 can achieve this.

D. Block Diagram Representation of the New Combination of CMFF & CMFB

The complete schematic of the OTA described previously can be represented by the 

block diagram shown in Fig. 29. ‘P f  is the path taken by the differential signal. ‘P2’ is



32

Fig. 29. Block diagram for the new combination of CMFF and CMFB
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the path taken by the Common Mode Feed Forward signal and ‘P3’ is the path taken by 

the Common mode Feed Back signal. The signal CMjn is connected to the CM0Ut of the 

next block to complete the feedback loop. For an Op-Amp circuit, the paths Pi, P2, P3 
represent voltage gains where as for an OTA, they represent a transconductances. The 

generic block diagram of Fig. 29 can be used to develop the block diagram for the 

specific case of fully differential transconductance as shown in Fig. 30. Any single 

ended transconductor can be used to in the above block diagram to realize the fully 

differential OTA at the transistor level. Even though the block diagram looks complex, 

the final circuit is quite simple as can be seen from Fig. 28.

E. Characteristics of the New Differential OTA

The characteristics of the differential OTA designed in Fig. 28 are discussed in this 

section. First, the CMFB and GBW of the OTA are discussed followed by Linearity, 

Noise, CMRR, PSRR, effect of parasitics (excess phase and bandwidth), ^tradeoffs 

between tuning range and linearity/ tuning range and the effect of tuning on common 

mode control.

1. CMFB

To understand how CMFB works in the new OTA, the common mode loop of the circuit 

is illustrated in Fig.31. Cp is the parasitic pole attached to the internal nodes of the OTA 

where as Q  is the external poly-poly integrating capacitor used in the two-integrator 

loop. Note that due to the symmetry of the circuit, both the parasitic capacitors will be 

same. ;
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Fig. 30. Block diagram representation of the new OTA with CMFF & CMFB
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Since CMFB for an OTA comes from the OTA succeeding it, both the OTAs are shown 

m the figure. Equation 2.12 gives the common mode loop gain as calculated from Fig. 

31.

loop gain = g mXeff x
1

8 m A + s C p

_ X Sm6 X &m2

Sm 4 X Sm 4 X §ds2

gm6X

1

1
§m 4 r

Sm 2
1

§ds2 +

1 (2 .12)
f  sC \  i + f S  1
v

l + ̂ L

§  m4 J
§ds2

g ,  ~
From the equation it can be seen that the dominant pole given by ——  is at the output of

Q

g .
the OTA and that there are two parasitic poles at . For the stability of the loop, the

Cp

parasitic poles should be at much higher frequencies than the Gain-Band Width (GBW) 

o flh e  OTA. The GBW of the OTA with only the dominant pole is given by equation 

2.13.
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G B W  ~  ^ *^6 X § m 2

S m 4  X § m 4  X Q
(2.13)

For the CMFB loop to be stable either GBW should be decreased or the parasitic pole

should be pushed to higher frequencies. This can be done either by increasing gm4 or by 

{decreasing gm6; Also, as will be discussed later, increasing gm4 will improve both CMRR 

and PSRR. But, increasing gm4 also increases the parasitics and increases the power 

consumption. Hence the effective way to make the common mode loop stable is to 

decrease gm6- This makes the DC loop gain of CMFB lesser, but if the transistor pairs 

M i-M3 and M2-M4 are well matched, it does not effect the circuit to any significant 

degree.

2. Linearity

The linearity of the OTA is same as that of a simple source-degenerated transistor. The 

governing equation for the circuit is given by equation 2.14.

1 ( W
i  = - K d 
0 2 p L

V, - V T

r
(2.14)

=  f l V: ~ ~ V r

& ds5

Solving this equation gives

1 = &ds5
2 p x

L 4/V

\------1

<
+r11

S ds5 \ § ds5
(2.15)

The input signal is a combination of a DC and AC voltage. Hence substituting

K = K ,dc+Vuc (2.16)

and using Taylor series expansion, the first harmonic current and the third harmonic 

current are given by equation 2.17 and 2.18 respectively.
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&dsS" 2 - 1+ A kux- VT)

1 '
2

K
& ds 5

(2.17)

12A

& ds5
M .
& ds 5

(2.18)

Since the system is fully symmetric, the second harmonic should not appear at the 

output. But in practice, due to finite mismatch between the two sections of the 

differential circuit, a small second harmonic also appears at the output. Using good 

layout techniques, this second harmonic could be made negligible when compared to 

other harmonics. To improve the linearity of the OTA, either (yiDC- V T) could be

increased or g ds5 could be decreased.

3. Noise

At higher frequencies, thermal noise dominates over the flicker noise. Hence, in the 

following analysis, only thermal noise is considered. The thermal noise due to NMOS 

transistors is more than that from PMOS transistors. This is one of the main reasons for 

NMOS to be preferred for high frequency applications. First, the output noise due to all 

the individual transistors is considered and added to give the total output noise. Later, 

this noise is referred to the input of the OTA. Since the circuit is fully differential, the 

noise contribution from only one half of the circuit needs to be calculated and the total

output noise is just double the calculated value. The total output current noise is given by------------— — ——  ------— .
the equation 2.19. Simplifying equation 2.19 and referring it to input, the single ended 

noise can be derived to be as shown in equation 2.20.
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(2.20)

To improve the noise performance of the circuit, (gm] should be increased. This would 

also improve the frequency response of the circuit. But these advantages occur at the 

expense of more power consumption and poor linearity.

4. CMRR

As discussed in the derivation of the new OTA, CMFF rather than CMFB would 

dominate the common mode rejection at high frequencies. So, neglecting the 

contribution of CMFB, an approximate equation for Common mode Rejection Ratio can 

be derived. The actual CMRR would be better than what the equation would estimate. 

The Differential mode gain is given by equation 2.21.
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Gain = ____ ^  mi

\ ^  i
\  & ds5 J

g d:'s2

The common mode gain is given by equation 2.22.

V \

GainCM = 1- 1
1 + ^ 9 sl

_ \  g m4 J

1 1
----+ ----

S ds2 S m4

g ml

1 +
g ds5

At low frequencies

Gain —------ ^  _KJUlnCM f  \
| ^ml

V §  ds 5 J
g m4

and for frequencies around and higher than ,
C,

(2.21)

(2.22)

(2.23)

GainCM — 1-
1 + ^ sl

g ml

g d s 2  |  | &< ml

V g m4 J g ds5

(2.24)

<y
From eqn.s 2.23 and 2.24, it can be derived that CMRR for low frequencies is and

g  ds 2

CMRR at high frequencies =
1

(2.25)
1-

i + ^
g m 4

To improve both the low-frequency and the high-frequency CMRR, gm4 should be 

increased, but this increases the power consumption also.
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5. PSRR

One of the important disadvantages of pseudo differential amplifiers when compared to 

differential amplifiers is poor PSRR. The gain from positive power supply to output is 

unity, where as the gain from negative power supply to output is given by equation 2.26.

17 A T  1

1 1 1 1
 ̂ | S  & ds2 g  m4

g m 4  J

Most of the circuits have dual power supplies (positive and negative) along with a 

ground supply (or the common mode voltage of the input). In such cases, supply 

rejection from both power supplies (PSRR+, PSRR’) is important. But, in some cases, the 

positive and negative power supplies themselves generate the common mode input 

voltage. In such cases, the output could be referred to either positive supply voltage or 

the negative supply voltage. This choice can be utilized to improve the power supply 

rejection o f the circuit. In the OTA being studied here, the gain from negative power 

supply is less than that from the positive power supply. Hence the PSRR of the circuit 

would be better if the output is referred to positive power supply rather than the negative 

power supply. And in that case, PSRR of the circuit is given by equation 2.27.

g ml

1 + Sm\
§*!s5

(2.26)

PSRR =

1-
l + ^ a .

+

g m 4  )

g  ds 2 

g  m4

(2.27)

* * ' °w ” d hi8h p s r k  ”  *  imp” ve‘i bv ‘p Asource degenerated transistor works as an individual transistor with lesser 

transconductance and improved linearity. Hence for the same effective 

transconductance, the CMRR and the PSRR of both simple pseudo differential OTA and 

the source degenerated pseudo differential OTA are same. But, it should be remembered,
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that the power dissipation in the source degenerated OTA would be more than that of the 

simple OTA.

6. Effect of parasitics in the OTA

The signal path from one input to the corresponding output is shown in Fig. 32. The 

behavior of the circuit is governed by equation 2.28.

-  Vi Xff-1 + * 0 #  )+(V0 -  V, )gdsI = Vj (gds5 + sCgd5) (2.28)

solving the above equation, and assuming that ^ my  »  1 which is generally true so
/  Sds5

that the transconductance of the OTA is dominated by the source degenerated resistor, 

and simplifying the result, we get

Vtig ml +r,=
&m\ ^  s C

(2.29)

bias

'g62

C M,

V.out

.c,int

V ;
'gdl__

'gsl
A

Cnt 'gd5

Fig. 32. Circuit of one-half of the OTA with parasitic and actual capacitors
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Substituting the above equation into

Vout {S ^out +  &ds2 +  S^ g d l )+ K  (~ SC gd\ ) = 1̂ (§A5 + S ^ g d 5  ) (2.30)

the result is

V0 _ §  ml £  ds5 ^ C g d \(C g S} + C gds )+ S C g S\ C  gd5 £m\^{f-'gd5 ^gd\^)^~ £  ds5^if^gsl ^  ^  g d \ )

£ m \£ d s l  ^  £m\^^-'out ^ ^out {^ gsl ^ g d 5 )

From the above equation, the following deductions can be drawn.

(2.31)

£d <5Low frequency gain = —— . Transistor M5 being in linear region, gds5 would be
£  ds2

much larger than the gdS2- This gain has to be chosen so that it can give the required 

Q for the filter. Also it should be noted that as the OTA is tuned, gdS5 changes. But 

this does not effect the gain of the OTA because gdS2 also changes. Both gds2 and gds5
vary linearly with the current flowing in the OTA and thus to a first order, — ' >"**•"! .... .

approximation, the changes in both cancel each other to give a constant gain

independent of the tuning of the transconductor.:

1st pole of the integrator = £  ds2 Ideally the pole should be at the origin but it is not

practical in any circuit. To get as close to the ideal, gdS2 should be decreased. The 

value of Cout is determined by the center frequency of the filter desired (and based on 

the transconductance of the OTA). For decreasing gds2 without changing the current 

in the OTA, the length of transistor M2 could be increased. But, this makes the 

common mode (both feedback and feedforward) slower because the parasitic 

capacitor CgS2, which appears in both equations, increases. Again, a proper trade off 

between the speed of common mode loop gain and the output impedance depends on 

the application of the circuit.
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• Parasitic zero occurs at and Parasitic pole occurs at -------—----- .Since gdS5 is
^gs\ ^ gd  5

smaller than gmi, the zero occurs first, followed closely by the parasitic pole.

much larger than the parasitic Cgsi or Cgd5, the parasitic poles occur at much higher 

frequency than the GBW of the OTA. Thus the OTA has very large phase margin,

capacitor applications) without any trouble. For open loop applications (for example 

Gm-C filters) excess phase is a more appropriate parameter. Excess phase for the 

integrator at unity gain frequency is given by equation 2.32. The parasitic capacitors 

vary when the OTA is tuned, but since the integrating capacitor Cout is much larger 

than the parasitic capacitors, the excess phase is much smaller in all cases. For the 

OTA designed, it is less than 0.8° at 100 MHz even when the OTA is tuned over its 

entire range. It is very important to make sure that the excess phase is very small, 

otherwise it might lead to Q enhancement or depletion (depending on whether the 

excess phase is positive or negative) thus making the filter have entirely different Q 

than it has been designed for.

The third harmonic at the output of the OTA was earlier derived in equation 2.18. This 

equation can be further simplified to observe how the tuning of the OTA effects the 

linearity and thereby calculate what the tuning range is, for a particular linearity.

• The GBW of the OTA is Since Cout> which is the integrating capacitor, is

very^close to 90° and hence can be used in closed loop (for example switched

Excess phase = -  tan 1 —— + tan 1 ——-----
n u t  V n u t  K  ml Jout V '-'out Sm l J

(2.32)

7. Tuning range versus linearity

The value of the third harmonic = (2.33)
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From the above equation, it can be seen that for g ds5 < 4 ^ \ViDC - V r ), as gdS5
decreases, the linearity of the OTA increases. But, as the value of gdS5 decreases, the 

operating frequency of the OTA (or the center frequency of the filter) decreases. Thus,
v —  I—    ................* rmmiiiniiMji 1 IT  r* ir r»rr“T

for low frequency filters, the linearity is better. More over, as gdS5 decreases, the center 

frequency of the filter decreases linearly while the linearity of the filter increases with 

the power of 3/2. Another strategy to improve linearity of the filter is to have (Vj.DC-Vi) 

as large as possible. Hence a better linearity can be achieved by increasing the power 

supply. For a fixed power supply to achieve a particular linearity, the value of gds5 can be 

calculated, and as long as the OTA is tuned to have a transconductance less than that, the 

linearity of the filter is guaranteed.

8. Tuning range

The transconductance of the OTA can be changed by changing the control voltage ‘Vcnt’. 

This effects the OTA in two ways: 1) It changes the value of the source degenerated 

resistor ‘gdS5’ and 2) It changes the transconductance of the input transistor ‘gmi \  The 

effective transconductance of the OTA is given by equation 2.34.

Effective transconductance = §  ml 

&ds5

(2.34)

Since both gmi and gdS5 are changed with the control voltage, the OTA has a larger 

tuning range than the simple differential pair. By increasing Vcnt, gds5 increases linearly 

while gmi increases in a square root method. It should be remembered that for good

linearity, ——  should be large. But as the control voltage increases, this no longer holds
&  ds5

true. Thus the linearity of the OTA falls down as we go towards the higher end of the 

tuning range. If ‘Vcnt’ is decreased, both gdS5 and gmi decrease in linear and square root 

fashion respectively. This will decrease the effective transconductance of the OTA. In
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the limit, the transistor M5 comes into saturation (in normal operation, it should remain 

in linear region) making gdS5, and the effective transconductance of the OTA extremely 

small. From this discussion it looks like the lower limit to the transconductance of the 

OTA is zero, but, even before this state occurs, other transistors place a restriction on the 

lower tuning range. As the effective transconductance is decreased, the common mode 

control of the circuit would become extremely weak. Thus the output DC voltage hits 

either of the supply voltages, forcing the transistors Ml or M2 to go out of saturation, as 

explained in the next section.

9.- Effect of tuning on common mode control

Fig. 33 shows the proposed pseudo differential amplifier. When Vcnt is increased, the 

currents flowing through the transistors increases. Thus the output CMFF voltage 

decreases. The common mode feedback loop makes the DC output voltage of the OTA 

to be equal to the CMFF output voltage. Thus, the DC output voltage of the OTA also 

decreases. But, this is not a significant problem because, the increase in current with Vcnt 

is at most linear where as the decrease in CMFF output voltage with current is a square 

root relation. Hence, even for a large change in the control voltage, the change in the 

output common mode DC voltage of the OTA does not change significantly. A more
~~~-v

adverse-effect of the tuning voltage occurs on the CMRR and DC stability of the OTA. 

The common mode loop gain which is derived in the previous sections is shown in 

equation 2.35.

, . & m\,eff X § m6 X § m2loop gain = ----------------------------X
Sm4 X §m4 X § ds2

1
(  sC  V sCl  ̂̂  ext

(2.35)

S m 4 ) S  ds2

From the equation, it can be seen that the common mode loop gain is directly dependent 

on the effective transconductance of the OTA. Thus, if the filter is being tuned towards 

its lower range, the common mode feedback loop gain decreases. If the loop gain is 

small, the output DC voltage of the OTA might be quite different from its intended value
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Fig. 33. Schematic of the proposed differential OTA

and in the worst case, might even hit the rails. The common mode rejection ratio at 

higher frequencies was derived in equation 2.25. It can be seen from the equation that 

CMRR decreases if either gmi or gm4 decreases. If the filter is tuned to the lower end, 

both these values decrease thus decreasing the CMRR very badly. Thus, the range of 

tuning of the OTA can be fixed by two factors: 1) Upper limit is fixed by the linearity 

constraints and 2) the lower limit is fixed by either CMRR or variation in output DC 

Common mode voltage.
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10. Source degenerated OTA versus simple OTA

The transconductance of the source degenerated OTA is as shown in equation 2.34 

whereas that of a simple OTA is g ml. The output noise and the input referred noise of 

the source degenerated OTA are given by equations 2.36 and 2.37 respectively.

• 2 8 kT
n,out

3 g ml

f  >2
f  \

8  ml 4 kT 8  ml

|  1 8  ml
1

8 d s 5 1 1 ^ ^
V 8 ds5 >  ̂ 8 ds5 J

+ 8 kTg m2 (2.36)

2 _ 8W  , 4 t U T gm2
n,in

3 8  ml 8  ds5 3

1 1
--- + ----

l 2

8  ml Sds5
(2.37)

The output noise and the input referred noise in the case of a simple OTA are given by 

equation 2.38 and 2.39 respectively.

,2 8*7g mi , SkTg,—1 ml . W i5w2
ln,out ~ '

2 %kT SkTgmt 1
vn,in ' 3 ~2^ 8  ml 8  ml

The large signal behavior of the source degenerated OTA is given by equation 2.40.

(2.38)

(2.39)

1 8  ds5 Sds5 +Vn VT +v,
1*

[4J3 G 1 'J
(2.40)

The large signal behavior of the normal OTA is given by equation 2.41.

I  DC + iac = P { V G -  Vt )2 + 2 P ( V e -  VT K  + p v] (2.41)
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F. Fully Differential Band Pass Filter

LP+

Fig. 34. Second order bandpass filter

There are many architectures to build a biquad filter using OTAs [50]. Some 

architectures provide independent frequency and Q tunability. This is very desirable 

since the accuracy of Q tuning does not depend on the accuracy of frequency tuning. But 

these architectures use more components and have more internal nodes which is not very 

conducive for high frequency design. The biquad architecture that uses minimum 

number of components and has fewest nodes is shown in Fig. 34. Another important 

advantage of this architecture is that all the internal nodes have an external capacitor 

attached to them. Hence the parasitic capacitors at the input and output of the OTA do 

not effect the performance of the filter to any significant degree. In Fig. 34, the dotted 

lines represent the CMFB connections. OTA3 provides CMFB for OTAj and OTA2. 
OTA2 provides CMFB for OTA3. OTA4 does not require any CMFB because it works
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like a resistor. The circuit provides both bandpass output and Low pass output. In this 

research we are concerned only about the bandpass output and hence from now on, any 

reference to the output of the filter implies the Band pass output. The transfer function of 

the circuit is given by equation 2.42.

K
Vi

sCgr

S, Sm&t
gr ^2C 2 | sCg,| t

g §m& i

(2.42)

Comparing equation 2.42 with the standard transfer function given by equation 2.43, the 

values of center frequency, Q and gain can be derived as shown in equations 2.44, 2.45 

and 2.46 respectively.

s

y. „
r = £ V  ,  ,

—  +  +  1
co2 coQ

(2.43)

Center frequency of the filter = ^  

Q of the filter = —
g r

g
Gain of the filter at center frequency = ——

Sr

(2.44)

(2.45)

(2.46)

It can be seen from the above equations the gain of the filter at center frequency 

is equal to the quality factor of the filter. This property could be used to tune the Q of the 

filter. But if the Q is large, this would mean that the filter has large gain and to make 

sure that the output of the filter is within its linearity range, input should be made 

correspondingly smaller. The center frequency of the filter could be increased by 

increasing gm (refer to Fig. 34). This would also change the Q of the filter., whereas by 

changing gr Q of the filter could be changed without effecting the center frequency. 

Hence while tuning the filter, center frequency should be tuned first (thereby fixing gm) 

then Q should be tuned (I.e., gr is fixed).
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In the next chapter, different methods of tuning the filters are discussed, followed 

by the derivation and discussion of the proposed tuning scheme.
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CHAPTER III

AUTOMATIC FILTER TUNING

It is a common knowledge that circuit parameters like Kp, Vt, p0, Sheet resistance, unit 

capacitance vary as much as ± 10%. This would result in the circuit that is being used 

practically, to be very different from the designed circuit. This problem is particularly 

accentuated in high Q filters, where a change in center frequency might completely 

attenuate the required signal while amplifying a signal that should have been attenuated.

The main reasons behind this change in circuit parameters are process parameter 

variation, ageing, mismatch and temperature variations. While nothing can be done 

about the first two causes, good layout techniques can help in minimizing the latter two 

causes. Whatever the reason be, the filter should be tuned to get the characteristics that it 

has been designed for. In some applications, the filter characteristics are observed after 

fabrication, then it is tuned to give the required response and this tuning information is 

stored in ROM. This procedure can lead to quite accurate filters but suffers from
r

extremely large area overhead to implement DACs ADCs and ROM. Also, the testing 

time (time taken for the procedure) could be significant thus making the technique cost 

intensive. To overcome this problem we need an ‘automatic tuning circuit’ that resides 

in the same IC as the filter and tunes the filter whenever it is being used. In the next 

section, some of the techniques of designing an automatic tuning circuit are discussed.

A. Simultaneous Tuning and Signal Processing Techniques

The main problem of automatic filter tuning is that it has to monitor the characteristics of 

the filter at the same time when the filter is doing the signal processing. This can be 

achieved using any of the following three techniques. Note that these techniques are 

different from the specific method of tuning in that, these are not the frequency tuning or
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Q tuning methods. These are the techniques in which any frequency or Q tuning methods 

should be applied to the filter.

1. Master-Slave

This is the most widely used technique of tuning a filter [21]. In this technique there are 

two filters, one is an exact copy of the other. All the automatic tuning circuitry is 

attached to one of the filter called the ‘master filter’. The other filter called the ‘slave 

filter’ does the signal processing on the input signals given by the user. Fig. 35 shows 

the block diagram of the master-slave technique. The most important assumption on 

which this technique is based is that the master and slave are very well matched. Thus 

the accuracy of the tuning scheme is limited by the accuracy of the matching between 

the two filters. The most significant advantage is that this scheme allows continuous 

signal processing and continuous tuning.

signal

Fig. 35. Block diagram of master-slave tuning technique
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Fig. 36. Block diagram of burst tuning circuit

2. Burst tuning

In this technique [37], the filter is alternately given the input signal and the reference 

signal periodically. When the circuit is given reference signal, the tuning circuitry is 

connected. The tuning is performed and the respective tuning voltages are stored on a 

capacitor. Then the tuning circuitry is removed and the capacitors are connected to the 

filter. The reference signal is disconnected and the input signal is given for signal 

processing. This procedure is repeated periodically at low frequency. Fig. 36 shows the 

block diagram of this tuning scheme. This technique is most useful in Time Division 

Multi Access (TDMA) applications [37,51].

3. Switching between two filters

This scheme is a combination of the Master-Slave and the burst tuning and is also called 

the ‘ping-pong’ technique. This scheme also has two identical filters. When one of the 

filters is processing the signal, the tuning circuitry is connected to the other and the 

tuning is performed. After some time the filters are switched. I.e., the filter that was
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doing the filter processing is now used to tune, and the filter previously used for tuning 

is now used for signal processing. This scheme overcomes the disadvantage of the 

Master-Slave technique in that it does not require the two filters to be matched closely. 

The disadvantage is that because of all the switching, the output could become 

discontinuous.

B. Existing Tuning Schemes

The parameters that are of most important concern in a filter are center frequency, Q and 

the gain. The other parameters like dynamic range or PSRR could be important in some 

applications. But these parameters are taken care of in the design process and are almost 

never tuned after fabrication. The gain of the filter need not be very accurate as it is 

compensated using an Automatic Gain Control (AGC) at the system level. So, the two 

parameters on which the tuning schemes concentrate are the center frequency and the Q 

of the filter. In this section, the existing tuning schemes will be discussed, at the 

algorithmic level. The same algorithm can be implemented in different ways and these 

implementation issues are discussed in later sections.

1. Frequency tuning

Since this research is mainly concerned about the Q-tuning schemes, the different 

frequency tuning schemes are just briefly mentioned. The frequency tuning schemes are 

well documented in the literature and some of the tuning schemes are more than 99% 

accurate. The major methods reported in the literature are Phase Locked Loop using 

Voltage Controlled Oscillator [51,52], Phase Locked Loop using Voltage Controlled 

Filter [39,53], Charge Detection [19,54], Direct Sample Tuning [20], Amplitude 

Detection [55], Switched Capacitor Reference Circuit [56], Adaptive Filter techniques
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[57] and Adaptive Minimization of Notch Output Power [58]. Among these different 

methods of tuning the frequency, Phase Locked Loop using a Voltage Controlled 

Oscillator (PLL-VCO) is the most popular and most accurate.

a. Phase locked loop using a voltage controlled oscillator

This tuning scheme works on the principle that a high-Q band pass filter when connected 

in a positive feed back would become an oscillator. The frequency of the oscillation is 

very close to the center frequency of the band pass filter [59]. This oscillator could be 

used in a conventional Phase Locked Loop (PLL) and the oscillating frequency could be 

locked to the reference frequency. The block diagram of the tuning scheme is shown in 

Fig. 37.

A through mathematical description of the PLL can be found in most the analog 

design text books and the mathematical description of the filter connected as VCO can 

be found in [60]. The linearity of the master filter is an important design constraint since

the harmonics in the frequency of oscillation lead to tuning errors [16]. One of the most

Fig. 37. PLL-VCO scheme to tune the center frequency of the filter
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important advantages of PLL-VCO tuning scheme is that the reference signal can be a 

square wave as opposed to most of the other schemes that require a sine wave. A 

common improvement seen this scheme is to include a divider after the VCO so that the 

reference can be a low frequency signal and the noise injected from the phase detector 

will not fall in the pass band of the filter.

2. Q tuning

For low frequencies and low quality factors, Q-tuning is normally unnecessary because 

the Q-value is set by the ratio of the components and that can be very accurate in an 

Integrated Circuit. But at high frequencies and/or high Quality factors, the value of Q is 

effected by the parasitics in the filter. The following are the existing Q-tuning schemes 

in the literature.

a. Magnitude locked loop

This tuning scheme is based on the assumption that when the Q of the filter is tuned to 

the correct value, the gain at the center frequency is fixed [21,22]. This gain can be made 

equal to Q itself or can be any pre-determined value. I.e., the transfer function of the 

filter is

H (s)=  - a °--------  (3.1)
5  S

--------------—  - | ------------------------------- 1-

®0 moQ

■ / / ( T  , ,  = 2
(3.2)
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Using this assumption, first the filter is tuned to the correct center frequency, then a sine 

wave whose frequency is same as the center frequency is given as the input to the filter. 

The input amplitude, and the output amplitude are compared and the Q of the filter 

(there by the gain) is adjusted so that the required condition is met. Fig. 38 shows the 

block diagram of the Magnitude Locked Loop tuning scheme. Even though this scheme 

is more popular than the rest of the schemes, it suffers from two serious disadvantages: It 

requires sine-wave input reference and it requires amplitude detectors, which (are not 

very straight forward to build. )

Fig. 38. Magnitude locked loop for Q tuning

b. Impulse response

In this tuning scheme, a step voltage is given as an input to the master filter and a 

reference circuit [19]. Then the circuit tries to match the envelopes of output of the 

master filter and the reference circuit. The block diagram for this technique is shown in 

Fig. 39.

hi«(t) = 4e~'v (3.3)
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A
w2t (  
2Q sin

1
4 Q2

w2t + (f)
\

J
(3.4)

where hXst ( )̂ is time domain impulse response of the first order filter( H Xst (s ) = --------)
s + col

h2nd (t) is time domain impulse response of the second order filter ( H(s) given by Eqn. 

3.10)

Envelope detectors are harder to build than amplitude detectors and the
" "  "'**■*"   r — f  tm nilirmwxlj" 1 II'" ....  ' rntmmm«»—* 1 " * ^  i- U - l l i - 1 ,

additional overhead due to the reference circuit are the important disadvantages of this 

tuning scheme.

Fig. 39. Impulse response Q tuning scheme

c. Using frequency synthesizer and amplitude detectors

This scheme utilizes the fact that for a fixed Q and fixed center frequency, the 3dB

bandwidth is fixed [12]. Thus, using the frequency synthesizer, three frequencies are

0
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generated -  the center frequency and the two 3dB points. Using amplitude detectors, the 

amplitude at all the three frequencies is found and the tuning voltage is adjusted so that

the amplitude at 3dB points is exactly y  r- times the amplitude at center frequency.

The scheme can have very large area over head and some critical timing issues to be 

taken care of. The phase noise of the frequency synthesizer is a important factor for the 

accuracy of the tuning scheme.

Using frequency synthesizer and phase detectors

This scheme utilizes the fact that for a fixed center frequency and Q, the frequencies at 

which the phase difference between input and output of the filter becomes 45° and 135° 

are fixed [61]. Therefore, using a frequency synthesizer, the 3 dB frequencies are 

generated. Using the phase detectors, the phase at these two frequencies is found and in 

the steady state, the loop settles at the tuning voltage such that the phase difference at the 

two frequencies is exactly 45° and 135°, which sets the frequency and Q to the desired 

value. The main constraints on the scheme are imposed by the^phase noise of the 

synthesizer and the offsets in the phase detectors}^

e. Continuous-time Least Mean Square (LMS) tuning

The tuning algorithm employed is the widely used Widrow LMS algorithm. The 

algorithm matches the output of the master filter to a desired output by minimizing the 

mean-squared error between them. The formulation of the LMS algorithm is shown in 

equation 3.5. and the block diagram of the generalized LMS scheme is shown in Fig. 40.

w,- it) = fi[d{t)-y(t)]gi (;t) (3.5)
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where wt (?) = tuning signals,

W i { t )
d

d t

Id = adaptation constant, 

d(t) = desired response. 

y(t) = output,

gj(t) = gradient (direction of tuning)

Fig. 40. Block diagram of continuous time LMS algorithm
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The quantity \d(t)~ y(t)[ is also known as e(t), or the error signal. The tuning signals 

w,-(f) become constant (reach steady state) when theirJime derivative (wi(t\js^zeTO (or 

has a time average of zero). This obviously occurs when e(t) becomes zero. A more 

detailed derivation and explanation of LMS algorithm is given in [62].

f. Modified Least Mean Square (LMS)

This Q-tuning scheme is a combination of Magnitude Locked Loop tuning method and 

LMS algorithm [1,62]. Unlike in the Magnitude Locked Loop tuning scheme where the 

amplitude of the input and output sine waves are matched, in this tuning scheme, the 

LMS algorithm is used to match the input and output waveforms themselves. Fig. 41 

shows the block diagram of the Modified LMS Q-tuning scheme. Different signals 

shown in the figure (i.e., e(t), y(t), x(t), d(t), g(t) and w(t) ) are the counterparts of the 

signals shown in Fig. 40. The characteristic equation for the tuning scheme is written in 

equation 3.6.

Fig. 41. Modified LMS Q tuning scheme
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^(o=/*Mo- moK(<) (3.6)

where = w(t) = tuning voltage,

// = gain constant in the loop,

Vin ( )̂ = x(/) = input voltage and,

Vbp (t) = y(t) = = band pass output voltage .

The modification of the original LMS algorithm can be observed from the equation 3.6 

to be the replacement of signal g(t) with the output of the band pass filter itself. This is

done because the ideal gradient is not readily available in the circuit. In [62] it is shown 

that the band pass output voltage is a good approximation to the ideal gradient. Again, as 

in the case of the actual continuous time least mean square algorithm, the tuning scheme 

will become stable when Vbp becomes equal to Vjn. Vbp = Vin is precisely the condition

required for the filter to be tuned to its correct value. Thus, the modified least mean 

square Q tuning scheme shown in Fig. 41 tunes the filter to the required value in the 

steady state. The most important advantage of this tuning scheme over others is that the 

Q-tuning accuracy does not depend on the accuracy of the frequency tuning scheme; and 

the reference input need not be a sine wave. This is achieved by exploiting the property 

of second order bandpass filters- the gain of the filter, and the cosine of the phase shift 

imparted to the input signal as it passes through the filter are identical. Let the transfer 

function of the filter be given by equation 3.7.

(3.7)

Where QD = Desired Q of the filter,

Qa = Achieved Q of the filter

coa = Achieved center frequency of the filter
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So, when the input is Vi (?) = A sin(w?), output of the filter is given by

V0 (?) = A x Q -  xG x  sin{w? + 6 } 
Qd

(3.8)

G =
jw ,

™aQa

i + jy  n - w/W nQn y/  a /

(3.9)

6 = Arg w«2„
l  +  J W/  _  W

wa )

(3.10)

From equation, it can be seen that cos(<9) = G

V0(?) = A x  x cos(#)x sin(w? + 6) 
Qd

(3.11)

So, if an arbitrary periodic waveform Vi(t)= ^ JAi sin^ .?) were given as input, the
i

output would be given by

K(0 = Z 4  J T  cos(4)sin(w,.l + 6t ) (3.12)
i 'A d

The tuning scheme would reach the steady state when the DC input to the integrator 

becomes zero. From the tuning scheme, the integrator input can be written as

Integrator input = (Vref -  VBP )vbp (3.13)

The equation for this steady state is obtained by substituting equation 3.12 in equation 

3.13 and equating it to zero. The result is shown in equation 3.14.
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r
' Z Ai sin(w ,.?)x^4

i ^ D  J (3.14)

V 1 i zcd y

Taking the DC part out of equation 3.14, we get

(3.15)

Equation 3.15 can be true only if Qa =QD, which means that the Q of the filter is tuned

to the desired value independent of the frequency of the reference wave and even if there 

are any harmonics present in the reference wave. The Q-tuning scheme being 

independent of frequency tuning errors is very important for high Q filters where even a 

slight error in center frequency might lead to a large Q error. The independence of the 

tuning scheme on the shape of the reference input is very important for high frequency 

filters, where it might be very difficult to generate a particular waveform.

C. Previous Implementation of Modified LMS Q Tuning Scheme

This research is more concerned about improving the accuracy of the tuning schemes 

and in particular, the Q-tuning scheme. Of all the implementations reported in the 

literature, modified LMS Q-tuning scheme reported in [1] is the most accurate.; Fig. 42 

shows the implementation reported in [1]. Even though this scheme is reported to be 

accurate, there are some significant disadvantages in the implementation of the scheme.
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1. Problems in the previous implementation

It should be noted that the disadvantages are with the implementation of the tuning 

scheme, but not with the modified LMS Q-tuning algorithm itself.

a. Offsets in the building blocks

The biggest disadvantage of the implementation is that it is not very robust. In the 

presence of offsets in the building blocks, the accuracy of tuning is effected very badly. 

Any DC offset voltage at the input of the integrator will be integrated and in the steady 

state, the Q-tuning loop will settle to a wrong Q value. This Q value would be such that, 

the difference between the achieved Q and the desired Q will give a DC voltage at the 

output of the multiplier which will cancel the DC offset. The offset at the input of the 

integrator is given by equation 3.16.
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Offset = GmulG lm{0,„ -  Obp )0BP + GmuIGsumOinOsum + GmulOfum +Omul+ - ^ -  (3.16)
<J'in t,DC

where Gmui = Gain of the multiplier 

GSUm = Gain of the summer 

Gint,DC=DC gain 0f the integrator 

Ojn = Offset in the input (reference)

Ogp = Offset of the Band Pass filter 

Osum = Offset of the summer 

Omul = Offset of the multiplier

VQ-tun= The steady state output voltage of the integrator

b. Frequency response of the summer

The frequency response of the summer can effect the stability of the Q-tuning loop and 

when the loop is stable, might lead to inaccuracies [62]. This constraint worsens for high 

frequency filters where it will be considerably more difficult to design a summer with 

much wider response than the filter itself. One solution to this problem might be to use a 

current mode summer, which has the capability of operating at very high frequencies. 

The multiplier that follows the summer could also be designed in current mode to retain 

the advantage obtained by using a current mode summer.

c. Loading due to the attenuator

The most important element in the whole tuning scheme is the attenuator. The accuracy 

of the tuning scheme can at best be equal to the accuracy of the attenuator. Hence,
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utmost care should be taken to realize a very accurate attenuator. In [1] a capacitive 

attenuator is used and to improve the accuracy of attenuation, area of each capacitor in 

the attenuator is increased. Thus the individual capacitor values in the attenuator are very 

large. At high frequencies, these large capacitors result in a very small input impedance. 

If the reference is being generated inside the IC, the circuit that generates the reference 

should be able to drive this small impedance. This would make the power consumption 

of the reference generator very large.

D. New Implementation of Modified LMS Q Tuning Scheme

The circuit that overcomes the disadvantages discussed above is shown in Fig. 43. 

Again, the tuning scheme is not a new algorithm but a different implementation of the 

modified LMS Q-tuning scheme discussed before. The main difference among others in 

this implementation is the conversion of high frequency information at the output of 

band pass filter and the reference immediately to DC.

Fig. 43. New implementation of modified LMS Q tuning scheme
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1. Advantages of the new implementation over the previous implementation

The new implementation addresses most of the disadvantages faced by the previous 

implementation as discussed below. Again, it should be noted that these disadvantages 

are implementation issues of modified LMS Q tuning algorithm and not disadvantages 

of the algorithm itself.

a. Offsets in the building blocks

The accuracy of the tuning scheme in the new implementation also suffers from the 

offsets in the building blocks, but the problem is less severe. The offset at the input of 

the integrator is given by equation 3.17.

Offset = GmulGslm (Oln-  0 BP + + ^ = -  (3.17)
^ in t ,DC

In the above equation, all the parameters have the same meaning as in equation 3.17. It 

can be seen that the effect of the offsets in the building blocks is much less than that in 

the previous implementation. Also, it should be remembered that the offsets of building 

blocks that are discussed here are systematic differential offsets (as opposed to random 

offsets or common mode offsets)

b. Frequency response of the summer and the multiplier

Unlike the previous implementation, the frequency response of the summer does not 

effect the stability or the accuracy of the tuning scheme in the present implementation. 

This is because the summer deals only with the DC components in the output of the 

multiplier. The frequency response of the multiplier is slightly more important in this
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implementation than the previous implementation. But, it does not effect the stability of 

the Q-tuning loop; and as long as the DC gain of the integrator is high enough, even the 

accuracy of the tuning scheme is not effected.

(Q-1)R
-A/WVV-

Cp.
(Q -1)R R -L  Cp

Fig. 44. Improved attenuator to overcome the parasitic pole

c. Loading due to the attenuator

In the present implementation, resistors are used instead of capacitors for designing the 

attenuator. For good accuracy, the area of each passive component should be made very 

large. For capacitors, the capacitance depends on W x L  and hence, the value of each

capacitor increases. For resistors, the resistance depends on and hence, the value of

each resistor can be controlled. Due to this, even with good matching, a resistive 

attenuator need not have low impedance. But, the resistive attenuator together with the 

parasitic capacitance at the input of the OTA will behave as a first order low pass filter 

instead of an ideal attenuator. This places a constraint on the highest value that should be 

used in building the resistive attenuator. By proper choice, the pole could be pushed to 

very high frequency, thereby making the attenuator work accurately in the frequencies of 

interest. The parasitic capacitance can be estimated and the value can be used to make 

the attenuator almost ideal. Fig. 44 shows the corresponding circuit.
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2. Disadvantage of the new implementation over previous implementation

The present implementation requires two multipliers and one summer where as the 

previous implementation requires two summers and one multiplier. Since a multiplier 

circuit occupies more area than the summer, the present implementation occupies a little 

more area than the previous circuit. This increase in the area overhead is not very 

significant when compared to the overall circuit. Hence this issue is not a major concern 

for the new implementation. By using the multipliers immediately at the output of the 

filter and the input filter, we are down-converting the information at both locations to 

DC. Since processing the DC voltages is easier than processing a high frequency signal, 

the present implementation is easier to implement. The area occupied by the summers 

and the multipliers is much less when compared to that of the filters and hence the slight 

area increase due to the use of two multipliers is not very significant.

E. Previously Implemented Complete Tuning Scheme

A complete tuning scheme should combine one frequency tuning scheme, one Q tuning 

scheme and one of the tuning techniques among Master-Slave, Burst and Switching. The 

most accurate of all the schemes reported in the literature is [1]. It combines Master- 

Slave technique with Phase Locked Loop using Voltage Controlled Oscillator (PLL- 

VCO) for frequency tuning and Modified Least Mean Square (Modified-LMS) for Q 

tuning. The complete tuning scheme is shown in Fig. 45. The ‘Master filterl ’ and 

comparator loop realizes a Voltage Controlled Oscillator. This, together with an XOR 

circuit and the Low Pass Filter (LPF) forms the frequency tuning loop. ‘Master filter2’, 

together with the summers, the multiplier and the integrator forms the Q tuning loop. 

The slave filter does the signal processing of the inputs given by the user.
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Fig. 45. Complete tuning scheme implemented in [1]
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1. Disadvantages of the previous tuning scheme

As mentioned before, this tuning scheme is reported to be very accurate, with less than 

1% error in both frequency tuning and Q tuning. But, the tuning scheme still has 

potential disadvantages, some of which could effect the accuracy of the tuning scheme 

itself. Most of the disadvantages occur because the tuning scheme uses two master filters 

to tune one slave filter.

a. Area overhead

The scheme also needs one comparator, one XOR, one LPF, two summers, one 

multiplier and an integrator. Even though the list looks very long, almost all the tuning 

schemes reported in the literature requires at least these components. Therefore, the area 

overhead because of these components need not be considered as a significant 

disadvantage. The tuning schemes that use master slave technique require at least one 

master filter to tune one slave filter. But, this tuning scheme requires two master filters 

to tune one slave filter. Using a better tuning scheme, the requirement could be 

decreased to one master filter for one slave filter, there by decreasing the area overhead 

of the tuning scheme.

b. Power consumption

Any circuit that operates at higher frequencies consumes a lot of power. In the tuning 

circuit, the components that need to work at high frequencies are the filters and the 

comparator. It would be better if the XOR and the multiplier also have large bandwidths 

but it is not a necessity because this would just mean that the loop gain is lesser. This can 

be rectified later by having a larger gain for the components that are working at the
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lower frequency (Summer, LPF and the integrator). Again, the tuning scheme 

implemented in [1] requires two master filters which operate at high frequencies thus 

consuming a lot of power.

c. Matching

The basic assumption on which the Master -  Slave tuning technique works is that the 

master filter and the slave filter are very well matched. It is much more difficult to match 

three filters (each filter has four OTAs each) than it is to match two filters. Hence there 

is a greater probability of mismatch between the two masters and the slave filter. This 

results in the greater probability of having a tuning error.

d. Substrate noise injection

For better matching, the master filters should be as close to the slave filter as possible. 

The master filters are processing the reference signal and since the gain of these filters is 

maximum at this frequency, the signal strength at this frequency would be significant. 

This signal will get coupled into the slave filter through the substrate. While it is not 

possible to completely eliminate this coupling, it could be minimized by using guard 

rings. A further reduction of this coupling can be achieved by reducing the number of 

slave filters.

e. Sensitivity to offsets in the building blocks

As discussed previously, the accuracy of the Q tuning scheme is very sensitive to the 

offsets in the building blocks. Assuming the DC gain of the integrator is very high, the



74

error in Q tuning is mainly effected by the total DC offset contributed by all the building 

blocks. The error in Q tuning because of this offset is given by equation 3.10.

where 5  = error in the tuned Q,

Qd = the desired Q of the filter (the ideal Q),

Offset = the total effective offset at the input of the integrator,

Gmui = The gain coefficient of the multiplier,

GSUm = The gain coefficient of the summer and

V;n = The amplitude of the reference wave.

From the above equation, it can be seen that the error in Q tuning is directly proportional 

to the offset. Since the new implementation of the modified-LMS Q tuning scheme has 

lesser offset than the previous implementation, the new implementation is more accurate. 

From equation 3.10, it can also be seen that to improve the accuracy, the gain of the 

multiplier and summer (effectively loop gain of the tuning scheme) should be increased.

f. High Q effects

The Q tuning scheme would loose the accuracy at very large Qs. There are two primary 

reasons for this. Due to the excess phase of the OTA, the gain of the filter can be quite 

different from the Quality factor. Since gain = Q is the basic assumption on which the Q 

tuning scheme is built, the scheme will become inaccurate. Another reason of the 

inaccuracy is that it is extremely difficult to build an accurate attenuator when the 

required attenuation is very large.

8  2 x offset (3.18)
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F. A Unified Q and Frequency Tuning Scheme

A new tuning scheme that overcomes many of the problems faced by the previous tuning 

scheme is proposed here. It combines the new implementation of the modified-LMS for 

Q- tuning scheme with PLL using VCO for frequency tuning. The block diagram of the 

new tuning scheme is shown in Fig. 46. In this tuning scheme, both the frequency 

tuning and the Q tuning use the same master filter and the output of the VCO generated 

in the frequency tuning loop is used as the reference to the Q tuning loop. Due to this 

new integration of the frequency tuning loop and the Q tuning loop, the scheme can 

overcome many of the problems faced by the previous tuning scheme, as discussed in 

the next section.

1. Advantages of the new tuning scheme over the previous tuning scheme

Most of the advantages of the new tuning scheme are a result of using the same master 

filter for both frequency tuning and Q tuning. This is made possible because the Q 

tuning scheme can work independent of the shape of the reference wave, thus allowing 

the output of the VCO itself to be given to as a reference to the Q tuning scheme.

a. Area overhead

The area overhead because of the comparator, summer, multipliers, LPF and the 

integrator is almost the same. As a matter of fact, there is a slight increase in the area of 

all these components because the new tuning scheme uses two multipliers and one 

summer instead of two summers and a multiplier. In the complete tuning scheme, the 

filters are the most area-consuming blocks. The new tuning scheme requires only one
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master filter where as the previous tuning scheme needed two. Thus the new tuning 

scheme occupies much lesser area than the previous tuning scheme.

Fig. 46. Block diagram of the proposed Q and frequency tuning scheme
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b. Power consumption

As discussed before, the main consumers of power in the entire tuning scheme are the 

high frequency filters and the comparator. In the tuning scheme designed, each filter 

consumed 39.6mW (at center frequency around 100MHz), the comparator consumed 

6.6mW and the two multipliers and the summer together consumed 6.6mW. Since the 

number of master filters is decreased, the power consumption of the tuning scheme is 

decreased significantly. The present tuning scheme consumes a total of 92.4mW where 

as the previous tuning scheme would have consumed 132.0mW.

c. Matching

Since matching between two filters is better than that between three, the new tuning 

scheme is more accurate than the previous tuning scheme.

d. Substrate noise injection

Again, as discussed in the preceding section, the substrate noise injection would be 

lesser if there is only one master filter. Guard rings around the filter also help in 

decreasing the noise in the pass band.

e. Sensitivity to offsets in the building blocks

The improved implementation of the modified-LMS Q tuning scheme is more robust to 

offsets than the previous implementation, as discussed in the preceding sections. Since



78

the new tuning scheme uses this improved implementation, the tuning scheme is also 

more robust and hence more accurate than the previous tuning scheme.

2. Disadvantages of the new tuning scheme over the previous scheme

The following are the disadvantages of the new tuning scheme over the previous tuning 

scheme. Most of the problems listed here are faced by the previous tuning scheme also, 

but they are more prominent in this tuning scheme.

a. Design complexity

In the new tuning scheme both the frequency tuning loop and the Q tuning loop are 

integrated with each other, where as in the previous tuning scheme, both the loops were 

independent of each other. This makes the new tuning circuit a little more complex and 

difficult to design.

b. Comparator loading

In the new tuning scheme, the comparator is loaded with an attenuator, a multiplier and 

an XOR circuit, where as in the previous tuning scheme, it is loaded only with the XOR 

circuit. Thus, the comparator is loaded by an additional attenuator and a multiplier when 

compared to the previous tuning scheme. For a high frequency operation, this loading 

can become significant and hence the design of comparator can become more difficult 

than in the case of previous tuning scheme. One of the solutions to overcome this 

problem might be to pump large currents through the transistors in the comparator. But, 

that would increase the power consumption. While designing the comparator, it has to be
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remembered that the rise time and fall time of the comparator need not be very high. It is 

sufficient if its gain can start the oscillations in the VCO.

c. Q limitation

For the band pass filter and the comparator system to oscillate, the filter should have a 

minimum Quality factor [59]. In both the schemes, the Q tuning loop controls the value 

of the quality factor of the master filter(s). In the previous tuning scheme, as long as the 

reference clock is given, the Q tuning loop settles to its steady state value independent of 

the frequency tuning loop. In the present scheme, the reference clock is nothing but the 

output of the VCO used in the frequency tuning loop itself. Hence, the Q tuning loop can 

start functioning only if the VCO starts oscillating, and this can happen only if the Q of 

the Master filter is above a particular limit. Hence, while designing the filters, care 

should be taken to make sure that the minimum Q possible for the filter is more than the 

minimum Q required for oscillations. Another solution could be a circuit that presets the 

Q value of the filters and does not close the Q tuning loop until it detects oscillations in 

the VCO.

d. Parasitic matching

The output of the master filter drives a different load than the output of the slave filter. 

Hence the Master and slave are not perfectly matched if they are left as they are. This 

problem becomes particularly worse if the frequency of operation of the filter is very 

high. Hence the parasitics should be matched for both master and slave. The value of 

these parasitics is very nonlinear and hence care should be taken to see that the values of 

parasitics are very small compared to the actual capacitors used in the design. Also, care 

is taken to add dummy loads to make sure that the parasitics seen by the master and the
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slave are almost the same. But, the value of the parasitics is extremely dependent on the 

process and on the functioning of the circuit, thus it is not possible to eliminate the 

mismatch due to parasitics completely.
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CHAPTER IV

BUILDING BLOCKS FOR THE TUNING SCHEME

In the previous chapter, a new scheme for automatic tuning of band-pass filters is 

presented. The Master and the Slave filters used in the tuning scheme are built using the 

new OTA discussed in chapter II. The characteristics of the filter were also discussed in 

chapter  ̂ II. The complete tuning scheme also requires a comparator, a limiter, ja. 

multiplier, a summer, a low pass filter and an integrator. In this chapter, the 

considerations for designing each of these building blocks are enumerated, and the 

design procedure is discussed.

A. Comparator and Limiter

After the filters, the comparator is the most critical block in the tuning scheme. Since the 

output of the comparator drives the resistive attenuator, the comparator should have a 

good driving capability as well. A differential comparator in its general sense has only

Fig. 47. Block diagram of the VCO
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two output states. If the differential input is more than the threshold, the output is a fixed 

positive value and if the differential input is less than the threshold, the output is a fixed 

negative value. A limiter fixes these output levels. Added to this, a differential 

comparator needs to be robust to the common mode input signals. In the present system, 

the only function of the comparator is to configure the band pass filter into an oscillator. 

The block diagram of the VCO is shown in Fig. 47. It can be derived [59] that the small 

signal gain of the comparator just needs to be greater than unity for the bandpass filter to 

oscillate (assuming the Q of the filter is sufficient as discussed in the previous chapter). 

In the steady state, the amplitude of oscillations of the VCO will be such that the 

effective loop gain is unity.

The effective gain from the input of the comparator to the output depends on 

three factors: the small signal gain, the non-linear characteristics and the amplitude of 

the input [16,17,63]. These characteristics together with the Q of the filter determine the 

steady state amplitude of oscillations of the VCO. The output of the VCO is given as the 

reference to the Q tuning scheme. Hence it should be with in the linear range of the 

filter. The following are the most important constraints while designing the comparator 

limiter block.

• The small signal gain of the comparator should not be very high. Otherwise, the 

amplitude of oscillations of the VCO would be too large to fall into the linear region 

of the filter and the design of the limiter to limit the amplitude of oscillations will 

become involved.

• The small signal gain of comparator should be more than Qdesi)desired

Q m in in

for the VCO to

start oscillations, where Qminimum is the minimum Q the filter can have, and Qdesired is 

the value of Q to which the filter should be tuned. (The Qdesired is same as the value 

of attenuator).

• The limiter should be as non-linear as possible. For the fixed characteristics of the 

comparator, the higher the non-linearity the smaller the amplitude of oscillations.
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Fig. 48. Circuit diagram of the comparator-limiter block
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Fig. 48 shows the circuit diagram of the comparator-limiter that takes the above design 

constraints into consideration. The comparator block is the simple differential pair. A 

more complex circuit will decrease the speed of operation of the comparator. The 

differential pair together with the resistors used in the attenuator determines the small 

signal gain of the comparator. The value of the resistors should be optimized to have a 

flat response for the attenuator. This would make the values of the resistors small. The 

transistors Mi should be optimized so that the gain of the comparator is slightly more

than Qdesiidesired

a
To achieve this gain driving the small resistors requires a large

transconductance. The area of Mi cannot be large lest it might load the filter. Hence the

DC current in transistors should be large. In this design, the value of Qdesired

a is around

five. Since this gain is not very large, a common mode feed back circuit is not needed. 

Transistor M3 attains the common mode rejection. Transistor M2 is optimized so that the 

DC voltage of the output of the comparator is close to that of the input.

As discussed before, the limiter should be as non-linear as possible [64]. Since 

the limiter has to work at high frequencies, a complex circuit cannot be used. MOSFETs 

and diodes are the simplest devices with non-linear characteristics and of these two, 

diodes with their exponential characteristics are more non-linear. Hence two diodes are 

used to limit the output voltage of the comparator. The voltages Ei and E2 shown in Fig. 

48 can be used to change the characteristics of the limiter. The simulated results for the 

comparator at 100 MHz input frequency are shown in Fig. 49. The V-I characteristics of 

the block are shown in Fig. 50. AMI 0.5u technology, being a purely CMOS process, is 

not optimized to have a diode. The diode used in the limiter is the parasitic diode that 

exists in any CMOS process. It is made from p+ (intended to be used as drain or source 

of a PMOS) and n' (intended to be used as the well in which PMOS transistors reside). 

Since the process is not optimized to provide this diode, the characteristics will not be as 

good as in a bipolar or BiCMOS process. But, the characteristics of the diode are not 

significant for the functioning of the limiter. The layout of the diode is shown in Fig. 51.



O
u

tp
u

t 
o

f 
th

e 
li

m
it

er

85

1.40 

1,20 

1,00 

800m  

600m  

400 m 

200m  

0,00
0.00

V-I Characteristics of the comparator-limiter block

E=0

E=0.1

..................
E=0.2

E=0.3

E=0.4

.............-------- E=0.5

100m ' ' ’ ' 200m  300m
Input o f  th e  lim iter

E=0.6

4 0 0 m ...............500m

Fig. 50. V-I charateristics of the comparator-limiter block (Ei=E2=E)

• ' . •

m m m .

■** * * «-:•-*:»

Fig. 51. Layout of the diode in AMI 0.5pm technology (p+ in center and nwell around)



86

Fig. 52. Block diagram of the PLL

B. Multiplier

The multiplier is the most used blocks in the tuning scheme and a careful designing of 

the multiplier can avert a lot of problems. Fig. 52 shows the Phase Locked Loop. It uses 

an XOR circuit to detect the phase difference between the VCO and the reference input. 

A multiplier can also be used for this purpose. Thus the same multiplier design can be 

used in the PLL as well. The complete circuit diagram of the tuning scheme with the 

XOR replaced by the multiplier is shown in Fig. 53. The function of all the three 

multipliers in the tuning scheme is to down convert the signals. As discussed in the 

previous chapter, the gain of the multiplier is not a very important design constraint. The 

blocks that follow the multiplier can compensate the loss of gain due to the multipliers. 

The most important constraint in designing the fully differential multiplier is the 

symmetry. Both the differential signals should pass through exactly similar nodes. 

Otherwise, the phase shift suffered by each of the signals will be different and this will 

create an error. There are many topologies of multipliers [65]. The circuit shown in Fig. 

54 has the advantage of not only being symmetric but also being extremely simple to
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design. It works on the principle of cross coupling and is proven to be very linear [66]. 

The biggest disadvantage of the circuit is its poor common mode response. Also, if the 

common mode of both the inputs is not around the same DC voltage, the gain of the 

multiplier drops significantly. Hence, this multiplier is not a good choice for a general 

application except when low supply voltage is a constraint.

Fig. 53. Block diagram of the new tuning scheme with XOR replaced by multiplier
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Fig. 54. Circuit diagram of the multiplier

In the present application, all the common mode voltages are around the same DC 

voltage and hence, the CMRR is not a significant issue for the multiplier. The multiplier 

gain is given by equation 4.1.

Multiplier gain = ^  ^D°w  (4.1)
Vi,DC ~ ^ t j

The common mode gain of the multiplier is given by the following equation.

CM gain =
4 V,DD

V , o c - M
(4.2)

For this application, CMRR of 30 dB for multiplier is more than sufficient, which can be 

easily obtained by this architecture. One of the interesting properties of this multiplier is 

that the gain is almost independent of the transistor properties like width and length. 

Hence, the user can concentrate on decreasing the area occupied by the transistors. The 

minimum area of the transistors is determined by the frequency response desired from 

the multiplier. As the transconductance of the transistor decreases, the bandwidth of the
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multiplier decreases. The main contribution to the area of the multiplier is from the 

resistors. The resistors should not only be linear but also must be matched closely for a 

proper multiplication.

C. Summer

The summer, also called the Differential Difference Adder in this case, is an important 

component in the Q tuning scheme. The equation that gives the differential offset at the 

input of the integrator is reproduced here for convenience.

Offset = GmutG,um(Oin - 0 BP)0 BP + 0 _  + ^  (4.3)
'Ant, DC

It can be seen from the above equation that any differential offset in the summer causes 

large inaccuracies in the Q tuning scheme. The purpose of the summer is to take 

difference of two differential DC voltages. Since the summer is concerned only with the 

DC voltages, the frequency response of the summer is not of any consequence. The 

common mode rejection of the summer is not extremely important but if it is high, it can 

decrease the burden on the design of integrator. The gain of the summer is also not a 

critical design parameter. If the gain of the summer is small, the DC gain of the 

integrator that follows the summer should be high so that the loop gain does not suffer. 

The circuit used for the summer is shown in Fig. 55. Transistor M3 together with ‘b iasl’ 

controls the gain of the summer. The current through the summer, and hence the 

bandwidth of the summer is controlled by Mi. The output impedance of M l also controls 

the common mode rejection ratio. Matching of the transistors is extremely important to 

decrease the differential offset. The mismatch can occur due to systematic offset and 

random offset. To overcome the systematic offset, common centroid layout is used and 

to reduce the random offset, the area of each transistor is increased significantly.
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Fig. 55. Schematic of the summer

Fig. 56. Loop filter in the PLL
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D. Low Pass Filter

The low pass filter is used in the Phase Locked Loop to filter out the high frequency 

components generated by the multiplier. This filter is also called the ‘loop filter’ in the 

PLL terminology. The circuit that is used for this purpose is shown in Fig. 56. The main 

considerations of the filter are the same as the standard constraints in the design of any 

loop filter. These constraints can be found in any standard analog design textbooks 

including [18] and [67]. Other than the standard constraints, the low pass filter also 

should work as a differential to single ended converter. Hence the common mode 

rejection ratio of the circuit should be high. For this, the components with same values 

shown in Fig. 56 should be very well matched. The transfer function of the circuit is 

given equation 4.4.

_ V
/ * ,

1 + sCR2
(4.4)

The gain of the circuit is given by —  and the pole frequency is given by ----- rad/s.iq R 2C

The frequency response of the Operational Amplifier is not of much importance as long

as the Gain Band Width product is much higher than the pole frequency. To have a good

control over the tuning scheme, this Low pass filter is built outside the fabricated IC,

using off the shelf components. In the simulations of the tuning scheme, a macro model

is used to simulate the OpAmp. For the experimental setup, the following components

were used.

• GBW of the Opamp = 10 MHz

• ---------  is variable from 10 KHz to 1 MHz
2 7rCR2

R2 .
• —  is variable from 0.25 to 4.

R,
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• Mismatches in either Ri or R2 are less than 0.1% which gives a CMRR of 60 dB.

E. Integrator

C

Fig. 57. Circuit of the integrator used in the tuning scheme

The last building block in the Q tuning scheme is the integrator. The main purpose of the 

integrator in this tuning scheme is to adjust its output voltage such that its DC input 

voltage goes to zero. An ideal integrator will have infinite gain at DC, since this not 

possible practically, the DC gain of the integrator should be made as high as possible. 

Another important function of this block is as a differential to single ended converter. 

Again, for the sake of more control over the whole tuning scheme, the integrator is built 

externally using off the shelf components. The circuit of the integrator is shown in Fig. 

57. The Op Amp chosen for the circuit should have very large gain and have a very low 

offset. Like the low pass filter, the matching of the components in this circuit is also very 

important. Extreme care should be taken to choose the components that are very closely 

matched. The Gain Band Width product of the OpAmp is not important. The unity gain

frequency of the integrator is given b y ---- . The value of the resistor should be
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Fig. 58. Dominant pole compensated Op Amp used instead of integrator

reasonably high so that they do not load the summer (The summer’s output goes as input 

to the integrator). The value of the capacitor is not important if only the accuracy of the 

tuning scheme is concerned. But, if the time taken to tune the filter is also a design 

parameter, care should be taken while selecting its value. A large capacitor increases the 

tuning time where a very small capacitor might not be sufficient to provide the necessary 

phase margin in the loop. Instead of using the integrator, an Op Amp in open loop itself 

can be used. The circuit is shown in Fig. 58. This circuit helps in eliminating the loading 

of the summer and also removes the constraints of matching the resistors and capacitors. 

But, the Gain Band Width of the OpAmp should be sufficiently small to make the loop 

stable. This technique would occupy much lesser area and will involve much lesser area 

than an OpAmp with resistors and capacitors. While simulating the circuit, both the 

techniques are used to realize the integrator and the tuning scheme was functional in 

both the cases. Again, for having more control over the tuning process, this integrator is 

built outside the fabricated IC using off the shelf components. The OpAmp used for this 

purpose is OP493 and has the following characteristics.

DC gain > 100 dB
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• GBW = 35 KHz

• Phase margin = 60°

• Power consumption = 72.5 uA

The filter and the tuning scheme built using the components discussed above are 

simulated to check their performance. The results are shown in the next chapter. The 

layout of the design is sent for fabrication in AMI 0.5p technology. The experimental 

results on the IC are also discussed in the next chapter.
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CHAPTER V

SIMULATION AND EXPERIMENTAL RESULTS

As discussed in chapter II, the new OTA is used to build a second order band pass filter. 

In this chapter, the simulated results and the experimental results of the filter are 

described. The new tuning scheme described in Chapter III is built using the components 

described in Chapter IV. The simulated results and the experimental results of the tuning 

scheme are also discussed in the present chapter.

A. Layout and Photograph of the Die

As mentioned in the previous chapters, the filter and the tuning scheme were designed in 

the standard CMOS technology of AMI 0.5pm provided through MOSIS. The layout of 

the whole Integrated Circuit (filter and tuning scheme) is shown in Fig. 59. The figure 

shows both the layout of the circuit itself together with the pad frame. The size of the 

layout is 900pm x 900pm. Together with the pad frame, the size of the IC is 

1500pm x 1500pm. The total number of pins for the IC are 40. It is packaged using 

DLP40. The parasitics of the pads (used to connect the circuit to the package) are a major 

concern, especially if they are connected to the nodes that operate at high frequencies. In 

such cases, internal protection is removed as can be seen in the layout for six pads. To 

further avoid the loading due to the pads, all the high frequency signals are first passed 

through on-chip buffers before connecting them to the pad. ‘Guard rings’ are used 

wherever possible, to avoid latch up and to suppress the substrate-noise coupling. 

‘Interdigitation’ is used to get good matching for resistors used in the attenuator and 

transistors used in the filter. ‘Common-Centroid’ technique is used to get matched 

capacitors. All the differential signals have exactly similar paths to travel thus making 

sure that the parasitics seen by both halves of the differential circuit are exactly same.
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The supply metal wires carry large currents and hence are made as wide as possible. The 

die photograph of the IC is shown in Fig. 60.

.f l

Fig. 59. Layout of the IC sent for fabrication in AMI 0.5p technology
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Fig. 60. Die photograph of the integrated circuit
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B. Simulation Results for the Filter

The characteristics of the filter, designed using AMI0.5pm technology and simulated 

using ‘SpectreS’ are shown below. Fig. 61 shows the response of the filter when the 

center frequency is 77MHz, 100MHz and 117MHz and the quality factor is 9.5, 4 and 35 

respectively. From the figure, it can be seen that the designed filter is indeed tunable 

over a wide range of center frequencies and quality factors. For the Gm-C filters, 

especially for high frequency and/or high Q filters, the variations of parameters can 

change the realized characteristics to be quite different from the designed characteristics. 

So, to regain the designed characteristics, wide tunability of the filter is very important. 

The characteristics shown also include the most difficult of all -  high frequency and high

Q.

Fig. 61. Simulated characteristics of the filter for various center frequencies and Qs
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Fig. 62 shows the Common mode characteristics of the filter, together with the 

differential mode characteristics when the filter is tuned to have a center frequency of 

100MHz and quality factor of 20. During the experimentation stage, the equipment 

cannot directly show CMRR, it can only show the common mode and differential mode 

gains. Hence for the sake of correspondence, common mode and differential mode gains 

are shown independently during these simulated results also. It can be noted from the 

graph that CMRR is more that 40dB in the band of interest.

Fig. 62. Simulated common mode and differential mode gains of the filter
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The gain of the filter (center frequency = 100MHz, Quality factor = 20) from negative 

power supply to the output, along with the differential gain from input to output is 

shown in Fig. 63. Due to the limitation of the instruments used to obtain the 

experimental results, the gains are shown independently instead of PSRR'. It can be 

noted from the graph that power supply rejection is more than 40dB in the band of 

interest. It can also be seen from the graph that, as discussed in chapter II, the Power 

Supply Rejection and the Common mode Rejection are similar.

freq ( Hz )

Fig. 63. Simulated power supply gain and differential gain of the filter
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Fig. 64 shows the noise response of the filter when tuned to center frequency of 100MHz 

and quality factor of 20. As expected, the noise is shaped by the filter characteristics. 

Since the frequency of operation of the filter is very high, flicker noise does not 

contribute to the total noise of the filter. The total integrated output noise o f the filter is

0.58mV.

Fig. 64. Simulated output noise of the filter
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To measure the linearity of the band pass filter, two tones (or frequencies) which are 

very close to each other and are inside the band of the filter are given as input. Due to 

the non-linearity of the filter, these tones produce harmonics, which in turn get 

modulated to give third order inter-modulation products. The two tones which are given 

as input should be close enough so that the third order inter-modulation products also 

fall in the band of the filter. For reasonable inputs, these third order inter-modulation 

products are very small compared to the input. This difference in strength between the 

two input tones and their inter-modulation products is called IM3. Fig. 65 shows the 

result of this two tone test.

Frequency domain response

JTfiJEbU -24.1209) delta: (-1.00WJ2M -41.0158)
B: (98.5M -65,1377) slope: 41.0159u

200m Time domain response
for die two tone test

—200m ........... i.. .........1 ...........i............1
3.0u 4.0u 5.0u 6.0u 7.0u

time ( s )

Fig. 65. Simulated two tone inter-modulation test for the filter
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From Fig. 65, it can be seen that the input to the filter can be -24  dB (63 mV) with an 

IM3 o f -40  dB. From this value and from the total integrated noise calculated above, the 

SNR of the filter is 41 dB.

C. Experimental Setup to Test the Filter

A printed board is designed to test the filter. The setup is shown in Fig. 66. The main 

components of the external circuit are transformer, capacitors and resistors. 

Transformers are used to convert the single ended input to differential input of the filter 

and then to convert the differential output of the filter to single ended. The transformers 

used in this experiment are TTWB4-B from CoilCraft. The transformer has an 

impedance ratio o f 1:4 and 3 dB bandwidth between 0.1-1500 MHz. Capacitors are used 

for DC blocking. The value of the capacitor is not very important as long as they are 

sufficiently large. In this experiment 33nF is used. The resistors are used mainly for 

matching the input and output to 50 Q. They are also used to provide the DC biasing.

Fig. 66. Test setup for the filter characterization
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D. Experimental Results for the Filter

Fig. 67 shows the characteristics of the on-chip buffers (for lm V input). Since the output 

of the filter comes out of the IC only after passing through the buffer, the characteristics 

of the buffer should be subtracted from the other experimental characteristics to get the 

actual characteristics of the filter.

-120

RBU 100 kHz RF Att 10 dB
Lv 1 VBW 100 kHz
dBm SWT 38 ms Un i t dBm

1 CIO MHz

-----— -----_ _

2MAX
-

2MA

S ta r t  SO 11 Hz

Date :  2 9 .SEP.2001 18:49:05

Stop 200 MHz

Fig. 67. Experimental characteristics of the on-chip buffer
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Fig. 68 shows the characteristics of the filter obtained experimentally. This figure is 

analogous to Fig. 61. From the figure, it can be seen that the experimental results match 

quite well with simulated results.

Ref
RBU IDO kHz

-4-1<ELLCd ID dB
Lv 1 VBW 1 □ □ kHz

-2D dBm SWT 38 ms Un i t dBm

Fig. 68. Experimental characteristics of the filter for various frequencies and Qs



Fig.69 shows the experimental common mode and differential mode characteristics 

when the filter is tuned to center frequency of 100MHz and Quality factor of 20. From 

the figure, it can be observed that CMRR is around 40 dB in the band of interest.

□

iriA 
2M A

Fig. 69. Experimental common mode and differential mode characteristics of the filter
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Fig. 70 shows the gain of the signal from negative power supply to the output. It also 

shows the differential gain from input of the filter. This figure is analogous to Fig. 63. 

From the figure, it can be seen that the Power Supply Rejection Ratio is around 40 dB, 

which is almost the same as what is obtained through simulations.

Re f: Lvl  

-20 dBm

RBU
V0U
SUIT

10G kHz 

100 kHz 
38 ms

R F A t t

Unit

10 dB 

dBm

Fig. 70. Experimental power supply and differential gain of the filter



1 0 8

The output noise characteristics of the filter are shown in Fig. 71. It can be observed that, 

as expected, the output noise of the filter is shaped by the transfer function of the filter. 

The total integrated noise is &.7mV

-70 dBm

R8U i n o kHz RF Att 1 0  d B

V8U 10 kHz

SWT 380 ms Unit dBm

S ta r t  BG MHz Stop 2DD MHz

D

Date:  25.GCT.2Gai 5:18:20

Fig. 71. Experimental output noise characteristics of the filter
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Fig. 72 shows the results of the experimental two-tone test(with out adjusting for the 

buffer characteristics). From this figure and from Fig. 67 (buffer characteristics), it can 

be calculated that when the input is about 60mV, IM3 is 40 dB. Using this value and the 

noise calculated from Fig. 71, SNR is found to be 39 dB.

Ref Lvl 
D dBm

Marker 1 [ T 1]
-B7.9D dBm 

98,48697395 MHz

RBH 100 kHz RF Att ID dB 
VBU 1 Cl □ kHz

5WT 5 ms Uni t  dBm

ISA

Fig. 72. Results of the two tone inter-modulation test for the filter
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E. Simulation Results for the Tuning Scheme

The tuning scheme discussed in chapter III and IV is simulated with a clock frequency of 

100MHz (the center frequency of the filter should be tuned to 100MHz). Fig. 73 shows 

that the both the frequency and Q tuning voltages settle to a value. These values are used 

to find the AC response of the filter and the error is found to be less than 0.1% in both 

frequency and Q. But, this level of accuracy is not exactly practical, both due to 

measurement errors and also due to mismatch between master and slave (which cannot 

be taken into account by the simulator).

F req u en cy  tuning v o lta g e
-5 9 5 .0 m

-5 9 6 .0 m :

597,0m :
> ;
'—‘-5 9 8 .0mfl

—5 9 9 ,0 m :

— 6 0 0 , 0 m  i i i i ... . i , i i . ■ i ■ » i i . ... ! ■ ». ........................ i..»■■■

Fig. 73. Control voltages (Vq and Vf) to the filter on power-up (simulated)
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F. Experimental Setup to Test the Tuning Scheme

Fig. 74 shows the experimental test set up for testing the tuning scheme. It can be seen 

that it is much more involved that the test set up for the filter. Apart from transformers, 

resistors and capacitors, this set up also involves operational amplifiers. This additional 

circuitry, which is used as LPF and integrator in frequency tuning and Q tuning 

respectively, is described in chapter IV. These circuits could have been included in the 

Integrated Circuit itself, but this implementation gives more control over the whole 

tuning process. Fig. 75 shows the picture of the PCB with the experimental setup.

Fig. 74. Test setup for the tuning scheme characterization
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Fig. 75. Picture of the experimental setup

Q t - t  2 Q Q 1  2 2 : 2 5 : 4 - 2

Fig. 76. Zoomed in characteristics of the tuned filter (experimental)
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Fig. 76 shows the zoomed in characteristics of the filter obtained experimentally after 

the Q tuning loop is closed and the center frequency is tuned to 100 MHz. From Fig. 76, 

the measured Q tuning error is less than 1%. It can be seen from these figures that both 

the simulations and experimental results prove the theory to be correct and that the filter 

and the tuning scheme work as expected. The results are summarized in Table. I.

Table. I. Summary of results for the filter and the tuning scheme

G. Experimental Results for the Tuning Scheme

Parameter Value Unit

Power supply 3.3 V

Power consumption 92.4 MW

Chip area 0.81 Mm1

Frequency tuning range 85-110 MHz

Q tuning range 5 - 4 0 -

CMRR @ 100MHz 40 DB

PSRR @ 100MHz 40 DB

Signal @ IM3=40dB -11 DBm

Noise floor -50 DBm

SNR 39 DB

Tuning error <1 %
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From the table it can be seen that the experimental results corroborate the theory and the 

design discussed in previous chapters. The conclusions o f this research are discussed in 

the next chapter.
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CHAPTER VI 

CONCLUSIONS

A new method of designing the common mode control circuitry for differential circuits 

is proposed. A procedure to design different high frequency transconductors using the 

proposed method is discussed. A pseudo differential high frequency transconductor 

designed using the above procedure is used to build a bandpass filter with center 

frequency around 85 MHz -  100 MHz and Q around 5 -  40.

An improved implementation of modifed LMS Q tuning scheme is proposed. 

The proposed implementation is more robust to offsets in the building blocks and is 

better suited for high frequency applications than the previous implementation. A novel 

method of combining this Q tuning scheme with PLL-VCO frequency tuning is also 

proposed. This combination decreases the area overhead of the tuning scheme, consumes 

lesser power, has less substrate couple noise and has lesser probability of suffering from 

mismatch, when compared to the previous tuning scheme.

Both the high frequency filter, built using the proposed OTA, and the new tuning 

scheme are designed using AMI 0.5pm technology. The tuning scheme is used to tune 

the filter to a Q of 20 at 100 MHz. The circuit was sent for fabrication and the ICs were 

tested. The tuning error was around 1% for all the four ICs tested, thus proving the 

proposed theory to be correct.
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ABSTRACT

Design of a High Frequency Continuous-Time Filter 

and an Automatic Tuning Scheme. (December 2001) 

Praveen Kallam, B.Tech., Indian Institute of Technology 

Chair of Advisory Committee: Dr. Edgar Sanchez-Sinencio

On-chip continuous time filters are essential for many applications. The transconductor- 

C filters with their programmability have become almost indispensable in applications 

like Hard Disk Read Channel. Larger bandwidth and better performance are pushing 

these filters to have higher frequencies and higher quality factors. In this research, a new 

architecture for a pseudo-differential fully-symmetric high frequency transconductor is 

proposed. It combines CMFF and CMFB to achieve a faster common mode response. An 

improved tuning scheme for continuous-time high-Q biquad filters is also proposed. An 

improvement over the existing implementation of the modified-LMS Q-tuning scheme is 

combined with frequency tuning using PLL. The scheme has less area overhead, 

consumes lesser power and is more robust to offsets in the building blocks without 

compromising the accuracy achieved previously. A bandpass filter with center frequency 

100 MHz and Q of 20 is built using the proposed OTA. The proposed tuning scheme is 

used to tune the filter. The circuit is fabricated in standard CMOS 0.5u technology and 

the experimental results show that the Q tuning error is around 1%.
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CHAPTER I 

INTRODUCTION

On-chip continuous-time filters are becoming more popular in applications, where at 

least some processing is done in the analog domain. The main bottleneck of such filters 

is the accuracy, with which a filter, with some particular characteristics can be realized. 

Switched-capacitor filters realize the quality factor (Q) and the time constants in the 

filter as a ratio of capacitor values, and are proven to be quite accurate; but can only be 

used in low frequency and/or low quality factor filters. For higher frequency and/ or high 

Q filters, we can use the different techniques known in the literature [1-10]. While each 

of them has its own advantages and disadvantages, the common requirement for all the 

techniques is that, they need extra circuitry, to tune (or adjust) the filter characteristics to 

the required response. In [1], a novel method to tune a filter was proposed and an 

accuracy of 99% was achieved. In this research, we propose an improved tuning scheme, 

which occupies lesser area, consumes lesser power and eases the restrictions on 

technology (matching constraints) without sacrificing the accuracy previously achieved.

Continuous time filters can be realized using different techniques. The most straight 

forward method is called the RLC technique where resistors, capacitors and inductors 

are used to realize the required transfer function [11]. If the filter is intended to operate 

at low frequencies, the value of inductor becomes extremely large. This is not practical 

both on an integrated circuit and using discrete components. But, if the filter is intended 

to operate at very high frequencies (RF), the value of inductor becomes reasonable to be 

implemented. The biggest advantage of using this method is high linearity and low 

noise. Integrated circuit implementation of inductors is beset with many problems, 

especially the parasitic series resistor, thereby decreasing the Q of the filter that can be 

realized [12]. Another method of designing a filter is, to use an active circuit to emulate 

the inductor, by using a circuit called the ‘gyrator’ [13]. Another technique of designing
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filters is called Active-RC. It uses operational amplifiers, resistors and capacitors to 

realize the transfer function of the filter. This is the most used technique for designing 

low frequency filters. The linearity of the filter is dependent on the passive components 

and thus is extremely good. But the main disadvantage of this technique is that it cannot 

be used to design filters that operate at high frequencies [14]. Transconductance-C (or 

OTA-C) filters that use open loop transconductors can operate at high frequencies, till a 

few 100 MHz, but the linearity of the filter depends on the active components and hence 

is not very high [15],

Operational Transconductance Amplifier (OTA) is the basic building block used in 

building an OTA-C filter. A fully differential OTA processes the differential inputs 

while suppressing the common mode signals. This function is extremely useful for high 

frequency signal processing where the signal strength can be small and can be buried 

inside the noise. The important constraints of a fully differential amplifier are to ensure 

its stability and to make Common Mode Feed Back (CMFB), faster than the differential 

input signal. In this research, a novel architecture of a fully differential OTA, which is 

inherently stable and has good common mode rejection, is also proposed.

The new fully differential OTA is used to design a second order filter with center 

frequency of 100MHz and a bandwidth of 5 MHz. The improved tuning scheme that is 

proposed in this research is used to tune the filter. The complete circuit (filter + tuning 

scheme) is fabricated using the commercial CMOS 0.5u technology. The experimental 

results confirm the proposed theory.

A. Improved Filter Tuning Scheme

A filter can be realized using many different techniques like, cascade of biquad filters, 

Leapfrog, using Gyrators etc. For implementations other than the cascade, the tuning 

circuitry is very complex. If the filter is implemented as a cascade of biquad filters, we 

can use the same circuitry to tune all the biquads and hence the area overhead required to
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tune the filter is minimized. At higher frequencies it is more common to encounter 

bandpass filters than any other kind (Lowpass, Highpass, Bandstop). Hence, this study is 

restricted to biquad filters and, bandpass filters in particular. The two most important 

parameters in a second-order bandpass filter are the center frequency and the quality 

factor. The gain of the filter is usually taken care of at the system level by using an 

Automatic Gain Control (AGC). There are different schemes in the literature, to tune the 

center frequency. Some of them being, Phase Locked Loop using the Voltage Controlled 

Oscillator [16,17], Phase Locked Loop using Voltage Controlled Filter [18], Charge 

Detection [19], and Direct Sample Tuning [20]. Again, there exist different tuning 

schemes to tune the Quality factor of the filter. More popular of them are Magnitude 

Locked Loop [21,22], Modified- least Mean square [1], Impulse response [19], and 

Adaptive tuning [23]. To realize a complete tuned filter, we have to combine a circuit to 

tune the center frequency and a circuit to tune Q. In [1], Master Slave technique is 

combined with PLL for frequency-tuning and modified LMS for Q-tuning. The tuning 

error in both frequency and Q were below 1%, which is almost the best that can be 

achieved in an Integrated Circuit.

The theory of the Q-tuning scheme proposed in [1] is very similar to the 

Magnitude Locked Loop (MLL) scheme, but instead of trying to match the magnitudes 

of the desired and actual sinusoids using peak detectors, the amplitudes of the sinusoids 

themselves were matched using the LMS algorithm. The advantages of using modified- 

LMS technique for Q-tuning are many-fold. Firstly, peak detectors, which are bulky and 

are the main source of inaccuracies in the tuning scheme, were removed from the 

magnitude locked loop [1]. Secondly, the errors in frequency tuning do not give rise to 

any error in Q tuning, which is essential to tune high-Q filters. Thirdly, and most 

importantly, all the previous schemes needed a single tone as a reference signal, which is 

not very practical. But, in this scheme, any distorted signal, as long as its dominant 

harmonic is at the frequency of interest, is sufficient. This property of the modified-LMS 

Q-tuning scheme is exploited in the present research to reduce the area overhead of the 

complete tuning scheme. The previous implementation was reported to have an error of
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about 1% in both frequency and Q, thus proving the accuracy of modified-LMS Q tuning 

scheme. Though such accuracy was achieved previously with respect to frequency 

tuning, Q tuning schemes were not as accurate.

The two main drawbacks of the filter tuning scheme proposed in [ 1 ] were 1) It is 

very area and power intensive -  to tune one filter, we need two more copies of the filter. 

2) Strict matching constraints between these three filters can also lead to inaccuracies in 

tuning and 3) It is sensitive to the offsets in the basic building blocks, as detailed in the 

third chapter. In this research, we propose a novel way of combining the modified-LMS 

Q-tuning scheme and phase locked loop using voltage controlled oscillator scheme for 

frequency tuning. The scheme not only overcomes the disadvantages mentioned above at 

no extra cost to the user but also theoretically improves the accuracy.

B. Fully Differential OTA

At the circuit level, the filter itself could be realized using different techniques (e.g. 

Active R-C, OTA-C, MOSFET-C, etc.). For medium high frequencies in the range of 

couple of MFIz to a couple of 100 MHz, if the dynamic range of the filter is not very 

large, OTA-C realization seems to be the most popular. One powerful technique to 

improve the performance parameters like Common Mode Rejection Ratio (CMRR), 

Power Supply Rejection Ratio (PSRR), Dynamic range, Signal to Noise Ratio (SNR) 

and the immunity from substrate-injected noise is to use fully differential circuits [24]. 

Different architectures were proposed in the literature to realize fully differential OTAs 

[25-30], A recurring disadvantage of many of these architectures is the additional 

circuitry required for the purpose of Common Mode Feed Back (CMFB). The 

difficulties encountered in designing the CMFB circuit are accentuated in high frequency 

OTAs, where a lot of power and area need to be spent to make CMFB stable and as fast 

as the differential input signals [31]. The new fully-differential OTA proposed in this 

research does not require additional circuitry for the purpose of CMFB. If the output of
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0TA1 is given as input of OTA2 then OTA2 provides feedback to OTA1 and stabilizes 

the output of OTA1. Thus without any need for an extra circuit, CMFB is achieved. In 

the OTA-C structure, the OTAs are connected in a loop. I.e., if the output of OTA1 is 

input of OTA2, the output of OTA2 is the input of OTA1. Thus they both provide 

CMFB to each other and are inherently stable. The OTA architecture is discussed in 

detail in chapter II and is shown to have very fast common mode response. Thus the new 

high-frequency fully-differential OTA proposed in this thesis overcomes two of the most 

important constraints of a CMFB thereby not burdening the user by occupying large area 

or by consuming large power.

C. Organization of Thesis

In the second chapter, a novel high frequency fully differential OTA is derived from the 

basic network principles. The design methodology for the OTA is discussed. The OTA is 

characterized and a complete mathematical analysis of each of its characteristics is 

undertaken. In the third chapter, different architectures for tuning the filter with special 

emphasis on Q tuning are discussed. A detailed analysis of the modified-LMS Q-tuning 

algorithm, and how it is implemented in [1] is discussed. The improved implementation 

of the algorithm is presented and a novel way of combining this Q tuning scheme with 

frequency-tuning using Voltage Controlled Oscillator is discussed. In the fourth chapter, 

the circuits used as building blocks in implementing the tuning scheme are discussed. In 

the fifth chapter, the simulated results of both the filter and the new tuning scheme are 

discussed. The experimental test setup and the experimental results are also discussed. 

Finally, in the sixth chapter, the conclusions of this research are discussed.
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CHAPTER II

FULLY-DIFFERENTIAL OTA

One of the applications for Continuous-Time (CT) filters is direct signal processing, 

especially for medium dynamic range applications (i.e., 30dB < DR < 50dB), in cases 

where high speed and/or low power dissipation is needed. CT filters can sometimes be 

the only alternative since the clock feed through problem in switched capacitor filters 

escalates in high frequency applications, and digital filters will be power and area 

hungry [32], A good example of an appropriate application of continuous time filters in 

direct signal processing is the read channel of disc drivers [33-35]. In this application, 

despite the programmability needed, the requirements for speed and power are such that 

CT filters are opted for. Other applications for direct CT signal processing include high

speed data links, loop filters in Phase Locked Loops (PLL) [36], telephony [37] and 

wireless communication [38]. CT filters are also used for anti-aliasing before Analog to 

Digital Converters (ADC) and for smoothing after Digital to Analog Converters (DAC). 

Such applications include Digital Audio [39] and Digital TV [40].

There are three dominant approaches for topology synthesis in CT filters. In one 

approach, cascade of second order sections (Biquads) are used, each section 

implementing a pole pair (and a zero pair if needed) of the transfer function. The second 

and third approaches are more complicated but can result in lower sensitivities of the 

pass band frequency response to individual element values [32], They start by choosing 

appropriate passive LC ladder prototype and convert it into an active circuit that do not 

use inductors. The second approach is to replace each inductor by a gyrator -  a circuit 

that emulates an inductor at its output when a capacitor is connected at its input. The 

third approach, called ‘leapfrog’, is to write down the equations for the LC prototype and 

construct an active circuit that satisfies these equations.

All the integrated CT filters synthesized using the above approaches contain 

integrators as basic building blocks. Although integrators can be designed using several
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techniques, Gm-C (or OTA-C) is the most popular technique as exemplified by several 

commercial filters for disc drive channels [34-35]. In this thesis, the terms OTA, 

transconductance and Gm cell are used interchangeably. The basic building block of an 

OTA-C filter, the integrator, involves an OTA and a capacitor as shown in Fig. 1. 

Ideally, an OTA is a voltage controlled current source with constant transconductance 

(ratio of output current to input voltage), infinite output impedance and infinite input 

inapedance. The circuit shown in Fig. 1 is what is called the single-ended circuit of an 

integrator.

F ig .l. The basic integrator using Gm-C technique

A. Fully-Differential versus Single-Ended Circuits

All the electronic circuits suffer from noise, from the components themselves and from 

the environment. This problem is accentuated in Mixed-Signal Integrated Circuits where 

due to the presence of digital circuits, the power supply and the substrate (the material 

on which the circuit is made) carry large magnitudes of voltage and current spikes [41]. 

These in turn can get coupled on to the signals, like the output of the integrator discussed 

above, thus making the signal processing erroneous. This, and other problems as 

discussed next, can be solved by the technique called the fully differential circuit.

In fully differential circuits, all currents and voltage signals are available in 

complementary form. For each voltage node or branch current in the circuit, there is a



node and a branch that has the same signal but with opposite polarity. Only the 

difference of these signals is of interest for signal processing while the sum of these 

signals, called the Common Mode (CM) can be arbitrary, as long as it is with in certain 

limits. Fully differential circuits require duplication of circuit area and inclusion of a 

Common Mode Feed Back (CMFB) network to eliminate output common mode signals 

and to stabilize the DC operating points. In spite of this, fully differential circuits have 

become almost standard for mixed mode applications due to the many advantages 

offered by these structures:

• Signal swings are doubled with respect to single ended circuits, which increases the 

dynamic range by 6dB.

• Power supply and substrate noise rejections are greatly improved. This is because the 

noise induced by these appears as Common Mode signal and hence does not effect 

signal processing.

• Operation with lower supply voltages is possible.

• Higher output impedance can be achieved using conductance cancellation schemes. 

The circuit to implement conductance cancellation, called the negative conductance 

is simpler to be implemented in a fully differential circuit than in a single ended 

circuit.

• Cancellation of even order harmonics and distortion terms that are generated because 

of the non-linearity of the different components used in the circuit.

• Partial cancellation of systematic errors using layout techniques. This is again 

because the systematic errors appear as common mode.

• Inverting elements are not required in fully differential circuits. The delay associated 

with inverting elements in a single ended circuit is an important limitation for high 

frequency operation. Inverted elements are not required in fully differential systems 

since signal inversion is simply achieved by injecting signals from the positive path 

into the negative path (cross wires).
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As can be seen from the above discussion, fully differential circuits have many 

advantages. But they have some disadvantages as well, which have been summarized 

next.

• The duplication of circuit, there by increasing the area and power consumed by it 

and,

• Common Mode control circuit is required to stabilize the common mode of all the 

signals in the circuit. As will be seen in the later sections, the design of a good 

common-mode control circuit is non-trivial. First, it usually must have a speed 

performance comparable to the unity gain frequency of the differential path. This 

speed requirement is necessary, otherwise noise on the power supplies may be 

significantly amplified such that the output signal becomes clipped (or distorted). 

Second, straightforward continuous time designs often do not work when large 

differential signals are present, which may result in large common mode signals to 

be injected. Typically these Common Mode Feed Back (CMFB) circuits are the 

major limitation on maximum allowable signals [24],

The advantages of a fully differential circuit far outweigh its disadvantages and 

hence they are becoming more popular both commercially and in the literature [42],

B. Issues in a Fully Differential OTA

The basic fully differential integrator is shown in Fig. 2(a) and 2(b). In integrated circuit 

realization of capacitors, parasitics are a very important concern. Usually, these 

capacitors are realized as a parallel plate capacitor between polyl and poly2. The 

parasitics between the bottom plate of the capacitor (polyl) and the rest of the Integrated 

Circuit are usually much larger than that from the top plate. This parasitic capacitor is 

called the ‘back plate capacitor’. In Fig. 2(a), the integrating capacitor is split into two 

and is connected in anti-parallel so that the effect on both positive and negative output
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voltages is identical. The circuit shown in Fig.2(b) avoids the back plate parasitics, 

which is very important for improving the linearity of the filter. Another major 

advantage of circuit 2(b) is that it can be used to compensate the common mode loop

[32]. However, for same Gm values and noise, the total capacitance is four times as large 

as that needed in circuit 2(a). The most basic single-ended Gm cell or a Voltage 

Controlled Current Source (VCCS) is shown in Fig. 3(a) and 3(b).

Fig. 2. Circuit of the integrator using (a) floating capacitors and (b) grounded capacitors

Fig. 3. Basic Gm cell (a) using a NMOS and (b) using a PMOS
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1. NMOS versus PMOS

The choice as to using NMOS and PMOS to design an OTA depends on a number of 

factors. Note that the main concern here is regarding the transistor that does the voltage 

to current conversion and not the transistors that act as current sources or loads etc.

• Speech For the same power consumption and same dimensions, the transconductance 

of NMOS transistor is higher than that of PMOS. The frequency of operation of the 

filter is directly proportional to the transconductance of the OTA. Hence for high 

frequency applications NMOS would be a better choice and for low frequency 

applications, PMOS would be better.

• Device Noise: PMOS has lower 1/f noise than NMOS and hence PMOS will perform 

better at low frequencies. NMOS has lower thermal noise than PMOS and hence it 

would perform better at high frequencies.

• Linearity. A standard CMOS technology has an n-well process. I.e. the PMOS 

transistors can be made different wells and hence their ‘Bulk’ connection can have 

different voltages. The ‘Bulk’ connection of all the NMOS transistors should be tied 

together. Hence the NMOS transistors suffer from ‘body effect’ (threshold voltage 

dependence on input voltage). So, all things being equal, NMOS OTAs are prone to 

more distortion than their PMOS counterparts. If the technology available were a p- 

well process, for the same reasons discussed above, NMOS would have better 

linearity than PMOS.

• Substrate Noise: Since all the bulks of NMOS transistors are connected together, 

noise from the digital circuits couple into the analog processing nodes, thus 

degrading the performance. PMOS transistors have a separate well of their own and 

are thus shielded from their analog counterparts. Again, if the process being used is 

p-well, NMOS will have better substrate noise shielding.

Based on the above criteria, and the application we are targeting, a proper choice 

between NMOS and PMOS could be made. In the following text, NMOS
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transconductances are used for illustration and identical circuits could be designed with 

PMOS transistors as well.

2. Fully differential and pseudo differential OTA

The fully differential extension of the circuit shown in Fig. 3 is shown in Fig. 4(a) and 

4(b). Fig. 4(a) is a slight modification of the popular the differential amplifier and Fig. 

4(b) is the modification of a pseudo differential amplifier. The main difference between 

a pseudo differential OTA and a normal differential OTA is that in a pseudo differential 

OTA, there is no binding connection between the two limbs of the amplifier. It is just 

two single ended amplifiers placed together [43], As would be seen in a later section, the 

common binding is responsible for rejection of common mode signals and hence, the

(b)

Fig. 4. (a) Differential amplifier (b) Pseudo-differential amplifier
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CMRR for fully differential OTAs is better that that of their pseudo differential 

counterparts. Device dimensions and the current consumption being equal, the normal 

differential OTA has also a better Power Supply Rejection Ratio (PSRR) than the 

pseudo-differential OTA. A pseudo-differential OTA can operate at lower power supply 

and hence consumes lesser power or in other words, for the same power supply voltages, 

the pseudo differential OTA can have larger (Vgs-Vt) and hence operate at higher 

frequencies, th e  full circuit of the structure shown in Fig. 4(a) is illustrated in Fig. 5. A 

similar circuit could be designed for pseudo differential version as well.

. . • . ^
A fully differential transconductor has three important issues to tackle: linearity,

output impedance and common mode control. This research mainly focuses on common

mode control and hence in the following sections, a brief mention of different techniques

for improving the linearity and output impedance of an OTA are discussed, followed by

an in depth analysis of common mode control.

Fig. 5. Circuit of the basic fully differential amplifier



14

3. Linearity in OTA

The major source of non-linearity in the OTA is the non-linear characteristics of the 

MOS transistors that convert voltage to current. Using the simple square law MOSFET 

model

I d =

the drain currents of the differential pair can be derived as

(2.1)

(2.2)

(2.3)

where g m

Using equation 2.1, the drain currents of a pseudo differential pair can be derived as

Ku,=KV;n2 + J 4 H V +  (2.5)

r0Ul=Kvr2+44nvr (2.6)

I+ - / ”  = £  (v+ -V~)out out <5 m \  in ’ in )

where gm = \k ^V* + Vt~)+ V4AJ (2.7)

It can be seen from equation 2.4 and 2.7 that the transconductance of a simple 

differential pair and pseudo differential pair are non-linear. From equation 2.4 and 2.7, it 

can seen that the transconductance of a fully differential OTA depends on differential 

input whereas that of a pseudo differential OTA depends on common mode input. Since 

the common mode of the input is fixed, the pseudo differential OTA is more linear than 

the fully differential OTA. There are different techniques in the literature to improve the 

linearity of an OTA. Some of the important techniques being source degeneration
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[15,44], Cross Coupling [45], Nedungadi Transconductor [46] and Square law circuits 

[47]. A combination of these and other techniques can also be used to further improve 

the linearity of the OTA [15]. But the price to be paid for this complexity in the circuit is 

the speed of the circuit. Hence, for high frequency circuits, the OTA should be linearized 

only if necessary and the most general technique used in such cases is the source

degeneration.)

4. Output impedance of an OTA

Ideally the output impedance of an OTA should be infinite. But, for the simple 

differential OTA shown in Fig. 4, the output impedance is the parallel combination of 

two MOSFETs in parallel, which is far from the ideal. Different techniques to improve 

the output impedance are well documented in the literature. Some of the common 

techniques include cascode, folded cascode and negative resistance [48]. An often-used 

technique to improve output impedance is to increase the length of the transistors used in 

the circuit. For applications which do not require very high output impedances like in the 

filters, a combination of transistors with large gate lengths and the source degeneration 

circuit is sufficient.

5. Common mode control

Typically, when using fully differential circuits, the applied feedback and the other 

circuitry determines the differential signal voltages, but does not effect the common 

mode voltages. It is therefore necessary to add additional circuitry to determine the 

output common mode voltage and to control it to be equal to some specified voltage, 

usually about half way between the power supply voltages. There are two main issues 

regarding the output common mode of the OTA.
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• Output DC common mode voltage should be stabilized: The output of the OTA has 

very high output impedance. This is achieved by having two current sources 

connected in series. The conceptual diagram representing this is shown in Fig. 6. If 

the current source on the top is not exactly equal to the current source at the bottom, 

the output voltage can be very close to the power supply, making the OTA 

ineffective. Any feedback that may be provided during the designing of the filter is a 

purely differential filter in that it makes sure (Vout+ - Vout-) is small, and does not care 

what the voltages independently are. Hence, a circuit that makes sure that the 

individual voltages are in the correct range is needed.

Fig. 6. Conceptual representation of output stage of an OTA

Fig. 7. Two integrator loop to design a filter
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• Common mode gain from input to output should be small: If the common mode gain 

were not small, not only does a fully differential circuit loose all its advantage over 

the single ended circuit, but also runs into severe problems that might lead to the 

circuit being non functional. One of the typical methods of obtaining a filter using 

OTAs is the “two integrator loop” [68], which is shown in Fig. 7. From the figure, it 

can be seen that the circuit has negative feedback for differential signals but has 

positive feedback for common mode signals. Thus, the positive loop gain of the 

structure is directly proportional to common mode gain of each OTA and hence if 

the common mode gain is large, the circuit will be non-functional.

We can use two techniques to address the issues discussed above: Common 

Mode Feed Forward (CMFF) and Common Mode Feed Back (CMFB). These techniques 

are discussed in the following sections.

Fig. 8. Conceptual representation of CMFF circuit
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a. Common Mode Feed Forward (CMFF)

The conceptual representation of CMFF is shown in Fig. 8. Its characteristics are:

• It does not have any stability problems and hence it does not need a low frequency 

pole in the signal path (unlike a common mode feedback circuit).

• Since it does not need a low frequency pole, all the poles in the signal path can be at 

very high frequencies thus making the CMFF path react very fast to any common 

mode signals.

• The Feed Forward path does not know what is happening at the output and hence it 

cannot stabilize the output DC common mode voltage.

It can be seen from the above characteristics that CMFF cannot be used 

independently in a fully differential OTA. I.e., it should always be accompanied with 

some other solution (usually the CMFB). But, since the circuit is very fast, it can used to 

suppress the high frequency common mode and power supply signals, there by 

improving the performance of the OTA at higher frequencies [48].

b. Common Mode Feed Back (CMFB)

The conceptual representation of CMFB is shown in Fig. 9. There are two typical 

approaches to designing CMFB circuits -  a continuous time approach and a switched- 

capacitor approach. The former approach is often the limiting factor on maximizing the 

signal swings, and, if non-linear, may actually introduce common-mode signals. The 

later approach is primarily used only in switched-capacitor circuits, since in continuous

time applications, it introduces clock-feed through glitches. Since this research is 

concerned about continuous-time fdters, switched capacitor circuits will not be discussed 

in detail.
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Fig. 9. Conceptual representation of CMFB circuit

Fig. 10. An example of a continuous-time CMFB circuit
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An example of continuous-time CMFB circuit is shown in Fig. 10. The main 

disadvantage of this circuit is that it sacrifices loop-gain for the stability of the circuit. 

Also, the circuit cannot handle large output signals without introducing distortion and 

further degrading the loop-gain. The size of differential signals that can be processed 

without one of the differential pair signals turning off is maximized if the differential 

transistors are designed to have large effective gate-source voltages. Alternatively source 

degeneration can be used to allow them to have large input signals without all of the 

current being directed to one side of the differential pair. However, even when this 

maximization is perfonned, the CMFB circuit still limits the differential signals to be 

less than what can be processed by the rest of the OTA [24]. A CMFB circuit with 

improved signal handling capability is shown in Fig. 11. Since the circuit uses source- 

follower, it can handle larger signals but it is handicapped by the use of resistors and 

capacitors that occupy an extremely large area. Also, due to the use of source followers, 

the circuit cannot be used in low voltage applications.

Fig. 11. CMFB circuit with improved signal handling capability
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An important consideration when designing CMFB circuits is that they be well 

compensated. Otherwise, the injection of common mode signals can cause them to ring 

or even possibly become unstable. Thus, when the circuit is being designed, the phase 

margin and the step response of the common mode loop should be found and verified 

through simulation. Often, the compensation of common mode loop can be realized 

using the same compensation capacitors used to stabilize the differential loop [24,32]. 

This multi- purpose compensation is achieved by connecting two compensation 

capacitors between outputs and ground. The other approach would be to use a single 

compensation capacitor connecting directly between the two outputs, but this method 

only compensates the differential loop. Also, having as few nodes as possible in the 

CMFB loop makes the circuit faster and hence the controlling input should be fed to the 

output stage whenever possible. From the above discussion, the characteristics of CMFB 

circuit can be summarized as following:

• It stabilizes the output DC common mode voltage.

• It decreases the common mode gain.

• Feedback stability issues make the circuit slow and bulky.

Due to the first two properties, CMFB is used exclusively in most fully 

differential circuits. The main bottleneck of using only CMFB is when the OTA is 

required to process high frequency signals. Also, it should be noted that the common 

mode feedback circuit could introduce noise into the circuit. But, most of the noise in the 

circuit comes as common mode signal, which is not of any importance as we are 

concerned only about differential signals. In figures 10 and 11, all the noise that exists 

till the ‘common mode control’ appears as common mode noise in the circuit. But, the 

noise that is injected by the transistors that take this common mode control voltage and 

cancel the output common mode voltage can inject differential noise. If CMFB loop is 

not designed properly, this noise could play important role in the total noise of the circuit 

[31]. An ideal solution can be a combination of both CMFF and CMFB. The former to 

reduce the common mode gain and the latter to stabilize the output common mode DC
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voltage. The combined circuit is shown in Fig. 12. Even though the circuit looks much 

more complex and seems to occupy a lot of area, the overhead can be decreased by 

sharing CMFF and CMFB circuit between two or more OTAs. For example, for the two- 

integrator loop shown in Fig. 7, the CMFF used for OTA2 can also be used to provide 

CMFB for OTA1 and vice versa, as shown in Fig. 13. The resistor shown in Fig. 13 is 

realized using a diode connected OTA.

C. Derivation of a New Fully Differential OTA

The two most basic rules that govern the behavior of symmetric circuits are enumerated 

below [49].

• For differential mode input, the line of symmetry short-circuits all the intersecting 

nodes.

• For common mode input, the line of symmetry open-circuits all the intersecting 

nodes.

These properties are illustrated in Fig. 14, 15 and 16. In Fig. 14, a fully 

symmetric circuit is shown. This circuit reduces to Fig. 15 when we are concerned about 

the differential signal behavior and it reduces to Fig. 16 when we are concerned about 

the common mode signal behavior. The basic feedforward OpAmp structure derived 

using the above principles is shown in Fig. 17, 18 and 19. The gain of the circuit in Fig. 

19 is given by equation 2.8.
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Fig. 12. Circuit with both CMFF and CMFB

Fig. 13. Fully differential two integrator loop with both CMFF and CMFB



Fig. 14. An example of a fully symmetric circuit

Exact
replica

of
C ircu it 1

1* C ircuit 1 — ' 
— -

»
►

►—
t—- V,

Fig. 15. Equivalent circuit for fully differential input, Vj = -V2

Fig. 16. Equivalent circuit for common mode input, Vi = V2

Fig. 17. Single ended amplifier
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Fig. 18. Equivalent circuit for (a)Differential mode and (b)Common mode

Fig. 19. Fully symmetric, fully balanced amplifier with CMFF
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Using the derivation discussed in Fig. 17, 18 and 19, a similar architecture for fully 

symmetric, fully differential OTA can be derived.

A simple single ended OTA is shown in Fig. 20. It should be noted that the 

grounds shown in the figure are signal grounds, but not real grounds (or DC grounds). 

For a fully differential signal, the circuit should look as shown in Fig. 21. The 

characteristics of this circuit are given by equation 2.9.

^ dm
£  ml A =i ■rLcm £  ml (2.9)

rfsl £ ds2 r  cm ( * « + * « )

For common mode input signal, ideally, the output of the required circuit should be zero. 

That would be the case if the circuit were a fully balanced circuit. For common mode 

signals, the fully balanced version of the above circuit is shown in Fig. 22. The

characteristics of the circuit, assuming
M x M :
M , M,

, are given in equation 2.10.

, 1 , ^ 0 .  4 ^ : 0  (2.10) 

For equation 2.10 to be valid even at high frequencies, the current mirror M4 -  M2 
should be faster than the frequencies of interest. The current mirror in this circuit being a 

simple one with only one node, and that node also being a low impedance node, is an 

extremely fast circuit, limited only by the inherent device physics.

out

M,

Fig. 20. A single ended OTA
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Fig. 21. Circuit of the OTA for differential input

out-

Fig. 22. Circuit of the OTA for common mode signal
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Line of symmetry

out+out-

Fig. 23. Fully balanced, fully symmetric OTA with CMFF

The dominant pole arising because of this is discussed in the next section. Now, using 

the method shown in Fig. 19, the fully symmetric, fully balanced OTA is derived as 

shown in Fig. 23. The characteristics of the circuit are given by equation 2.11.

^dm
Sm\

& dsl §ds2

A = -cm
§  ml 

& m2
(2 .11)

The above characteristics are derived assuming
Mi M 9 _ . „ .
---- = —- .  But practically due to
M 3 m 4

mismatches, the two ratios will never be exactly equal. This asymmetry would lead to 

the DC output of the OTA to swing towards VDd or Vss, Joshing either M2 or Mi out of 

saturation decreasing both common mode and differential mode gains. This is the reason 

why a CMFB circuit is also needed for DC output stability of the OTA.

As discussed in the previous section, one of the ways to improve the linearity 

without degrading the speed of the circuit is to use source degenerated transistors to 

convert voltage to current. The circuit of the simple OTA using this technique is shown 

in Fig. 24. By following the procedure detailed previously and shown in Fig. 23, a new



Fig. 24. Single ended OTA with source degeneration

Node A

Fig. 25. Fully differential CMFF OTA with improved linearity and tuning range



Fig. 26. Two-integrator loop using the OTA shown in Fig. 19

Fig. 27. Two-integrator loop using the novel OTA
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fully symmetric fully differential OTA can be designed using the source degenerated 

OTA as the starting circuit. A transistor operating in the linear region can be used to 

implement the resistor. The resulting schematic is shown in Fig. 25. This circuit has

better linearity and wider tuning range than the circuit shown in Fig. 23, but has a poorer 

Power Supply Rejection Ratio (PSRR) and smaller transconductance (Gm). For the fdter 

and for the tuning scheme discussed in later chapters, linearity and wide tuning range are 

more important parameters than PSRR and Gm. Hence the circuit in Fig. 25 is taken for 

further consideration. In this circuit, the input differential voltages are converted into 

currents using corresponding transistors (M3). These currents are added at ‘Node A’ and 

then converted into voltage by pumping it into diode connected transistors M4. Thus 

transistors M3, M4 and ‘Node A’ represent the CMFF in the circuit. I.e., the OTA 

designed has inherent CMFF. Redrawing the two-integrator loop shown in Fig. 13 

usingthis OTA, the circuit reduces to the one shown in Fig. 26. The differential OTA 

proposed in [43] also uses a similar structure, but the input to the OTA is given to the

transistors in linear region. This has the advantage of making the OTA very linear but 

the transconductance is very small. The OTA proposed in this thesis can operate at much 

higher frequencies than the OTA in [43].

The integrating capacitors used in the two-integrator loop themselves can be used 

to stabilize the CMFB. This is one of the main reasons for using grounded capacitors in 

the two-integrator loop instead of floating capacitor. With this technique, the two- 

integrator loop takes on much simpler form shown in Fig. 27. As discussed before, the 

CMFB circuit should just take the output voltage generated by the CMFF circuit and 

should change the output voltage. The additional transistors M6 placed in the circuit
,,|WW" I’vngnrtoMH jilil

shown in Fig. 28 can achieve this.

D. Block Diagram Representation of the New Combination of CMFF & CMFB

The complete schematic of the OTA described previously can be represented by the 

block diagram shown in Fig. 29. ‘Pi’ is the path taken by the differential signal. ‘P25 is
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J  L

out- out+

in+

Fig. 28. Complete schematic of the novel OTA with CMFF and CMFB

Fig. 29. Block diagram for the new combination of CMFF and CMFB
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the path taken by the Common Mode Feed Forward signal and ‘P3’ is the path taken by 

the Common mode Feed Back signal. The signal CMjn is comiected to the CMout of the 

next block to complete the feedback loop. For an Op-Amp circuit, the paths Pi, P2, P3 
represent voltage gains where as for an OTA, they represent a transconductances. The 

generic block diagram of Fig. 29 can be used to develop the block diagram for the 

specific case of fully differential transconductance as shown in Fig. 30. Any single 

ended transconductor can be used to in the above block diagram to realize the fully 

differential OTA at the transistor level. Even though the block diagram looks complex, 

the final circuit is quite simple as can be seen from Fig. 28.

E. Characteristics of the New Differential OTA

The characteristics of the differential OTA designed in Fig. 28 are discussed in this 

section. First, the CMFB and GBW of the OTA are discussed followed by Linearity, 

Noise, CMRR, PSRR, effect of parasitics (excess phase and bandwidth), .tradeoffs 

between tuning range and linearity) tuning range and the effect of tuning on common 

mode control.

1. CMFB

To understand how CMFB works in the new OTA, the common mode loop of the circuit 

is illustrated in Fig.31. Cp is the parasitic pole attached to the internal nodes of the OTA 

where as Ci is the external poly-poly integrating capacitor used in the two-integrator 

loop. Note that due to the symmetry of the circuit, both the parasitic capacitors will be 

same. ;
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Fig. 30. Block diagram representation of the new OTA with CMFF & CMFB
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D-"

L C

0.TA1____________ L 0TA2

Fig. 31. Illustrating CMFB in the proposed OTA

Since CMFB for an OTA comes from the OTA succeeding it, both the OTAs are shown 

in the figure. Equation 2.12 gives the common mode loop gain as calculated from Fig. 

31.

loop gain = g mX eff x
1

S m A + s C p 

§m\,eff X Sm6 X §m2 

& m4 X §m4 X §ds2

X^ 6X

1

1
§m4 ,

Sm2
1

Sds2  +  s C l

1
X

i +
V Sm4 J

&ds2

(2.12)

g  , ~
From the equation it can be seen that the dominant pole given by —!—  is at the output of

Q

g ,
the OTA and that there are two parasitic poles at . For the stability of the loop, the

C p

parasitic poles should be at much higher frequencies than the Gain-Band Width (GBW) 

of The OTA. The GBW of the OTA with only the dominant pole is given by equation 

2.13.



(2.13)GBW ~ X Sm6 X Sm2
SmA X Sm4 X Q

For the CMFB loop to be stable either GBW should be decreased or the parasitic pole 

should be pushed to higher frequencies. This can be done either by increasing gm4 or by 

(decreasing gm6; Also, as will be discussed later, increasing gm4 will improve both CMRR 

and PSRR. But, increasing gm4 also increases the parasitics and increases the power 

consumption. Hence the effective way to make the common mode loop stable is to 

decrease gm6- This makes the DC loop gain of CMFB lesser, but if the transistor pairs 

M i-M3 and M2-M4 are well matched, it does not effect the circuit to any significant 

degree.

2. Linearity

The linearity of the OTA is same as that of a simple source-degenerated transistor. The
~~»i ni>iin<--iT-^i,l, l |MnTr"M11**^trrwnwnr«^m?lr ,'iili'<r "* i t irrmwn w»ii*—imrm m um

governing equation for the circuit is given by equation 2.14.

f  r  v1 ( w ^
i  = - K «
0 2 p

V; -

(
= A V: ~ ~VT

S ds5

I f
y

)

v.T

(2.14)

Solving this equation gives

io
& ds 5
2A

---
---

1
+

4̂ > +r11 \~ V t )
S ds5 \| & ds5 _

(2.15)

The input signal is a combination of a DC and AC voltage. Hence substituting

V^V^c+ V^(2.16)

and using Taylor series expansion, the first harmonic current and the third harmonic 

current are given by equation 2.17 and 2.18 respectively.
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Sds5' 2 - i+  p '{y,,oc )

1 ' 
2

..
_ & ds 5 _

(2.17)

12A

& ds5
M .
S ds5

(2.18)

Since the system is fully symmetric, the second harmonic should not appear at the 

output. But in practice, due to finite mismatch between the two sections of the 

differential circuit, a small second harmonic also appears at the output. Using good 

layout techniques, this second harmonic could be made negligible when compared to 

other harmonics. To improve the linearity of the OTA, either (ViDC - V T) could be

increased or g ds5 could be decreased.

3. Noise

At higher frequencies, thermal noise dominates over the flicker noise. Hence, in the 

following analysis, only thermal noise is considered. The thermal noise due to NMOS 

transistors is more than that from PMOS transistors. This is one of the main reasons for 

NMOS to be preferred for high frequency applications. First, the output noise due to all 

the individual transistors is considered and added to give the total output noise. Later, 

this noise is referred to the input of the OTA. Since the circuit is fully differential, the 

noise contribution from only one half of the circuit needs to be calculated and the total 

output noise is just double the calculated value. The total output current noise is given by 

the equation 2.19. Simplifying equation 2.19 and referring it to input, the single ended 

noise can be derived to be as shown in equation 2.20.
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g  mAg m\
( sC ^

\ gmA j

To improve the noise performance of the circuit, gm] should be increased. This would 

also improve the frequency response of the circuit. But these advantages occur at the 

expense of more power consumption and poor linearity.

4. CMRR

As discussed in the derivation of the new OTA, CMFF rather than CMFB would 

dominate the common mode rejection at high frequencies. So, neglecting the 

contribution of CMFB, an approximate equation for Common mode Rejection Ratio can 

be derived. The actual CMRR would be better than what the equation would estimate. 

The Differential mode gain is given by equation 2.21.
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G a i n DM = 7 \
1 + S d:'s2

\  g d s 5  J

The common mode gain is given by equation 2.22.

7  \

GainCM = 1- 1
i + £ ^

<? ;«4 /

1 1
----+ ----

§  ds2 S m4

g ml

1 +
§  ds5

At low frequencies

Gain g ml
CM

V g ds 5 J
g m 4

and for frequencies around and higher than g m 4

c .

GainCM = 1-
i + ^

g  m 4 J

1 g ml

g d s 2   ̂ | &' ml

g  ds5

From eqn.s 2.23 and 2.24, it can be derived that CMRR for low frequencies is

CMRR at high frequencies =
1-

1 + ^ L
g m 4

To improve both the low-frequency and the high-frequency CMRR, gm4 
increased, but this increases the power consumption also.

1

(2.21)

(2.22)

(2.23)

(2.24) 

and
g  ds 2

(2.25)

should be
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5. PSRR

One of the important disadvantages of pseudo differential amplifiers when compared to 

differential amplifiers is poor PSRR. The gain from positive power supply to output is 

unity, where as the gain from negative power supply to output is given by equation 2.26.

7  A

1 1

Sm4 J

1 1
--- + ----

S ds 2 §  m4
Sr

1 + 8*
S d!'s 5

(2.26)

Most of the circuits have dual power supplies (positive and negative) along with a 

ground supply (or the common mode voltage of the input). In such cases, supply 

rejection from both power supplies (PSRR+, PSRR") is important. But, in some cases, the 

positive and negative power supplies themselves generate the common mode input 

voltage. In such cases, the output could be referred to either positive supply voltage or 

the negative supply voltage. This choice can be utilized to improve the power supply 

rejection o f the circuit. In the OTA being studied here, the gain from negative power 

supply is less than that from the positive power supply. Hence the PSRR of the circuit 

would be better if the output is referred to positive power supply rather than the negative 

power supply. And in that case, PSRR of the circuit is given by equation 2.27.

1
PSRR = (2.27)

1-
1

l + ^ s -
Sm4 J

+ Sds 2
S m4

“  * *  '° w t ' , “ y bigh PSRK “ b t imp”ve<1bv '“ g ^ A 
source degenerated transistor works as an individual transistor with lesser

transconductance and improved linearity. Hence for the same effective

transconductance, the CMRR and the PSRR of both simple pseudo differential OTA and

the source degenerated pseudo differential OTA are same. But, it should be remembered,
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that the power dissipation in the source degenerated OTA would be more than that of the 

simple OTA.

6. Effect of parasitics in the OTA

The signal path from one input to the corresponding output is shown in Fig. 32. The 

behavior of the circuit is governed by equation 2.28.

to  -  f'i + sCgs])+ t o  -  Vt )gM = Vj (gds5 + sCgd5) (2.28)

solving the above equation, and assuming that ^ my  » 1  which is generally true so
/  Sds5

that the transconductance of the OTA is dominated by the source degenerated resistor, 

and simplifying the result, we get

vi(gm i +sCgsl)+V„(gds\)

g  ml + s C
(2.29)

'g d  5

bias
r

'gd̂ T

-c M,

V ;
'gdl_

/gsi

Vout

int

Cnt

A

'gd5

Fig. 32. Circuit of one-half of the OTA with parasitic and actual capacitors
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Substituting the above equation into

^out {S ^out + &ds2 + S^gd\ )+ K’ (~ ) = 1̂ (&A5 + S ^g d 5  ) (2.30)

the result is

£ m \£ d s5 ~ ^ ^  ^ 'g d \ (̂^gsl Cgd 5 )1+  ̂ CgsXCgd5 + g mls{cgd5 + Cgdl (^g5l ^ gd\ )

£ m\£ds2 ^  £ out ^ ^ out (̂^gsl + Cgd5 )

From the above equation, the following deductions can be drawn.

(2.31)

g ,  r , .
Low frequency gain = —— . Transistor M5 being in linear region, gds5 would be

£  ds2

much larger than the gds2. This gain has to be chosen so that it can give the required 

Q for the filter. Also it should be noted that as the OTA is tuned, gdS5 changes. But 

this does not effect the gain of the OTA because gds2 also changes. Both gds2 and gds5 
vary linearly with the current flowing in the OTA and thus to a first order 

approximation, the changes in both cancel each other to give a constant gain 

independent of the tuning of the transconductor.

1st pole of the integrator = . Ideally the pole should be at the origin but it is not

practical in any circuit. To get as close to the ideal, gds2 should be decreased. The 

value of Cout is determined by the center frequency of the filter desired (and based on 

the transconductance of the OTA). For decreasing gds2 without changing the current 

in the OTA, the length of transistor M2 could be increased. But, this makes the 

common mode (both feedback and feedforward) slower because the parasitic 

capacitor Cgs2; which appears in both equations, increases. Again, a proper trade off 

between the speed of common mode loop gain and the output impedance depends on 

the application of the circuit.
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Parasitic zero occurs at and Parasitic pole occurs at -----— ----- .Since gdS5 is
C ^  gs\ ^  gd 5

smaller than gmi, the zero occurs first, followed closely by the parasitic pole.

The GBW of the OTA is Since Cout, which is the integrating capacitor, is
Cout

much larger than the parasitic Cgsi or Cgd5, the parasitic poles occur at much higher 

frequency than the GBW of the OTA. Thus the OTA has very large phase margin,
^   II |-T- II ) |-T~-WW«Tr̂rcrffi»‘H||l»l 1 " '""r .. ...V..., .. . ..... . , ..... • Y.V*

very^close to 90° and hence can be used in closed loop (for example switched 

capacitor applications) without any trouble. For open loop applications (for example 

Gm-C filters) excess phase is a more appropriate parameter. Excess phase for the 

integrator at unity gain frequency is given by equation 2.32. The parasitic capacitors 

vary when the OTA is tuned, but since the integrating capacitor Cout is much larger 

than the parasitic capacitors, the excess phase is much smaller in all cases. For the 

OTA designed, it is less than 0.8° at 100 MHz even when the OTA is tuned over its 

entire range. It is very important to make sure that the excess phase is very small, 

otherwise it might lead to Q enhancement or depletion (depending on whether the 

excess phase is positive or negative) thus making the filter have entirely different Q 

than it has been designed for.

Excess phase - ta n  1 —— + tan"
CL,

f c g s l + c gJ5 ^

c Sm\ J
(2.32)

7. Tuning range versus linearity

The third harmonic at the output of the OTA was earlier derived in equation 2.18. This 

equation can be further simplified to observe how the tuning of the OTA effects the 

linearity and thereby calculate what the tuning range is, for a particular linearity.

3/

The value of the third harmonic n P \S&

[gdss+ w M ,D C- v TY i
(2.33)
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From the above equation, it can be seen that for g ds5 < 4/?j {vi>DC ~VT), as gdS5
decreases, the linearity of the OTA increases. But, as the value of gdS5 decreases, the 

operating frequency of the OTA (or the center frequency of the filter) decreases. Thus, 

for low frequency filters, the linearity is better. More over, as gdS5 decreases, the center 

frequency of the filter decreases linearly while the linearity of the filter increases with 

the power of 3/2. Another strategy to improve linearity of the filter is to have (V^dc-Vt) 

as large as possible. Hence a better linearity can be achieved by increasing the power 

supply. For a fixed power supply to achieve a particular linearity, the value of gdS5 can be 

calculated, and as long as the OTA is tuned to have a transconductance less than that, the 

linearity of the filter is guaranteed.

8. Tuning range

The transconductance of the OTA can be changed by changing the control voltage ‘Vcnt\  

This effects the OTA in two ways: 1) It changes the value of the source degenerated 

resistor ‘gdss’ and 2) It changes the transconductance of the input transistor ‘gmi’ . The 

effective transconductance of the OTA is given by equation 2.34.

Effective transconductance = & wi

I _i_ ^  m i 
& ds5

(2.34)

Since both gmi and gdS5 are changed with the control voltage, the OTA has a larger 

tuning range than the simple differential pair. By increasing Vcnt, gds5 increases linearly 

while gmi increases in a square root method. It should be remembered that for good

linearity, ——  should be large. But as the control voltage increases, this no longer holds
& ds5

true. Thus the linearity of the OTA falls down as we go towards the higher end of the 

tuning range. If ‘Vcnt’ is decreased, both gdS5 and gmj decrease in linear and square root 

fashion respectively. This will decrease the effective transconductance of the OTA. In



45

the limit, the transistor M5 comes into saturation (in normal operation, it should remain 

in linear region) making gdS5, and the effective transconductance of the OTA extremely 

small. From this discussion it looks like the lower limit to the transconductance of the 

OTA is zero, but, even before this state occurs, other transistors place a restriction on the 

lower tuning range. As the effective transconductance is decreased, the common mode 

control of the circuit would become extremely weak. Thus the output DC voltage hits 

either of the supply voltages, forcing the transistors Ml or M2 to go out of saturation, as 

explained in the next section.

9.- Effect of tuning on common mode control

Fig. 33 shows the proposed pseudo differential amplifier. When Vcnt is increased, the 

currents flowing through the transistors increases. Thus the output CMFF voltage 

decreases. The common mode feedback loop makes the DC output voltage of the OTA 

to be equal to the CMFF output voltage. Thus, the DC output voltage of the OTA also 

decreases. But, this is not a significant problem because, the increase in current with Vcnt 

is at most linear where as the decrease in CMFF output voltage with current is a square 

root relation. Hence, even for a large change in the control voltage, the change in the 

output common mode DC voltage of the OTA does not change significantly. A more 

adverse-effect of the tuning voltage occurs on the CMRR and DC stability of the OTA. 

The common mode loop gain which is derived in the previous sections is shown in 

equation 2.35.

j . *  & m6 * §  m2loop gain = ----------------------------X
§ m4 *  § m4 *  § ds2 sCj + 0Oint 1 +

*c.
(2.35)

ext

S m4 J &ds2

From the equation, it can be seen that the common mode loop gain is directly dependent 

on the effective transconductance of the OTA. Thus, if the filter is being tuned towards 

its lower range, the common mode feedback loop gain decreases. If the loop gain is 

small, the output DC voltage of the OTA might be quite different from its intended value

1
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Fig. 33. Schematic of the proposed differential OTA

and in the worst case, might even hit the rails. The common mode rejection ratio at 

higher frequencies was derived in equation 2.25. It can be seen from the equation that 

CMRR decreases if either gmi or gm4 decreases. If the filter is tuned to the lower end, 

both these values decrease thus decreasing the CMRR very badly. Thus, the range of 

tuning of the OTA can be fixed by two factors: 1) Upper limit is fixed by the linearity 

constraints and 2) the lower limit is fixed by either CMRR or variation in output DC 

Common mode voltage.
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10. Source degenerated OTA versus simple OTA

The transconductance of the source degenerated OTA is as shown in equation 2.34 

whereas that of a simple OTA is g m]. The output noise and the input referred noise of 

the source degenerated OTA are given by equations 2.36 and 2.37 respectively.

• 2 8 kT
n,out

3 g ml

f  >2 f  \

£  ml 4 kT £  ml

| 1 £  ml £ ds5 1 1 ^

V S d s 5  ;  ̂ £ ds5 )

+ 8 kTg ml (2.36)

2 _  8kT 4kT  8kTgm2
vn ,in ' '

3&ml £ ds5 3

1 1
--- + ----

i 2

S ml £ ds5
(2.37)

The output noise and the input referred noise in the case of a simple OTA are given by 

equation 2.38 and 2.39 respectively.

• 2 %kT£m\ , %kT£
n,out + m2

v2 8 kT  1 8 1
3S„, i 3 gf^

The large signal behavior of the source degenerated OTA is given by equation 2.40.

(2.38)

(2.39)

1 £ds5 Sds5+Vr VT +v,-
ft

[4 P G i t  j (2.40)

The large signal behavior of the normal OTA is given by equation 2.41. 

I  DC + h e  =fi(re -  VT Y + I p t y c -  Vt k + /k (2.41)
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F. Fully Differential Band Pass Filter

LP+

Fig. 34. Second order bandpass filter

There are many architectures to build a biquad filter using OTAs [50], Some 

architectures provide independent frequency and Q tunability. This is very desirable 

since the accuracy of Q tuning does not depend on the accuracy of frequency tuning. But 

these architectures use more components and have more internal nodes which is not very 

conducive for high frequency design. The biquad architecture that uses minimum 

number of components and has fewest nodes is shown in Fig. 34. Another important 

advantage of this architecture is that all the internal nodes have an external capacitor 

attached to them. Hence the parasitic capacitors at the input and output of the OTA do 

not effect the performance of the filter to any significant degree. In Fig. 34, the dotted 

lines represent the CMFB connections. OTA3 provides CMFB for OTAi and OTA2. 
OTA2 provides CMFB for OTA3. OTA4 does not require any CMFB because it works
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like a resistor. The circuit provides both bandpass output and Low pass output, hr this 

research we are concerned only about the bandpass output and hence from now on, any 

reference to the output of the filter implies the Band pass output. The transfer function of 

the circuit is given by equation 2.42.

K
Vi

sCg,

8,. §  m g  t

S , s 2C 2 , sCgr ,
——----- 1-------------r 1

g r g  m g i

(2.42)

Comparing equation 2.42 with the standard transfer function given by equation 2.43, the 

values of center frequency, Q and gain can be derived as shown in equations 2.44, 2.45 

and 2.46 respectively.

s

l = g
v,

coQ
s

coQ
+ 1

(2.43)

Center frequency of the filter =

Q of the filter = —
S,

g
Gain of the filter at center frequency = ——

g r

(2.44)

(2.45)

(2.46)

It can be seen from the above equations the gain of the filter at center frequency 

is equal to the quality factor of the filter. This property could be used to tune the Q of the 

filter. But if the Q is large, this would mean that the filter has large gain and to make 

sure that the output of the filter is within its linearity range, input should be made 

correspondingly smaller. The center frequency of the filter could be increased by 

increasing gm (refer to Fig. 34). This would also change the Q of the filter., whereas by 

changing gr Q of the filter could be changed without effecting the center frequency.
! n i '* 11 ,m  ‘ ~~l,m '■mummii«W<Kiwi<iwii<»ini^iHiiiinniij!i»»ilMi iin~ti'i~rTwnn|imill 1 ................

Hence while tuning the filter, center frequency should be tuned first (thereby fixing gm) 

then Q should be tuned (I.e., gr is fixed).
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In the next chapter, different methods of tuning the filters are discussed, followed 

by the derivation and discussion of the proposed tuning scheme.
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CHAPTER III

AUTOMATIC FILTER TUNING

It is a common knowledge that circuit parameters like Kp, Vt, |u0, Sheet resistance, unit 

capacitance vary as much as ± 10%. This would result in the circuit that is being used 

practically, to be very different from the designed circuit. This problem is particularly 

accentuated in high Q filters, where a change in center frequency might completely 

attenuate the required signal while amplifying a signal that should have been attenuated.

The main reasons behind this change in circuit parameters are process parameter 

variation, ageing, mismatch and temperature variations. While nothing can be done 

about the first two causes, good layout techniques can help in minimizing the latter two 

causes. Whatever the reason be, the filter should be tuned to get the characteristics that it 

has been designed for. In some applications, the filter characteristics are observed after 

fabrication, then it is tuned to give the required response and this tuning information is 

stored in ROM. This procedure can lead to quite accurate filters but suffers from
T

extremely large area overhead to implement DACs ADCs and ROM. Also, the testing 

time (time taken for the procedure) could be significant thus making the technique cost 

intensive. To overcome this problem we need an ‘automatic tuning circuit’ that resides 

in the same IC as the filter and tunes the filter whenever it is being used. In the next 

section, some of the techniques of designing an automatic tuning circuit are discussed.

A. Simultaneous Tuning and Signal Processing Techniques

The main problem of automatic filter tuning is that it has to monitor the characteristics of 

the filter at the same time when the filter is doing the signal processing. This can be 

achieved using any of the following three techniques. Note that these techniques are 

different from the specific method of tuning in that, these are not the frequency tuning or
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Q tuning methods. These are the techniques in which any frequency or Q tuning methods 

should be applied to the filter.

1. Master-Slave

This is the most widely used technique of tuning a filter [21]. In this technique there are 

two filters, one is an exact copy of the other. All the automatic tuning circuitry is 

attached to one of the filter called the ‘master filter’. The other filter called the ‘slave 

filter’ does the signal processing on the input signals given by the user. Fig. 35 shows 

the block diagram of the master-slave technique. The most important assumption on 

which this technique is based is that the master and slave are very well matched. Thus 

the accuracy of the tuning scheme is limited by the accuracy of the matching between 

the two filters. The most significant advantage is that this scheme allows continuous 

signal processing and continuous tuning.

signal

Fig. 35. Block diagram of master-slave tuning technique
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Input
I

Reference
signal

Fig. 36. Block diagram of burst tuning circuit

2. Burst tuning

In this technique [37], the filter is alternately given the input signal and the reference 

signal periodically. When the circuit is given reference signal, the tuning circuitry is 

connected. The tuning is performed and the respective tuning voltages are stored on a 

capacitor. Then the tuning circuitry is removed and the capacitors are connected to the 

filter. The reference signal is disconnected and the input signal is given for signal 

processing. This procedure is repeated periodically at low frequency. Fig. 36 shows the 

block diagram of this tuning scheme. This technique is most useful in Time Division 

Multi Access (TDMA) applications [37,51].

3. Switching between two filters

This scheme is a combination of the Master-Slave and the burst tuning and is also called 

the ‘ping-pong’ technique. This scheme also has two identical filters. When one of the 

filters is processing the signal, the tuning circuitry is connected to the other and the 

tuning is performed. After some time the filters are switched. I.e., the filter that was
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doing the filter processing is now used to tune, and the filter previously used for tuning 

is now used for signal processing. This scheme overcomes the disadvantage of the 

Master-Slave technique in that it does not require the two filters to be matched closely. 

The disadvantage is that because of all the switching, the output could become 

discontinuous.

B. Existing Tuning Schemes

The parameters that are of most important concern in a filter are center frequency, Q and 

the gain. The other parameters like dynamic range or PSRR could be important in some 

applications. But these parameters are taken care of in the design process and are almost 

never tuned after fabrication. The gain of the filter need not be very accurate as it is 

compensated using an Automatic Gain Control (AGC) at the system level. So, the two 

parameters on which the tuning schemes concentrate are the center frequency and the Q 

of the filter. In this section, the existing tuning schemes will be discussed, at the 

algorithmic level. The same algorithm can be implemented in different ways and these 

implementation issues are discussed in later sections.

1. Frequency tuning

Since this research is mainly concerned about the Q-tuning schemes, the different 

frequency tuning schemes are just briefly mentioned. The frequency tuning schemes are 

well documented in the literature and some of the tuning schemes are more than 99% 

accurate. The major methods reported in the literature are Phase Locked Loop using 

Voltage Controlled Oscillator [51,52], Phase Locked Loop using Voltage Controlled 

Filter [39,53], Charge Detection [19,54], Direct Sample Tuning [20], Amplitude 

Detection [55], Switched Capacitor Reference Circuit [56], Adaptive Filter techniques
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[57] and Adaptive Minimization of Notch Output Power [58]. Among these different 

methods of tuning the frequency, Phase Locked Loop using a Voltage Controlled 

Oscillator (PLL-VCO) is the most popular and most accurate.

a. Phase locked loop using a voltage controlled oscillator

This tuning scheme works on the principle that a high-Q band pass filter when connected 

in a positive feed back would become an oscillator. The frequency of the oscillation is 

very close to the center frequency of the band pass filter [59]. This oscillator could be 

used in a conventional Phase Locked Loop (PLL) and the oscillating frequency could be 

locked to the reference frequency. The block diagram of the tuning scheme is shown in 

Fig. 37.

A through mathematical description of the PLL can be found in most the analog 

design text books and the mathematical description of the filter connected as VCO can 

be found in [60]. The linearity of the master filter is an important design constraint since 

the harmonics in the frequency of oscillation lead to tuning errors [16]. One of the most

Fig. 37. PLL-VCO scheme to tune the center frequency of the filter
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important advantages of PLL-VCO tuning scheme is that the reference signal can be a 

square wave as opposed to most of the other schemes that require a sine wave. A 

common improvement seen this scheme is to include a divider after the VCO so that the
±  ' '  rn  i  i lima   n»-w ^  i iu w '-t- t  iin iiiii] |i iiT T ilin i

reference can be a low frequency signal and the noise injected from the phase detector

will not fall in the pass band of the filter._ .

2. Q tuning

For low frequencies and low quality factors, Q-tuning is normally unnecessary because 

the Q-value is set by the ratio of the components and that can be very accurate in an 

Integrated Circuit. But at high frequencies and/or high Quality factors, the value of Q is 

effected by the parasitics in the filter. The following are the existing Q-tuning schemes 

in the literature.

a. Magnitude locked loop

This tuning scheme is based on the assumption that when the Q of the filter is tuned to 

the correct value, the gain at the center frequency is fixed [21,22]. This gain can be made 

equal to Q itself or can be any pre-determined value. I.e., the transfer function of the 

filter is

5

H (s)=  ^ --------  (3.1)
5  S „-----— ------------ 1-

a  o 2 o)„Q

:.\ H {s ]. = QI v s=jco0 ^
(3.2)
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Using this assumption, first the filter is tuned to the correct center frequency, then a sine 

wave whose frequency is same as the center frequency is given as the input to the filter. 

The input amplitude, and the output amplitude are compared and the Q of the filter 

(there by the gain) is adjusted so that the required condition is met. Fig. 38 shows the 

block diagram of the Magnitude Locked Loop tuning scheme. Even though this scheme 

is more popular than the rest of the schemes, it suffers from two serious disadvantages: It 

requires sine-wave input reference and it requires amplitude detectors, which (are not 

very straight forward to build.'

Slave Filter

Reference AmplitudeMaster Filtersine wave detector

Amplitude Presetdetector gain=Q

Fig. 38. Magnitude locked loop for Q tuning

b. Impulse response

In this tuning scheme, a step voltage is given as an input to the master filter and a 

reference circuit [19]. Then the circuit tries to match the envelopes of output of the 

master filter and the reference circuit. The block diagram for this technique is shown in 

Fig. 39.

h\A < )= A e ~"'' (3.3)
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A
_W£ f

2Q sin
4 Q

-w2t + (j)
1

(3-4)

where h]st (z1) is time domain impulse response of the first order filte r(//l5, (s) =
s  +  cdx

)

h2nd(t) is time domain impulse response of the second order filter ( H(s) given by Eqn. 

3.10)

Envelope detectors are harder to build than amplitude detectors and the 

additional overhead due to the reference circuit are the important disadvantages of this 

tuning scheme.

Slave Filter

Envelope
detectorMaster Filter 

(second order)

Step input

Reference 
circuit 

(first order)
Envelope
detector

Fig. 39. Impulse response Q tuning scheme

c. Using frequency synthesizer and amplitude detectors

This scheme utilizes the fact that for a fixed Q and fixed center frequency, the 3dB 

bandwidth is fixed [12]. Thus, using the frequency synthesizer, three frequencies are

n



59

generated -  the center frequency and the two 3dB points. Using amplitude detectors, the 

amplitude at all the three frequencies is found and the tuning voltage is adjusted so that

the amplitude at 3dB points is exactlyi inri i r i i ~m ..... . ...  x J
times the amplitude at center frequency.

The scheme can have very large area over head and some critical timing issues to be 

taken care of. The phase noise of the frequency synthesizer is a important factor for the 

accuracy of the tuning scheme.

Using frequency synthesizer and phase detectors

This scheme utilizes the fact that for a fixed center frequency and Q, the frequencies at 

which the phase difference between input and output of the filter becomes 45° and 135° 

are fixed [61]. Therefore, using a frequency synthesizer, the 3 dB frequencies are 

generated. Using the phase detectors, the phase at these two frequencies is found and in 

the steady state, the loop settles at the tuning voltage such that the phase difference at the 

two frequencies is exactly 45° and 135°, which sets the frequency and Q to the desired 

value. The main constraints on the scheme are imposed by the phase noise of the 

synthesizer and the offsets in the phase detectorsJ^V

e. Continuous-time Least Mean Square (LMS) tuning

The tuning algorithm employed is the widely used Widrow LMS algorithm. The 

algorithm matches the output of the master filter to a desired output by minimizing the 

mean-squared error between them. The formulation of the LMS algorithm is shown in 

equation 3.5. and the block diagram of the generalized LMS scheme is shown in Fig. 40.

w,. ( t )  =  f i [ d ( t ) ~  y ( t ) ] g i (it ) (3.5)
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where wt (/) = tuning signals,

w.v (0
_ d Wi(t)

d t

ju = adaptation constant, 

d(t) = desired response. 

y(t) = output,

g,-(t) = gradient (direction of tuning)

Fig. 40. Block diagram of continuous time LMS algorithm
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The quantity \d(t)~ y(t)\ is also known as e(t), or the error signal. The tuning signals 

w; (?) become constant (reach steady state) when their time derivative (vv, (?) is zero (or 

has a time average of zero). This obviously occurs when e(t) becomes zero. A more 

detailed derivation and explanation of LMS algorithm is given in [62].

f. Modified Least Mean Square (LMS)

This Q-tuning scheme is a combination of Magnitude Locked Loop tuning method and 

LMS algorithm [1,62]. Unlike in the Magnitude Locked Loop tuning scheme where the 

amplitude of the input and output sine waves are matched, in this tuning scheme, the 

LMS algorithm is used to match the input and output waveforms themselves. Fig. 41 

shows the block diagram of the Modified LMS Q-tuning scheme. Different signals 

shown in the figure (i.e., e(t), y(t), x(t), d(t), g(t) and w(t) ) are the counterparts of the 

signals shown in Fig. 40. The characteristic equation for the tuning scheme is written in 

equation 3.6.

Fig. 41. Modified LMS Q tuning scheme
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where ^ ( z 1) = w(/) = tuning voltage,

(3-6)

// = gain constant in the loop,

Vin (f) = x(V) = input voltage and,

Vbp(t) = y{t) -  g it) = band pass output voltage.

The modification of the original LMS algorithm can be observed from the equation 3.6 

to be the replacement of signal g(t) with the output of the band pass filter itself. This is 

done because the ideal gradient is not readily available in the circuit. In [62] it is shown 

that the band pass output voltage is a good approximation to the ideal gradient. Again, as 

in the case of the actual continuous time least mean square algorithm, the tuning scheme 

will become stable when VbP becomes equal to Vjn. Vbp = Vin is precisely the condition

required for the filter to be tuned to its correct value. Thus, the modified least mean 

square Q tuning scheme shown in Fig. 41 tunes the filter to the required value in the 

steady state. The most important advantage of this tuning scheme over others is that the 

Q-tuning accuracy does not depend on the accuracy of the frequency tuning scheme; and 

the reference input need not be a sine wave. This is achieved by exploiting the property 

of second order bandpass filters- the gain of the filter, and the cosine of the phase shift 

imparted to the input signal as it passes through the filter are identical. Let the transfer 

function of the filter be given by equation 3.7.

v f c )

(3.7)

Where QD = Desired Q of the filter,

Qa = Achieved Q of the filter

coa = Achieved center frequency of the filter
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So, when the input is Vi (t) = A sin(vt^), output of the filter is given by

V0(t) = A x  x G x sin{w£ + 6 } 
Qd

G =
w Q

l + J W  -W
w Oa i-'a

6 = Arg
JW/

wn Q

1 + Jw/  _ w
w. Qa z-sa Wa J

From equation, it can be seen that cos(&) = G

V0 (t) = A x - 2- x cos((7)x sin(wr + 0 ) 
Qd

(3.8)

(3.9)

(3.10)

(3.11)

So, if  an arbitrary periodic waveform Vl(t)=  V  Ai sin (ivy) were given as input, the
i

output would be given by

K (0 = Z  4 y r  cos(4) sin(w,f + 0,) (3.12)
i  >CD

The tuning scheme would reach the steady state when the DC input to the integrator 

becomeszero. From the tuning scheme, the integrator input can be written as

Integrator input = (Vref -  VBP )vbp (3.13)

The equation for this steady state is obtained by substituting equation 3.12 in equation 

3.13 and equating it to zero. The result is shown in equation 3.14.
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f

V i
Y jA: sin(w,f)x Z 4  cos(0,.)sin(w,t + d,)

i & D

f

V i

Y  A  Qf- cos(d,) sin(w,./ + 9,,) x ) sin(w,./ + 9, )
i \J.D ,

(3.14)

= 0

Taking the DC part out of equation 3.14, we get

(3.15)

Equation 3.15 can be true only if Qa = QD, which means that the Q of the filter is tuned

to the desired value independent of the frequency of the reference wave and even if there 

are any harmonics present in the reference wave. The Q-tuning scheme being 

independent of frequency tuning errors is very important for high Q filters where even a 

slight error in center frequency might lead to a large Q error. The independence of the 

tuning scheme on the shape of the reference input is very important for high frequency 

filters, where it might be very difficult to generate a particular waveform.

C. Previous Implementation of Modified LMS Q Tuning Scheme

This research is more concerned about improving the accuracy of the tuning schemes 

and in particular, the Q-tuning scheme. Of all the implementations reported in the 

literature, modified LMS Q-tuning scheme reported in [1] is the most accurate. Fig. 42 

shows the implementation reported in [1]. Even though this scheme is reported to be 

accurate, there are some significant disadvantages in the implementation of the scheme.
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Slave Filter

Master Filter
input

Capacitive
Integratorattenuator

Fig. 42. Previous implementation of the modified LMS Q tuning scheme

1. Problems in the previous implementation

It should be noted that the disadvantages are with the implementation of the tuning 

scheme, but not with the modified LMS Q-tuning algorithm itself.

a. Offsets in the building blocks

The biggest disadvantage of the implementation is that it is not very robust. In the 

presence of offsets in the building blocks, the accuracy of tuning is effected very badly. 

Any DC offset voltage at the input of the integrator will be integrated and in the steady 

state, the Q-tuning loop will settle to a wrong Q value. This Q value would be such that, 

the difference between the achieved Q and the desired Q will give a DC voltage at the 

output of the multiplier which will cancel the DC offset. The offset at the input of the 

integrator is given by equation 3.16.
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Offset = Gmu,G lm(Om- 0 BP)0 BP+GmulGsum0 if i sum+Gmd0 1sum +Omu, + ^ -  (3.16)
'~hnt,£>C

where Gmu] = Gain of the multiplier 

Gsum = Gain of the summer 

Gint,DC=DC gain 0f the integrator 

0 jn = Offset in the input (reference)

0 Bp = Offset of the Band Pass filter 

0 Sum = Offset of the summer 

Omui = Offset of the multiplier

VQ-tun= The steady state output voltage of the integrator

b. Frequency response of the summer

The frequency response of the summer can effect the stability of the Q-tuning loop and 

when the loop is stable, might lead to inaccuracies [62]. This constraint worsens for high 

frequency filters where it will be considerably more difficult to design a summer with 

much wider response than the filter itself. One solution to this problem might be to use a 

current mode summer, which has the capability of operating at very high frequencies. 

The multiplier that follows the summer could also be designed in current mode to retain 

the advantage obtained by using a current mode summer.

c. Loading due to the attenuator

The most important element in the whole tuning scheme is the attenuator. The accuracy 

of the tuning scheme can at best be equal to the accuracy of the attenuator. Hence,
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utmost care should be taken to realize a very accurate attenuator. In [1] a capacitive 

attenuator is used and to improve the accuracy of attenuation, area of each capacitor in 

the attenuator is increased. Thus the individual capacitor values in the attenuator are very 

large. At high frequencies, these large capacitors result in a very small input impedance. 

If the reference is being generated inside the IC, the circuit that generates the reference 

should be able to drive this small impedance. This would make the power consumption 

of the reference generator very large.

D. New Implementation of Modified LMS Q Tuning Scheme

The circuit that overcomes the disadvantages discussed above is shown in Fig. 43. 

Again, the tuning scheme is not a new algorithm but a different implementation of the 

modified LMS Q-tuning scheme discussed before. The main difference among others in 

this implementation is the conversion of high frequency information at the output of 

band pass filter and the reference immediately to DC.

Slave Filter

Reference Master Filterinput

Resistive Integratorattenuator

Fig. 43. New implementation of modified LMS Q tuning scheme
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1. Advantages of the new implementation over the previous implementation

The new implementation addresses most of the disadvantages faced by the previous 

implementation as discussed below. Again, it should be noted that these disadvantages 

are implementation issues of modified LMS Q tuning algorithm and not disadvantages 

of the algorithm itself.

a. Offsets in the building blocks

The accuracy of the tuning scheme in the new implementation also suffers from the 

offsets in the building blocks, but the problem is less severe. The offset at the input of 

the integrator is given by equation 3.17.

Offset = Gm„,Gs„  (0„ -  0 BP )Obp + 0 „  + (3.17)
^ in t ,DC

In the above equation, all the parameters have the same meaning as in equation 3.17. It 

can be seen that the effect of the offsets in the building blocks is much less than that in 

the previous implementation. Also, it should be remembered that the offsets of building 

blocks that are discussed here are systematic differential offsets (as opposed to random 

offsets or common mode offsets)

b. Frequency response of the summer and the multiplier

Unlike the previous implementation, the frequency response of the summer does not 

effect the stability or the accuracy of the tuning scheme in the present implementation. 

This is because the summer deals only with the DC components in the output of the 

multiplier. The frequency response of the multiplier is slightly more important in this
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implementation than the previous implementation. But, it does not effect the stability of 

the Q-tuning loop; and as long as the DC gain of the integrator is high enough, even the 

accuracy of the tuning scheme is not effected.

(Q-1)R
-A/WVV-

Cp.
(Q-1)R R i C p

Fig. 44. Improved attenuator to overcome the parasitic pole

c. Loading due to the attenuator

In the present implementation, resistors are used instead of capacitors for designing the 

attenuator. For good accuracy, the area of each passive component should be made very 

large. For capacitors, the capacitance depends on W x L  and hence, the value of each

capacitor increases. For resistors, the resistance depends on and hence, the value of

each resistor can be controlled. Due to this, even with good matching, a resistive 

attenuator need not have low impedance. But, the resistive attenuator together with the 

parasitic capacitance at the input of the OTA will behave as a first order low pass filter 

instead of an ideal attenuator. This places a constraint on the highest value that should be 

used in building the resistive attenuator. By proper choice, the pole could be pushed to 

very high frequency, thereby making the attenuator work accurately in the frequencies of 

interest. The parasitic capacitance can be estimated and the value can be used to make 

the attenuator almost ideal. Fig. 44 shows the corresponding circuit.
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2. Disadvantage of the new implementation over previous implementation

The present implementation requires two multipliers and one summer where as the 

previous implementation requires two summers and one multiplier. Since a multiplier 

circuit occupies more area than the summer, the present implementation occupies a little 

more area than the previous circuit. This increase in the area overhead is not very 

significant when compared to the overall circuit. Hence this issue is not a major concern 

for the new implementation. By using the multipliers immediately at the output of the 

filter and the input filter, we are down-converting the information at both locations to 

DC. Since processing the DC voltages is easier than processing a high frequency signal, 

the present implementation is easier to implement. The area occupied by the summers 

and the multipliers is much less when compared to that of the filters and hence the slight 

area increase due to the use of two multipliers is not very significant.

E. Previously Implemented Complete Tuning Scheme

A complete tuning scheme should combine one frequency tuning scheme, one Q tuning 

scheme and one of the tuning techniques among Master-Slave, Burst and Switching. The 

most accurate of all the schemes reported in the literature is [1]. It combines Master- 

Slave technique with Phase Locked Loop using Voltage Controlled Oscillator (PLL- 

VCO) for frequency tuning and Modified Least Mean Square (Modified-LMS) for Q 

tuning. The complete tuning scheme is shown in Fig. 45. The ‘Master filterl ’ and 

comparator loop realizes a Voltage Controlled Oscillator. This, together with an XOR 

circuit and the Low Pass Filter (LPF) forms the frequency tuning loop. ‘Master filter2’, 

together with the summers, the multiplier and the integrator forms the Q tuning loop. 

The slave filter does the signal processing of the inputs given by the user.
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Master
F ten

Comparator

Reference Clock LP Filter

Master1/Q
Filter2

Integrator

Fig. 45. Complete tuning scheme implemented in [1]
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1. Disadvantages of the previous tuning scheme

As mentioned before, this tuning scheme is reported to be very accurate, with less than 

1% error in both frequency tuning and Q tuning. But, the tuning scheme still has 

potential disadvantages, some of which could effect the accuracy of the tuning scheme 

itself. Most of the disadvantages occur because the tuning scheme uses two master filters 

to tune one slave filter.

a. Area overhead

The scheme also needs one comparator, one XOR, one LPF, two summers, one 

multiplier and an integrator. Even though the list looks very long, almost all the tuning 

schemes reported in the literature requires at least these components. Therefore, the area 

overhead because of these components need not be considered as a significant 

disadvantage. The tuning schemes that use master slave technique require at least one 

master filter to tune one slave filter. But, this tuning scheme requires two master filters 

to tune one slave filter. Using a better tuning scheme, the requirement could be 

decreased to one master filter for one slave filter, there by decreasing the area overhead 

of the tuning scheme.

b. Power consumption

Any circuit that operates at higher frequencies consumes a lot of power. In the tuning 

circuit, the components that need to work at high frequencies are the filters and the 

comparator. It would be better if the XOR and the multiplier also have large bandwidths 

but it is not a necessity because this would just mean that the loop gain is lesser. This can 

be rectified later by having a larger gain for the components that are working at the
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lower frequency (Summer, LPF and the integrator). Again, the tuning scheme 

implemented in [1] requires two master filters which operate at high frequencies thus 

consuming a lot of power.

c. Matching

The basic assumption on which the Master -  Slave tuning technique works is that the 

master filter and the slave filter are very well matched. It is much more difficult to match 

three filters (each filter has four OTAs each) than it is to match two filters. Hence there 

is a greater probability of mismatch between the two masters and the slave filter. This 

results in the greater probability of having a tuning error.

d. Substrate noise injection

For better matching, the master filters should be as close to the slave filter as possible. 

The master filters are processing the reference signal and since the gain of these filters is 

maximum at this frequency, the signal strength at this frequency would be significant. 

This signal will get coupled into the slave filter through the substrate. While it is not 

possible to completely eliminate this coupling, it could be minimized by using guard 

rings. A further reduction of this coupling can be achieved by reducing the number of 

slave filters.

e. Sensitivity to offsets in the building blocks

As discussed previously, the accuracy of the Q tuning scheme is very sensitive to the 

offsets in the building blocks. Assuming the DC gain of the integrator is very high, the
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error in Q tuning is mainly effected by the total DC offset contributed by all the building 

blocks. The error in Q tuning because of this offset is given by equation 3.10.

18)

where S = error in the tuned Q,

Qd = the desired Q of the filter (the ideal Q),

Offset = the total effective offset at the input of the integrator,

Gmui = The gain coefficient of the multiplier,

GSum = The gain coefficient of the summer and

Vin = The amplitude of the reference wave.

From the above equation, it can be seen that the error in Q tuning is directly proportional 

to the offset. Since the new implementation of the modified-LMS Q tuning scheme has 

lesser offset than the previous implementation, the new implementation is more accurate. 

From equation 3.10, it can also be seen that to improve the accuracy, the gain of the 

multiplier and summer (effectively loop gain of the tuning scheme) should be increased.

2 x offset
(3-

f. High Q effects

The Q tuning scheme would loose the accuracy at very large Qs. There are two primary 

reasons for this. Due to the excess phase of the OTA, the gain of the filter can be quite 

different from the Quality factor. Since gain = Q is the basic assumption on which the Q 

tuning scheme is built, the scheme will become inaccurate. Another reason of the 

inaccuracy is that it is extremely difficult to build an accurate attenuator when the 

required attenuation is very large.
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F. A Unified Q and Frequency Tuning Scheme

A new tuning scheme that overcomes many of the problems faced by the previous tuning 

scheme is proposed here. It combines the new implementation of the modified-LMS for 

Q- tuning scheme with PLL using VCO for frequency tuning. The block diagram of the 

new tuning scheme is shown in Fig. 46. In this tuning scheme, both the frequency 

tuning and the Q tuning use the same master filter and the output of the VCO generated 

in the frequency tuning loop is used as the reference to the Q tuning loop. Due to this 

new integration of the frequency tuning loop and the Q tuning loop, the scheme can 

overcome many of the problems faced by the previous tuning scheme, as discussed in 

the next section.

1. Advantages of the new tuning scheme over the previous tuning scheme

Most of the advantages of the new tuning scheme are a result of using the same master 

filter for both frequency tuning and Q tuning. This is made possible because the Q 

tuning scheme can work independent of the shape of the reference wave, thus allowing 

the output of the VCO itself to be given to as a reference to the Q tuning scheme.

a. Area overhead

The area overhead because of the comparator, summer, multipliers, LPF and the 

integrator is almost the same. As a matter of fact, there is a slight increase in the area of 

all these components because the new tuning scheme uses two multipliers and one 

summer instead of two summers and a multiplier. In the complete tuning scheme, the 

filters are the most area-consuming blocks. The new tuning scheme requires only one
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master filter where as the previous tuning scheme needed two. Thus the new tuning 

scheme occupies much lesser area than the previous tuning scheme.

Master
filter1/Q

Integrator

Comparator

XOR
Reference Clock LP Filter

Slave
fitter

Fig. 46. Block diagram of the proposed Q and frequency tuning scheme
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b. Power consumption

As discussed before, the main consumers of power in the entire tuning scheme are the 

high frequency filters and the comparator. In the tuning scheme designed, each filter 

consumed 39.6mW (at center frequency around 100MHz), the comparator consumed 

6.6mW and the two multipliers and the summer together consumed 6.6mW. Since the 

number of master filters is decreased, the power consumption of the tuning scheme is 

decreased significantly. The present tuning scheme consumes a total of 92.4mW where 

as the previous tuning scheme would have consumed 132.0mW.

c. Matching

Since matching between two filters is better than that between three, the new tuning 

scheme is more accurate than the previous tuning scheme.

d. Substrate noise injection

Again, as discussed in the preceding section, the substrate noise injection would be 

lesser if there is only one master filter. Guard rings around the filter also help in 

decreasing the noise in the pass band.

e. Sensitivity to offsets in the building blocks

The improved implementation of the modified-LMS Q tuning scheme is more robust to 

offsets than the previous implementation, as discussed in the preceding sections. Since



78

the new tuning scheme uses this improved implementation, the tuning scheme is also 

more robust and hence more accurate than the previous tuning scheme.

2. Disadvantages of the new tuning scheme over the previous scheme

The following are the disadvantages of the new tuning scheme over the previous tuning 

scheme. Most of the problems listed here are faced by the previous tuning scheme also, 

but they are more prominent in this tuning scheme.

a. Design complexity

In the new tuning scheme both the frequency tuning loop and the Q tuning loop are 

integrated with each other, where as in the previous tuning scheme, both the loops were 

independent of each other. This makes the new tuning circuit a little more complex and 

difficult to design.

b. Comparator loading

In the new tuning scheme, the comparator is loaded with an attenuator, a multiplier and 

an XOR circuit, where as in the previous tuning scheme, it is loaded only with the XOR 

circuit. Thus, the comparator is loaded by an additional attenuator and a multiplier when 

compared to the previous tuning scheme. For a high frequency operation, this loading 

can become significant and hence the design of comparator can become more difficult 

than in the case of previous tuning scheme. One of the solutions to overcome this 

problem might be to pump large currents through the transistors in the comparator. But, 

that would increase the power consumption. While designing the comparator, it has to be
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remembered that the rise time and fall time of the comparator need not be very high. It is 

sufficient if its gain can start the oscillations in the VCO.

c. Q limitation

For the band pass filter and the comparator system to oscillate, the filter should have a 

minimum Quality factor [59]. In both the schemes, the Q tuning loop controls the value 

of the quality factor of the master filter(s). In the previous tuning scheme, as long as the 

reference clock is given, the Q tuning loop settles to its steady state value independent of 

the frequency tuning loop. In the present scheme, the reference clock is nothing but the 

output of the VCO used in the frequency tuning loop itself. Hence, the Q tuning loop can 

start functioning only if the VCO starts oscillating, and this can happen only if the Q of 

the Master filter is above a particular limit. Hence, while designing the filters, care 

should be taken to make sure that the minimum Q possible for the filter is more than the 

minimum Q required for oscillations. Another solution could be a circuit that presets the 

Q value of the filters and does not close the Q tuning loop until it detects oscillations in 

the VCO.

d. Parasitic matching

The output of the master filter drives a different load than the output of the slave filter. 

Hence the Master and slave are not perfectly matched if they are left as they are. This 

problem becomes particularly worse if the frequency of operation of the filter is very 

high. Hence the parasitics should be matched for both master and slave. The value of 

these parasitics is very nonlinear and hence care should be taken to see that the values of 

parasitics are very small compared to the actual capacitors used in the design. Also, care 

is taken to add dummy loads to make sure that the parasitics seen by the master and the
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slave are almost the same. But, the value of the parasitics is extremely dependent on the 

process and on the functioning of the circuit, thus it is not possible to eliminate the 

mismatch due to parasitics completely.
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CHAPTER IV

BUILDING BLOCKS FOR THE TUNING SCHEME

In the previous chapter, a new scheme for automatic tuning of band-pass filters is 

presented. The Master and the Slave filters used in the tuning scheme are built using the 

new OTA discussed in chapter II. The characteristics of the filter were also discussed in 

chapter IT The complete tuning scheme also requires a comparator, a limiter, j t  

multiplier, a summer, a low pass filter and an integrator. In this chapter, the 

considerations for designing each of these building blocks are enumerated, and the 

design procedure is discussed.

A. Comparator and Limiter

After the filters, the comparator is the most critical block in the tuning scheme. Since the 

output of the comparator drives the resistive attenuator, the comparator should have a 

good driving capability as well. A differential comparator in its general sense has only

Fig. 47. Block diagram of the VCO
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two output states. If the differential input is more than the threshold, the output is a fixed 

positive value and if the differential input is less than the threshold, the output is a fixed 

negative value. A limiter fixes these output levels. Added to this, a differential 

comparator needs to be robust to the common mode input signals. In the present system, 

the only function of the comparator is to configure the band pass filter into an oscillator. 

The block diagram of the VCO is shown in Fig. 47. It can be derived [59] that the small 

signal gain of the comparator just needs to be greater than unity for the bandpass filter to 

oscillate (assuming the Q of the filter is sufficient as discussed in the previous chapter). 

In the steady state, the amplitude of oscillations of the VCO will be such that the 

effective loop gain is unity.

The effective gain from the input of the comparator to the output depends on 

three factors: the small signal gain, the non-linear characteristics and the amplitude of 

the input [16,17,63]. These characteristics together with the Q of the filter determine the 

steady state amplitude of oscillations of the VCO. The output of the VCO is given as the 

reference to the Q tuning scheme. Hence it should be with in the linear range of the 

filter. The following are the most important constraints while designing the comparator 

limiter block.

• The small signal gain of the comparator should not be very high. Otherwise, the 

amplitude of oscillations of the VCO would be too large to fall into the linear region 

of the filter and the design of the limiter to limit the amplitude of oscillations will 

become involved.

• The small signal gain of comparator should be more than desireda
Q  min in

for the VCO to

start oscillations, where Qminimum is the minimum Q the filter can have, and Qdesired is 

the value of Q to which the filter should be tuned. (The Qdesired is same as the value 

of attenuator).

• The limiter should be as non-linear as possible. For the fixed characteristics of the 

comparator, the higher the non-linearity the smaller the amplitude of oscillations.
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Fig. 48. Circuit diagram of the comparator-limiter block

Comparator output

Fig. 49. Simulated characteristics of the comparator at 100 MHz
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Fig. 48 shows the circuit diagram of the comparator-limiter that takes the above design 

constraints into consideration. The comparator block is the simple differential pair. A 

more complex circuit will decrease the speed of operation of the comparator. The 

differential pair together with the resistors used in the attenuator determines the small 

signal gain of the comparator. The value of the resistors should be optimized to have a 

flat response for the attenuator. This would make the values of the resistors small. The 

transistors Mi should be optimized so that the gain of the comparator is slightly more

than ®daind
Q m in imum

To achieve this gain driving the small resistors requires a large

transconductance. The area of Mi cannot be large lest it might load the filter. Hence the

DC current in transistors should be large. In this design, the value of ^ — ed - is around
S m in  imum

five. Since this gain is not very large, a common mode feed back circuit is not needed. 

Transistor M3 attains the common mode rejection. Transistor M2 is optimized so that the 

DC voltage of the output of the comparator is close to that of the input.

As discussed before, the limiter should be as non-linear as possible [64]. Since 

the limiter has to work at high frequencies, a complex circuit cannot be used. MOSFETs 

and diodes are the simplest devices with non-linear characteristics and of these two, 

diodes with their exponential characteristics are more non-linear. Hence two diodes are 

used to limit the output voltage of the comparator. The voltages Ei and E2 shown in Fig. 

48 can be used to change the characteristics of the limiter. The simulated results for the 

comparator at 100 MHz input frequency are shown in Fig. 49. The V-I characteristics of 

the block are shown in Fig. 50. AMI 0.5u technology, being a purely CMOS process, is 

not optimized to have a diode. The diode used in the limiter is the parasitic diode that 

exists in any CMOS process. It is made from p+ (intended to be used as drain or source 

of a PMOS) and n~ (intended to be used as the well in which PMOS transistors reside). 

Since the process is not optimized to provide this diode, the characteristics will not be as 

good as in a bipolar or BiCMOS process. But, the characteristics of the diode are not 

significant for the functioning of the limiter. The layout of the diode is shown in Fig. 51.
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V-I Characteristics of the comparator-limiter block

Fig. 50. V-I charateristics of the comparator-limiter block (Ei=E2=E)

Fig. 51. Layout of the diode in AMI 0.5pm technology (p+ in center and nwell around)
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Fig. 52. Block diagram of the PLL

B. Multiplier

The multiplier is the most used blocks in the tuning scheme and a careful designing of 

the multiplier can avert a lot of problems. Fig. 52 shows the Phase Locked Loop. It uses 

an XOR circuit to detect the phase difference between the VCO and the reference input. 

A multiplier can also be used for this purpose. Thus the same multiplier design can be 

used in the PLL as well. The complete circuit diagram of the tuning scheme with the 

XOR replaced by the multiplier is shown in Fig. 53. The function of all the three 

multipliers in the tuning scheme is to down convert the signals. As discussed in the 

previous chapter, the gain of the multiplier is not a very important design constraint. The 

blocks that follow the multiplier can compensate the loss of gain due to the multipliers. 

The most important constraint in designing the fully differential multiplier is the 

symmetry. Both the differential signals should pass through exactly similar nodes. 

Otherwise, the phase shift suffered by each of the signals will be different and this will 

create an error. There are many topologies of multipliers [65]. The circuit shown in Fig. 

54 has the advantage of not only being symmetric but also being extremely simple to
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design. It works on the principle of cross coupling and is proven to be very linear [66]. 

The biggest disadvantage of the circuit is its poor common mode response. Also, if the 

common mode of both the inputs is not around the same DC voltage, the gain of the 

multiplier drops significantly. Hence, this multiplier is not a good choice for a general 

application except when low supply voltage is a constraint.

Master
filter

Integrator

Comparator

LP Filter

Reference Clock

Slave
filter

Fig. 53. Block diagram of the new tuning scheme with XOR replaced by multiplier
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Fig. 54. Circuit diagram of the multiplier

In the present application, all the common mode voltages are around the same DC 

voltage and hence, the CMRR is not a significant issue for the multiplier. The multiplier 

gain is given by equation 4.1.

Multiplier gain = 7— ^  ^DD (4.1)
( r , D c - v T )

The common mode gain of the multiplier is given by the following equation.

CM gain = 4 Vlo

C n c - M

(4.2)

For this application, CMRR of 30 dB for multiplier is more than sufficient, which can be 

easily obtained by this architecture. One of the interesting properties of this multiplier is 

that the gain is almost independent of the transistor properties like width and length. 

Hence, the user can concentrate on decreasing the area occupied by the transistors. The 

minimum area of the transistors is determined by the frequency response desired from 

the multiplier. As the transconductance of the transistor decreases, the bandwidth of the
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multiplier decreases. The main contribution to the area of the multiplier is from the 

resistors. The resistors should not only be linear but also must be matched closely for a 

proper multiplication.

C. Summer

The summer, also called the Differential Difference Adder in this case, is an important 

component in the Q tuning scheme. The equation that gives the differential offset at the 

input of the integrator is reproduced here for convenience.

Offset = G „,G S„  (0„ -  0 BP p BP + 0 _  + ^  (4.3)
'A n t, DC

It can be seen from the above equation that any differential offset in the summer causes 

large inaccuracies in the Q tuning scheme. The purpose of the summer is to take 

difference of two differential DC voltages. Since the summer is concerned only with the 

DC voltages, the frequency response of the summer is not of any consequence. The 

common mode rejection of the summer is not extremely important but if it is high, it can 

decrease the burden on the design of integrator. The gain of the summer is also not a 

critical design parameter. If the gain of the summer is small, the DC gain of the 

integrator that follows the summer should be high so that the loop gain does not suffer. 

The circuit used for the summer is shown in Fig. 55. Transistor M3 together with ‘biasl ’ 

controls the gain of the summer. The current through the summer, and hence the 

bandwidth of the summer is controlled by Mi. The output impedance of M l also controls 

the common mode rejection ratio. Matching of the transistors is extremely important to 

decrease the differential offset. The mismatch can occur due to systematic offset and 

random offset. To overcome the systematic offset, common centroid layout is used and 

to reduce the random offset, the area of each transistor is increased significantly.
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Fig. 55. Schematic of the summer

Fig. 56. Loop filter in the PLL
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D. Low Pass Filter

The low pass filter is used in the Phase Locked Loop to filter out the high frequency 

components generated by the multiplier. This filter is also called the ‘loop filter’ in the 

PLL terminology. The circuit that is used for this purpose is shown in Fig. 56. The main 

considerations of the filter are the same as the standard constraints in the design of any 

loop filter. These constraints can be found in any standard analog design textbooks 

including [18] and [67]. Other than the standard constraints, the low pass filter also 

should work as a differential to single ended converter. Hence the common mode 

rejection ratio of the circuit should be high. For this, the components with same values 

shown in Fig. 56 should be very well matched. The transfer function of the circuit is 

given equation 4.4.
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(4.4)

R 1
The gain of the circuit is given by —  and the pole frequency is given by ----- rad/s.

R, R2C

The frequency response of the Operational Amplifier is not of much importance as long 

as the Gain Band Width product is much higher than the pole frequency. To have a good 

control over the tuning scheme, this Low pass filter is built outside the fabricated IC, 

using off the shelf components. In the simulations of the tuning scheme, a macro model 

is used to simulate the OpAanp. For the experimental setup, the following components 

were used.

• GBW of the Opamp = 10 MHz

• — -—  is variable from 10 KHz to 1 MHz
27tCR2

r 2 .
—  is variable from 0.25 to 4. 
R\
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• Mismatches in either Ri or R2 are less than 0.1% which gives a CMRR of 60 dB.

E. Integrator

C

Fig. 57. Circuit of the integrator used in the tuning scheme

The last building block in the Q tuning scheme is the integrator. The main purpose of the 

integrator in this tuning scheme is to adjust its output voltage such that its DC input 

voltage goes to zero. An ideal integrator will have infinite gain at DC, since this not 

possible practically, the DC gain of the integrator should be made as high as possible. 

Another important function of this block is as a differential to single ended converter. 

Again, for the sake of more control over the whole tuning scheme, the integrator is built 

externally using off the shelf components. The circuit of the integrator is shown in Fig. 

57. The Op Amp chosen for the circuit should have very large gain and have a very low 

offset. Like the low pass filter, the matching of the components in this circuit is also very 

important. Extreme care should be taken to choose the components that are very closely 

matched. The Gain Band Width product of the OpAmp is not important. The unity gain

frequency of the integrator is given b y ---- . The value of the resistor should be
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reasonably high so that they do not load the summer (The summer’s output goes as input 

to the integrator). The value of the capacitor is not important if only the accuracy of the 

tuning scheme is concerned. But, if the time taken to tune the filter is also a design 

parameter, care should be taken while selecting its value. A large capacitor increases the 

tuning time where a very small capacitor might not be sufficient to provide the necessary 

phase margin in the loop. Instead of using the integrator, an Op Amp in open loop itself 

can be used. The circuit is shown in Fig. 58. This circuit helps in eliminating the loading 

of the summer and also removes the constraints of matching the resistors and capacitors. 

But, the Gain Band Width of the OpAmp should be sufficiently small to make the loop 

stable. This technique would occupy much lesser area and will involve much lesser area 

than an OpAmp with resistors and capacitors. While simulating the circuit, both the 

techniques are used to realize the integrator and the tuning scheme was functional in 

both the cases. Again, for having more control over the tuning process, this integrator is 

built outside the fabricated IC using off the shelf components. The OpAmp used for this 

purpose is OP493 and has the following characteristics.

DC gain > 100 dB
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• GBW = 35 KHz

• Phase margin = 60°

• Power consumption = 72.5 uA

The filter and the tuning scheme built using the components discussed above are 

simulated to check their performance. The results are shown in the next chapter. The 

layout of the design is sent for fabrication in AMI 0.5p technology. The experimental 

results on the IC are also discussed in the next chapter.
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CHAPTER V

SIMULATION AND EXPERIMENTAL RESULTS

As discussed in chapter II, the new OTA is used to build a second order band pass filter. 

In this chapter, the simulated results and the experimental results of the filter are 

described. The new tuning scheme described in Chapter III is built using the components 

described in Chapter IV. The simulated results and the experimental results of the tuning 

scheme are also discussed in the present chapter.

A. Layout and Photograph of the Die

As mentioned in the previous chapters, the filter and the tuning scheme were designed in 

the standard CMOS technology of AMI 0.5pm provided through MOSIS. The layout of 

the whole Integrated Circuit (filter and tuning scheme) is shown in Fig. 59. The figure 

shows both the layout of the circuit itself together with the pad frame. The size of the 

layout is 900pmx 900pm. Together with the pad frame, the size of the IC is 

1500pmx 1500pm. The total number of pins for the IC are 40. It is packaged using 

DIP40. The parasitics of the pads (used to connect the circuit to the package) are a major 

concern, especially if they are connected to the nodes that operate at high frequencies. In 

such cases, internal protection is removed as can be seen in the layout for six pads. To 

further avoid the loading due to the pads, all the high frequency signals are first passed 

through on-chip buffers before connecting them to the pad. ‘Guard rings’ are used 

wherever possible, to avoid latch up and to suppress the substrate-noise coupling. 

‘Interdigitation’ is used to get good matching for resistors used in the attenuator and 

transistors used in the filter. ‘Common-Centroid’ technique is used to get matched 

capacitors. All the differential signals have exactly similar paths to travel thus making 

sure that the parasitics seen by both halves of the differential circuit are exactly same.
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The supply metal wires carry large currents and hence are made as wide as possible. The 

die photograph of the IC is shown in Fig. 60.

1 ilVl j f . H. !

4ifTr-*-r>ft-inr

Fig. 59. Layout of the IC sent for fabrication in AMI 0.5p technology



Fig. 60. Die photograph of the integrated circuit
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B. Simulation Results for the Filter

The characteristics of the filter, designed using AMI0.5pm technology and simulated 

using ‘SpectreS’ are shown below. Fig. 61 shows the response of the filter when the 

center frequency is 77MHz, 100MHz and 117MHz and the quality factor is 9.5, 4 and 35 

respectively. From the figure, it can be seen that the designed filter is indeed tunable 

over a wide range of center frequencies and quality factors. For the Gm-C filters, 

especially for high frequency and/or high Q filters, the variations of parameters can 

change the realized characteristics to be quite different from the designed characteristics. 

So, to regain the designed characteristics, wide tunability of the filter is very important. 

The characteristics shown also include the most difficult of all -  high frequency and high

Q .

Fig. 61. Simulated characteristics of the filter for various center frequencies and Qs
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Fig. 62 shows the Common mode characteristics of the filter, together with the 

differential mode characteristics when the filter is tuned to have a center frequency of 

100MHz and quality factor of 20. During the experimentation stage, the equipment 

cannot directly show CMRR, it can only show the common mode and differential mode 

gains. Hence for the sake of correspondence, common mode and differential mode gains 

are shown independently during these simulated results also. It can be noted from the 

graph that CMRR is more that 40dB in the band of interest.

Fig. 62. Simulated common mode and differential mode gains of the filter
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The gain of the filter (center frequency = 100MHz, Quality factor = 20) from negative 

power supply to the output, along with the differential gain from input to output is 

shown in Fig. 63. Due to the limitation of the instruments used to obtain the 

experimental results, the gains are shown independently instead of PSRR". It can be 

noted from the graph that power supply rejection is more than 40dB in the band of 

interest. It can also be seen from the graph that, as discussed in chapter II, the Power 

Supply Rejection and the Common mode Rejection are similar.

Fig. 63. Simulated power supply gain and differential gain of the filter
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Fig. 64 shows the noise response of the filter when tuned to center frequency of 100MHz 

and quality factor of 20. As expected, the noise is shaped by the filter characteristics. 

Since the frequency of operation of the filter is very high, flicker noise does not 

contribute to the total noise of the filter. The total integrated output noise o f the filter is 

0.58mV.

Fig. 64. Simulated output noise of the filter
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To measure the linearity of the band pass filter, two tones (or frequencies) which are 

very close to each other and are inside the band of the filter are given as input. Due to 

the non-linearity of the filter, these tones produce harmonics, which in turn get 

modulated to give third order inter-modulation products. The two tones which are given 

as input should be close enough so that the third order inter-modulation products also 

fall in the band of the filter. For reasonable inputs, these third order inter-modulation 

products are very small compared to the input. This difference in strength between the 

two input tones and their inter-modulation products is called LM3. Fig. 65 shows the 

result of this two tone test.

0.00

- 10,0

Frequency domain response 
for the two-tone test 200m Time domain response

■ for the two tone test

A: -24.1209) delta: (-1,000021/1 -41.0158)
B: (98.5M -65.1377) slope: 41.0159u

-200m ........... i ........... i ............ i .. i
3.0u 4.0u 5.0u 6.0u

time ( s )
7.0u

Fig. 65. Simulated two tone inter-modulation test for the filter
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From Fig. 65, it can be seen that the input to the filter can be -24  dB (63 mV) with an 

IM3 o f -40  dB. From this value and from the total integrated noise calculated above, the 

SNR of the filter is 41 dB.

C. Experimental Setup to Test the Filter

A printed board is designed to test the filter. The setup is shown in Fig. 66. The main 

components of the external circuit are transformer, capacitors and resistors. 

Transformers are used to convert the single ended input to differential input of the filter 

and then to convert the differential output of the filter to single ended. The transformers 

used in this experiment are TTWB4-B from CoilCraft. The transformer has an 

impedance ratio o f 1:4 and 3 dB bandwidth between 0.1-1500 MHz. Capacitor^ are used 

for DC blocking. The value of the capacitor is not very important as long as they are 

sufficiently large. In this experiment 33nF is used. The resistors are used mainly for 

matching the input and output to 50 Q. They are also used to provide the DC biasing.

Fig. 66. Test setup for the filter characterization
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D. Experimental Results for the Filter

Fig. 67 shows the characteristics of the on-chip buffers (for lmV input). Since the output 

of the filter comes out of the IC only after passing through the buffer, the characteristics 

of the buffer should be subtracted from the other experimental characteristics to get the 

actual characteristics of the filter.

Ref  Lvl  
-2D dBm

-120

RBU
VBU
SWT

1 D□ kHz 
1 0□ kHz 
38 ms

RF Att 

Un i t

ID dB 

dBm

1 Qo MHz.

^ -----

2MAX 2MA

S ta r t  50 ['1Hz:

Date :  2 3 .SEP.2001 13:43:05

Stop 2D0 MHz

Fig. 67. Experimental characteristics of the on-chip buffer
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Fig. 68 shows the characteristics of the filter obtained experimentally. This figure is 

analogous to Fig. 61. From the figure, it can be seen that the experimental results match 

quite well with simulated results.

Lv 1
-20 dBm

RBU IDO kHz RF Att ID dB
VBW 1D0 kHz
SWT 38 ms Unit dBm

Fig. 68. Experimental characteristics of the filter for various frequencies and Qs
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Fig.69 shows the experimental common mode and differential mode characteristics 

when the filter is tuned to center frequency of 100MHz and Quality factor o f.20. From 

the figure, it can be observed that CMRR is around 40 dB in the band of interest.

Fig. 69. Experimental common mode and differential mode characteristics of the filter



1 0 7

Fig. 70 shows the gain of the signal from negative power supply to the output. It also 

shows the differential gain from input of the filter. This figure is analogous to Fig. 63. 

From the figure, it can be seen that the Power Supply Rejection Ratio is around 40 dB, 

which is almost the same as what is obtained through simulations.

RBLJ 1 D D kHz RF Att ID dB
Re f: Lv 1 VBU 1 G D kHz
-2D dBm SUIT 38 ms Unit dBm

Fig. 70. Experimental power supply and differential gain of the filter
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The output noise characteristics of the filter are shown in Fig. 71. It can be observed that, 

as expected, the output noise of the filter is shaped by the transfer function of the filter. 

The total integrated noise is 0,7mV

-70 dBm

R8U 1 GO kHz RF Att ID dB

V8U ID kHz

SUT 380 ms Unit dBm

Date:  2B.QCT.2Q01 6:18:20

Fig. 71. Experimental output noise characteristics of the filter
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Fig. 72 shows the results of the experimental two-tone test(with out adjusting for the 

buffer characteristics). From this figure and from Fig. 67 (buffer characteristics), it can 

be calculated that when the input is about 60mV, IM3 is 40 dB. Using this value and the 

noise calculated from Fig. 71, SNR is found to be 39 dB.

Marker 1 [ T 1 ] RBW 1 □ □ kHz RF Att ID dB
Ref Lv 1 -B7.9G dBm VBU 1 □ D kHz

□ dBm 98.48697395 MHz 5WT 5 ms Un 1 t dBm

Fig. 72. Results of the two tone inter-modulation test for the filter
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E. Simulation Results for the Tuning Scheme

The tuning scheme discussed in chapter III and IV is simulated with a clock frequency of 

100MHz (the center frequency of the filter should be tuned to 100MHz). Fig. 73 shows 

that the both the frequency and Q tuning voltages settle to a value. These values are used 

to find the AC response of the filter and the error is found to be less than 0.1% in both 

frequency and Q. But, this level of accuracy is not exactly practical, both due to 

measurement errors and also due to mismatch between master and slave (which cannot 

be taken into account by the simulator).

F req u en cy  tuning v o lta g e
-595 .0m

-5 9 6 .0 m :

5 97 ,0m :
> ;
'—L-598.0mfl

—599,0m :

—600,0m ' ! , . . , . i » i ■ i ■ 1 i i i ! ■ ................ .. i.»■■■

Fig. 73. Control voltages (Vq and Vf) to the filter on power-up (simulated)
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F. Experimental Setup to Test the Tuning Scheme

Fig. 74 shows the experimental test set up for testing the tuning scheme. It can be seen 

that it is much more involved that the test set up for the filter. Apart from transformers, 

resistors and capacitors, this set up also involves operational amplifiers. This additional 

circuitry, which is used as LPF and integrator in frequency tuning and Q tuning 

respectively, is described in chapter IV. These circuits could have been included in the 

Integrated Circuit itself, but this implementation gives more control over the whole 

tuning process. Fig. 75 shows the picture of the PCB with the experimental setup.

Fig. 74. Test setup for the tuning scheme characterization
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Fig. 75. Picture of the experimental setup

2'3 Q c-t 2QQ1 22:25:4-2

Fig. 76. Zoomed in characteristics of the tuned filter (experimental)
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Fig. 76 shows the zoomed in characteristics of the filter obtained experimentally after 

the Q tuning loop is closed and the center frequency is tuned to 100 MHz. From Fig. 76, 

the measured Q tuning error is less than 1%. It can be seen from these figures that both 

the simulations and experimental results prove the theory to be correct and that the filter 

and the tuning scheme work as expected. The results are summarized in Table. I.

Table. I. Summary of results for the filter and the tuning scheme

G. Experimental Results for the Tuning Scheme

Parameter Value Unit

Power supply 3.3 V

Power consumption 92.4 MW

Chip area 0.81 Mm2

Frequency tuning range 85-110 MHz

Q tuning range 5 - 4 0 -

CMRR @ 100MHz 40 DB

PSRR @ 100MHz 40 DB

Signal @ IM3=40dB -11 DBm

Noise floor -50 DBm

SNR 39 DB

Tuning error < 1 %
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From the table it can be seen that the experimental results corroborate the theory and the 

design discussed in previous chapters. The conclusions of this research are discussed in 

the next chapter.
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CHAPTER VI 

CONCLUSIONS

A new method of designing the common mode control circuitry for differential circuits 

is proposed. A procedure to design different high frequency transconductors using the 

proposed method is discussed. A pseudo differential high frequency transconductor 

designed using the above procedure is used to build a bandpass filter with center 

frequency around 85 MHz -  100 MHz and Q around 5 -  40.

An improved implementation of modifed LMS Q tuning scheme is proposed. 

The proposed implementation is more robust to offsets in the building blocks and is 

better suited for high frequency applications than the previous implementation. A novel 

method of combining this Q tuning scheme with PLL-VCO frequency tuning is also 

proposed. This combination decreases the area overhead of the tuning scheme, consumes 

lesser power, has less substrate couple noise and has lesser probability of suffering from 

mismatch, when compared to the previous tuning scheme.

Both the high frequency filter, built using the proposed OTA, and the new tuning 

scheme are designed using AMI 0.5pm technology. The tuning scheme is used to tune 

the filter to a Q of 20 at 100 MHz. The circuit was sent for fabrication and the ICs were 

tested. The tuning error was around 1% for all the four ICs tested, thus proving the 

proposed theory to be correct.
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