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Fig. 4. Cascading two chips for doubling horizontal search range: (a) block
diagram of cascading two chips and (b) search area for two chips.

in a search area using simply two search data input flows, and by

the continuous process between blocks. We have implemented the

processor for 16/ 15 search ranges in a total of 220k gates using

0.6 m triple-metal CMOS technology. It has been shown that the

operating clock runs up to 66 MHz. Therefore, its application scope

can contain the encoding H.263(4CIF), MPEG2(MP@ML), and other

multimedia applications.
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Lossy Synthesis of Digital Lattice Filters

Louiza Sellami and Robert W. Newcomb

Abstract— A new method for converting a lossless cascade lattice

realization of a real, stable, single-input, single-output
filter, with a lossy constant terminating one-port section, to a lossy

realization is proposed. The conversion process is carried out through the

factorization of the transfer scattering matrix of a two-port equivalent of

the terminating section and the distribution of the loss term, embedded in

this matrix, among the lossless lattice sections according to some desirable
pattern. The cascade is then made computable through the extraction of

right-matched -unitary normalization sections. The technique applies

to both degree-one and degree-two lattice sections, and is rendered

systematic owing to the particular lossless lattice structure used. The
motivation for this work lies in the synthesis of a pipeline of digital

cochlea lattices with loss suitable for hearing impairment diagnosis via

Kemp echoes.

Index Terms— Computable lossy filters, digital lattice filters, passive

synthesis.

I. INTRODUCTION

In [1], we proposed a new technique to synthesize a real, sta-

ble, single-input, single-output ARMA( ) filter as a cascade

of degree-one or degree-two real lossless lattice sections from the

reflection coefficient and the zeros of transmission (real or complex),

with a minimum number of delay elements. The technique relies on

a four-step complex Richard’s function extraction where two steps

are used for degree reduction, and the other two for obtaining real

degree-two sections from complex degree-one sections. The resulting

structure is terminated on a lossy constant real one-port section after

all of the dynamics is extracted through repeated lossless extractions.

In the present paper, we develop a new technique to obtain a lossy

cascade structure from a lossless one with lossy termination while

preserving its passivity and realness properties. The key idea is to

distribute the loss term, embedded in the terminating section, among

the lattice sections in such a fashion as to include a loss term locally,

according to some desirable pattern. Since the resulting sections are

not computable, i.e., admit delay-free loops, we transform them to
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Fig. 1. Signal flow graph of the degree-one section of (1). Here,
.

computable sections following the ideas of Deprettere and Dewilde

[2]. To achieve this, we use the following procedures.

• Conversion of the terminating lossy load from a one-port to a

lossy loaded two-port, and construction of its transfer scattering

matrix .

• Factorization of in the form .

• Distribution of the matrices among the lossless lattice

sections.

• Realization of the lossy structure with no delay-free loops.

A typical application of this technique is the implementation of

cochlea lattice filters for cochlea characterization from noninvasive

measurements of stimulated acoustic emissions (also known as Kemp

echoes) [3]. Since the cochlea has some loss embedded in the basilar

membrane, it is important to incorporate this loss in the lattice filter

model so that an accurate assessment of the characteristic parameters

of the ear can be achieved.

II. PRELIMINARIES

In the following sections, we will rely heavily on the concepts

of lossless lattice synthesis of ARMA filters developed in [1] for

the structure and properties of the lossless lattice realization, and [4]

for the concepts of network synthesis. Therefore, here we assemble

those main results, as well as present passivity conditions for a lossy

section.

Here and in the following, the superscripts and T denote complex

conjugation and matrix transposition, respectively, while the subscript

denotes para-Hermitian conjugation, i.e., for

a matrix . We define the transfer scattering matrix of

a section as the matrix that gives the signals at the left

port when multiplied by the signals at the right port. Each

degree-one section with nonunit zero of transmission and normalized

to is described by a transfer scattering matrix

of the form [1], [2]

(1)

where is the 2 2 identity matrix, is the zero of transmission

being realized with , , and are two constant, possibly

complex, vectors, and is given by

(2)

The signal flow diagram of (1) is shown in Fig. 1.

If the section is passive, the transfer scattering matrix is -

expansive, i.e., in where

means positive semidefinite. If the section is lossless, the transfer

scattering matrix is -para-unitary, i.e., ,

as well as -expansive in .

For a lossless passive section, and are such that

and , resulting from the

-para-unitary property, although for a lossy section described by

(1), the vectors and may be chosen

equal. But in any event, does not satisfy the -para-unitary

condition. In [1], it was shown that the lossless section of (1) could be

realized as a cascade of two lattice sections: a delay lattice cascaded

with a constant lattice as shown in Fig. 2. As can be seen from Fig. 2,

the section is stable since, for , the section has a pole at

which is inside the unit circle, and for , the section has a pole

at which is also inside the unit circle. Moreover, it was proven in

[2] that such a lattice filter can always be realized with no delay-free

loops.

A degree-two real lossless lattice section is realized as a cascade of

two degree-one lossless lattice sections (of the type shown in Fig. 2)

extracting a pair of conjugate zeros of transmission, according to the

synthesis technique developed in [1]. The transfer scattering matrix

of such a degree-two lattice section is, therefore, obtained as follows

[1], [2]:

(3)

where

(4)

and the last form of (3) results in real elements.

III. TRANSFER SCATTERING MATRIX OF THE TERMINATING SECTION

We assume the existence of a nonzero lossy passive terminating

section in the ARMA realization process, and let be the nor-

malized input reflection coefficient and the associated “input

resistance” of the lossy constant terminating section (Fig. 3); then

is constant and such that , and is related to through

the following equation [4]:

(5)

Considering that can be looked upon as coming from a resistor,

we split into a series of two positive resistances and ,

as shown in Fig. 4, and represent the extracted resistance as a

two-port system for which we write

and

(6)

The corresponding transfer scattering matrix is given by (see the

Appendix for details)

(7)
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(a)

(b)

Fig. 2. Signal flow graphs of a degree-one lossless lattice section with . (a) and . (b)
and .

Fig. 3. Lossy constant terminating section.

Fig. 4. Extracted resistance represented as a two-port.

and is in the form of Fig. 1, with the resulting structure shown in

Fig. 5 ( and being defined for use in Section VI). This structure

is naturally suited for describing distributed loss in our cochlea model

[5], which drew our attention to the need for lossy sections. Note

that, although delay-free loops are highly apparent in the signal

flow graph of Fig. 5, we will prove in Section VI that, with the

chosen structure for the terminating constant section, the cascaded

lossy structure can be made computable through the insertion of

right-matched normalization sections.

IV. TRANSFER SCATTERING MATRIX FACTORIZATION

Proposition 1: The transfer scattering matrix of (7) can be

factored as follows:

(8)

where the ’s form any nonnegative partition of such that

and (9)

Fig. 5. Signal flow graph of the lossy constant terminating section.

Proof: Consider two matrices and as defined in (7);

then we have, as ,

(10)

By repeating this process times, we establish (8). The factorization

of can be represented schematically by a cascade of constant lossy

sections of the type shown in Fig. 5 with similar structures, but of

differing parameters.

V. LOSSY SYNTHESIS TECHNIQUE

The key to the lossy synthesis technique is the factorization of the

transfer scattering matrix of the lossy terminating section (derived in

Proposition 1) and the use of the particular structure of the lossless

lattice sections proposed in [1]. This structure allows for a systematic

conversion from lossless to lossy, as shown in Propositions 2 and 3

below.

Proposition 2—Case of Degree-One Lattice Sections: Any degree-

one passive lossless lattice section, of transfer scattering matrix

, cascaded on the right (or left) with a constant lossy section,

of transfer scattering matrix , is equivalent to a degree-one lossy

section of transfer scattering matrix cascaded on the left (or

right) with the same constant lossy section, as illustrated in Fig. 6,
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Fig. 6. Transformation of a lossless lattice section to a lossy section.

with

and (11)

Proof: Assuming the structure of Fig. 6 with identical on

the left and the right gives

(12)

The left-hand side of (12) is equal to the right-hand side if and only if

(13)

The solution in (13) always exists since is nonsingular and its

inverse is

(14)

Since , we have

(15)

which, when substituted in (13), yields the possible solution

and (16)

And because , is lossy. Note that since the left side

of (12) is passive, so is the right side, although need not

be passive. However, the passivity of is not a concern here

since, in the end, we are interested in implementing sections of the

type which are passive, and thus, at each extraction, the

magnitude of the reflection coefficient is less than one in .

Proposition 3—Case of Degree-Two Lattice Sections: Any degree-

two passive real lossless lattice section, of transfer scattering matrix

, cascaded on the right (or left) with a constant lossy section,

of transfer scattering matrix , is equivalent to a degree-two lossy

real section of transfer scattering matrix cascaded on the left

(or right) with the same constant lossy section with

and (17)

Proof: We start with

(18)

and repeat the proof given in Proposition 2. Here, again, by virtue

of (12), the cascaded structure remains passive, irrespective of the

passivity of .

Proposition 4: Given the overall transfer scattering matrix of

a lattice filter, realized as a cascade of degree-one or degree-two

lossless lattices sections terminated on a constant real lossy section,

such that

(19)

where is the transfer scattering matrix of the th lossless lattice

section as defined in (1), for a degree-one lattice, or (3), for a degree-

two lattice, and is the transfer scattering matrix of the lossy

constant terminating section, factored in the form

(20)

Then can be realized as a cascade of degree-one or degree-

two lossy sections terminated on a lossy constant section of transfer

scattering matrix such that

(21)

where

and

for (22)

and is the transfer scattering matrix describing the th lossy

passive section. If is real, then is also real.

Proof: For the proof, we use the results of the previous propo-

sition, that is,

for (23)

This process is repeated times for and yields ,

times for and yields , and once for and

yields as shown below:

...

(24)

where

for (25)

By the argument given in (12), is passive and lossy. With

(23)–(25), we establish the algorithm given in (22) for computing the

transfer scattering matrices of the lossy sections.

VI. COMPUTABLE LOSSY SECTIONS

For many purposes, it is important that the structure have no delay-

free loops, i.e., be computable, for example, when using an iterative

calculation where an iteration could not otherwise proceed due to

a signal’s new value depending on that value itself. Consequently,

we follow the technique introduced in [2, pp. 252–253] for lossless
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Fig. 7. Signal flow graph of the constant lossless passive section of (26).

structures, and prove here that it is always possible to find an

equivalent lossy cascade which has no delay-free loops. To this end,

we first perform a transformation on the overall transfer scattering

matrix by multiplying it on the right by a constant -unitary

matrix (for computability). We then factor and distribute

among the sections in such a fashion as to provide for their local

normalization, leading to a computable cascade. We proceed from

the fact that any constant passive lossless section can be described

by a -unitary transfer scattering matrix of the form

(26)

where to guarantee that is -expansive and and

must satisfy (27) for to be -unitary:

(27)

The corresponding signal flow diagram is shown in Fig. 7.

Proposition 5: The transfer scattering matrix given in (26)

can be factored as the product of -unitary, -expansive transfer

scattering matrices as follows:

with (28)

Proof: We give the proof for the case of two matrices; the same

procedure can then be repeated to establish the general case. Consider

and of the form given in (28). Then

(29)

If we choose and , then the factorization is

possible and

(30)

(31)

Proposition 6: Consider of the form given in (7) and of

the form given in (28), then the following is always true:

(32)

where is -expansive and is given by

(33)

Proof: The proof follows directly from Proposition 2. Since ,

, and are -expansive, it follows that is also -expansive.

Note that has the same structure as , except that the vectors

and are replaced by and , respectively [see (7)].

As a consequence of Propositions 4–6, the -unitary matrix

can now be distributed among the load sections. In turn, the sections

resulting from this process can be distributed among the original

lossless sections, thus creating a cascade of sections of the form

as shown below.

(34)

Proposition 7: The section described by the transfer scattering

matrix is always computable and is real if is real.

Proof: For computability, it is necessary and sufficient to choose

so that the entry of is zero at infinity for

. Since has the same structure as its lossless counterpart,

we have

(35)

After some calculations, it is seen that the (1, 2) entry is forced to

zero by the choice

(36)

where satisfies imposed by the passivity condition.

The factors of (34) are those which will be used recursively to

synthesize the computable cascade. The flow graph of each section

is obtained by cascading the flow graphs given in Figs. 2, 5, and

7. Note that in the end, we obtain a lossy passive cascade where

each section is composed of a lossless passive dynamic section, a

lossy passive constant load section, and a lossless passive constant

section. It follows that each section is lossy and passive, and thus

the magnitude of the load on each section has a reflection coefficient

less than or equal to one in .

VII. LOSSY SYNTHESIS OF AN ARMA(6, 6) FILTER

Here, we illustrate the technique with a simple example in which

a lossy-terminated lossless lattice structure implementing a stable

ARMA(6, 6) filter is converted to a cascade of lossy structures. The

lossless lattice structure is a cascade of three degree-two real lattice

filter sections terminated on a constant one-port section. The lossless

lattice sections are described by their transfer scattering matrices

(taken from [1]) as follows.

For the first lossless lattice filter section, see (37). For the second

lossless lattice filter section, see (38). For the third lattice lossless

filter section, see (39). The lossy terminating one-port section is

characterized by its input reflection coefficient and an

input resistance . For simplicity, we choose and

divide the input resistance into three equal resistances

. Each lossy constant section is then described

by the following transfer scattering matrix:

(40)



IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS—II: ANALOG AND DIGITAL SIGNAL PROCESSING, VOL. 45, NO. 4, APRIL 1998 517

Next, we compute the transfer scattering matrices of the lossy sections

according to the algorithm given in (22) as shown in (41)–(43) at the

bottom of the page.

To show that we do get rid of delay free loops, as an example,

we apply the technique developed in Section VI to the first section.

Since the technique was developed to work with degree-one sections,

we factor into two degree-one factors, the first of these being

characterized by the transfer scattering matrix in (44) at the bottom

of the page. We use (36) to calculate the coefficient and then form

the right-matched normalization factor:

(45)

The resulting section is shown in (46) at the bottom of the page,

which is computable since the (1, 2) term is zero at infinity.

VIII. DISCUSSION

In this paper, we modified the nature of the lattice realization

developed in [1] from a cascade of lossless lattice sections to lossy

ones by distributing the loss term among the lossless lattices. This is

accomplished by converting a portion of the lossy terminating section

into a two-port, deriving an associated transfer scattering matrix from

its input reflection coefficient, factoring it into a cascade of constant

lossy two-ports of the same structure, translating these two-ports from

the end of the lossless cascade to the appropriate location, and finally,

calculating the new lossy sections. As proven in Propositions 2 and

3, by passing from the right side of to its left side, the

proposed technique modifies the nature of each section from lossless

to lossy while preserving the structure of Fig. 1. In addition, the

technique preserves the realness property of and the passivity

property of in (12), although may not be passive.

However, since in the end we are interested in the implementation

of sections of the type given in (12), the passivity of is not a

concern here, and thus, is not further investigated at this point. But the

computability of the cascade is a major concern for various purposes

and, therefore, was discussed and solved. It was shown that the lossy

structure could be realized as a computable cascade of lossy sections,

each consisting of a lossy dynamic section connected on the right to a

constant lossless section. Note that making a real degree-one section

computable does not alter the realness. However, the realness for the

degree-two case needs further investigation.

The technique applies to both degree-one and degree-two lossless

lattices, and is best suited for the lossless synthesis described in [1].

However, with minor modifications, it can be adapted to suit other

types of ARMA synthesis such as the ones presented in [6] (two-

ports), [7] (four-ports), or [2] (orthogonal multiport digital filters). As

with the passive network synthesis techniques, on which the method

is based, generalizations to multiports is possible, while of perhaps

equal importance would be the insertion of nondynamic nonlinearities

between sections.

In the factorization of the transfer scattering matrix of the lossy

terminating section, the choice of the parameter in (8) for each

factor is not imposed and, therefore, could be adapted to the kind of

application being considered. For instance, in the lattice realization of

the cochlea models developed in [3], [5], the distribution of the loss

term could be chosen to match the damping distribution of the basilar

membrane along the cochlea since it is the damping that contributes

to the lossy character of the latter. In the more general (nonbiological)

ear-type analog and digital systems amenable to a pipeline ear-like

structure [8], the resistance would mimic an equivalent parameter

characteristic of the system at hand.

APPENDIX

The admittance matrix associated with the two-port of Fig. 4

is given by

(47)

The corresponding scattering matrix is determined from the

admittance matrix using the relation

(41)

(42)

(43)

(44)

(46)
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and is given by

(48)

from which we establish (7) by using

(49)
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Clock-Controlled Neuron-MOS Logic Gates

Koji Kotani, Tadashi Shibata, Makoto Imai, and Tadahiro Ohmi

Abstract—A new clock-controlled circuit scheme has been introduced in

the basic architecture of neuron-MOS (neuMOS or MOS) logic gates.

In this scheme, the charge on a neuMOS floating gate is periodically

refreshed by a clock-controlled switch. A special refreshing scheme in
which fluctuations in device parameters are automatically canceled has

been employed. As a result, the number of multiple logic levels that can

be handled in a neuMOS floating gate has been increased. In addition,
the data subtraction operation directly conducted on the floating gate

has become possible. All of these circuit techniques have enhanced

the functionality of a neuMOS logic gate a great deal. In order to

achieve a low power operation, latched-sense-amplifier circuitries are
also introduced for logic decision. Test circuits were fabricated in a

double-polysilicon CMOS process, and the basic circuit operations are

demonstrated.

Index Terms—Auto zero, clock-controlled logic, latched sense amplifier,

neuron-MOS.

I. INTRODUCTION

The functional capability of a logic integrated-circuit chip has been

ever increasing thanks to the remarkable progress in the semicon-

ductor technology. Such functionality enhancement, however, has

been achieved so far by primarily increasing the number of gates

integrated on a chip. In our previous work [1]–[5], we have proposed

an alternative approach to enhance the functionality of a chip, not

by merely increasing the number of elements, but by increasing

the functional capability of an element. For this purpose, we have

introduced a high-functionality transistor called the neuron MOSFET

(abbreviated as neuMOS or MOS for short) [1]. Using neuMOS,

a multiple-input thresholding element, the dramatic simplification in

logic circuit configurations has been demonstrated as compared to

conventional CMOS circuitries [2], [3]. In addition, the high degree

of parallelism in hardware computation and the high flexibility in

circuit architecture, such as the real-time reconfigurability of circuits,

have been realized by neuMOS logic gates, which has presented a

great potential for high-density integration of “functionality” on a

chip [2]–[8].

A neuMOS transistor is a floating-gate MOS transistor in which

multiple-input terminals are capacitively coupled to the floating gate.

The complementary inverter configuration is usually employed as
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