Design of LSI speech analyzer using switched
capacitor filter techniques
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ABSTRACT

This paper presents a design approach to an
LSI speech spectrum analyzer, which constructs one
poard speech recognition systems with other LSIs[4.
Particularly, the purpose of this LSI speech spec-
trum analyzer is to achieve high performances, such
as a high resolution filter bank, powerful inter-
face to CPU and variable spectrum integration in-
tervals. In order to realize the above spectrum
analyzer on one chip, switched capacitor filter
(SCF) techniques are applied to filter bank synthe-
sis. Design techniques to considerably reduce a
3CF's area are introduced. A breadboard model con-
structed with discrete components shows good filter
rerformances and high speech recognition rates., It
is recognized through LSI design that this LSI can
be realized on a 42 mm? chip with power dissipation
of about 300 mW using the latest CMOS technology.

INTRCDUCTION

The development of MOS IC technology has been
promoting to realize speech signal processing sys-
tems on LSIs. It has been possible to synthesis
speech recognition systems on one board using LSI
chip sets [11-1[41.

This paper presents a design approach to rea-
ilize a speech spectrum analyzer on an LSI chip.
Particularly, the purpose of this LSI speech spec-
trum analyzer is to achieve high performances, such
2s a high resolution filter bank, powerful inter-
face to CPU and variable spectrum integration in-
tervals, The analyzer can be applied to both word
and monosyllable recognition systems [51, [6]. 1In
that case, however, a filter bank requires a very
high filter order as a whole, and a very large chip
area results, How to reduce the filter bank area
is a main design problem for the above LSI.

For this purpose, switched capacitor filter
(SCF) techniques are employed, which is suitable
for monolithic IC filter reslizations and for mixed
enalog and digital circuit LSIs. Furthermore, de-
sign techniques to reduce an area of SCFs are in-
troduced. Designed SCF characteristics and meas-
ured performances of a breadboard model constructed
with discrete components are reported.

SYNTHESIS OF SPEECH SPECTRUM ANALYZER
! { 4 ! !
Figure 1 shows a functional block diagram of a
speech spectrum analyzer to be realized on an LSI
chip. LPF1 is an anti-aljasing filter synthesized
with a 2nd-order RC active filter. All filters af-
ter LPF1 are constructed with SCF techniques. An
auto gain controller (AGC) is under the CPU con-
trol and adjusts the input signal level in a dynam-
ic range of 40dB by 0.625dB step. Sample and hold
(SH),and AGC circuits are synthesized with switched
capacitor (SC) circuits, and are implemented with a
sampling frequency of 200 kHz. LPF2 is a band lim-
iting lowpass filter with 6th-order for sampling
frequency alternation from 200 kHz to 18.18 kHz.
EQL is used to emphasiZze speech spectrums in a high
frequency band. A number of channels of a filter
bank can be selected out of 16 and 20, A 20-chan-
nel filter bank is mainly required for monosyllable
(alphabet and Japanese Kana) recognition systems
[61. BPFi(i=1~16 or 20) are bandpass filters hav-
ing different 6th-order transfer functions for
16ch- and 20ch- filter banks. Using these filtar
banks, high resolution for speech’ spectrums can be
achieved, Rect is a full wave rectifier, LPF3 is
a 4th-order lowpass filter used to integrate dc
component of a full wave rectified signal, that is
the speech spectrums. LPP3 can realize six kinds
of cut-off frequencies from 12,5 Hz to 400 Hz. One
of these cut-off frequencies is selected through
the CPU control in order to obtain the optimum
spectrum integration interval. In the filter bank,
two sets of 11 channels in low and high frequency
bands are synthesized with time division multiplex-
ed SCFs. Each channel is implemented with a sampl-
ing frequency of 18.18 kHz, and a clock rate for
multiplexed 11 channels is 200 kHz. Xach group in-
cludes one dummy channel which is used to observe
dc offset voltage. The output of LPF3 is decimated
and the sampling frequency becomes 2,02 kHz per
channel, The decimated outputs of the low and high
frequency groups are multiplexed and the sampling
frequency becomes 1.01 kHz per channel. Therefore,
the minimum spectrum integration interval becomes
1 m second. Since 22 channels are multiplexed in
an interval of 1 m second, conversion time of 45m
second per channel is required for an analog-to-
digital (A/D) convertor. The output of the A/D
convertor are stored in a buffer memory. Spectrums
of 20 channels stored in the buffer memory can be
asynchronously read by CPU within the above minimum
frame of 1 m second. The spectrum integration in-
tervals can be selected as a multiple of 1 m cgecond.
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As mentioned prex.riously, the LPF3 cut-off frequextxcy
is determined according as this interval of reading
the spectrums from the buffer memory.

SWITCHED CAPACITOR FILTER DESIGN

As described- in the previous section, the fil-
ter bank requires a very high filter order as a
whole, that is (BPFi:6th + LPF3:4th)x22ch=220th~
order. Therefore, it becomes a very important de-
sign problem how to reduce the SCF area. This sec-
tion introduces several design techniques to
achieve considerable reductions in the SCF area.

Time Division Multiplexed SCF

In order to reduce numbers of operational am-
plifiers and capacitors, time division multiplexed
SCFs [71 are employed. Figure 2(a) shows a circuit
diagram for a time division multiplexed 2nd-order
SCF having a stray capacitor insensitive structure.
When zeros of the transfer-function locate on the
unit circle, C43 is not necessary. High-order SCFs
are constructed as a cascade form of the 2nd-order
sections. Since the capacitors C40, C413, C20 and
C23 do not discharge, they are individually re-
quired for all channels. On the other hand, the
capacitors Cq9, Cqp, C21 and Cpp discharge in a
half clock interval, then these capacitors can be
utilized by all channels in common. The latter ca-
pacitor values are controlled so as to monotonously
increase or decrease in ascending order of the BPFi
center frequencies., Figure 2(b) shows control sig-
nals applied to switches in the time division mul-
tiplexed SCF. The switches take ON and OFF states
with high and low level gate signals, respectively.

Transfer Punction Approximation

Transfer functions for BPFi(i=1n16 or 20) are
approximated so to have Gaussian amplitude respon-
ses in the passband and stopband attenuation of
more than 40dB through an iterative approximation
method. The task of LPF3 is to integrate the spec-
trum in the given time interval., An impulse res-
ponse of LPF3 is a weighting function for the spec-
trum integration, and is required to have a symmet-
rical form. For this reason, Bessel transfer func-
tions having zeros in a-finite frequency range are
employed for LPF3, In order to optimize the inte-
gration interval, six kinds of cut-off frequencies
from 12.5Hz to 400Hz are prepared, One of them is
selected through the CPU control.

Sampling Frequency Alternmation

It is well known that element values of RC ac-
tive filters are vary inversely as cut-off frequen-
cies, and a dynamic range of capacitance ratios in
SCFs is proportional to a ratio of a sampling fre-
quency to a bandwidth. Therefore, high and low sam-
pling frequencies are required for the SH circuit
and the filter bank, respectively, in order to re-
duce areas of both analog and sampled data filters.
LPF2 is used for this purpose, and suppresses high
frequency spectrums, A sampling frequency for the
LPF2 output signal is alternated from 200 kHz to
18.18 kHz per channel. Both BPFi and LPF3 are im-
plemented with sampling frequencies of 18.18 kHz

per channel and 200 kHz per set of 11 channels mul-
tiplexed. .

LPF3 takes a cascade form of 4th-order LPF31
and LPF32 which realize high and low cut-off frequ-
encies, respectively. ILPF31 utilizes the sampling
frequency of 18.18 kHz per channel. LPF32 is imple-
mented with an alternated sampling frequency, that
is 2,02 kHz per channel, Tasks of LPF31 include
band limitation for sampling frequency altemmation.
A decimator is utilized between LPF31 and LPF32,
vhose circuit diagram is described later.

Resigtive Divider

Although the sampling frequencies are opti-
mized, the ratios of sampling frequencies to band-
widths still take large values in some cases, be-
cause frequency ranges to be covered are wide.
Voltage division techniques are employed in order
to scale up small capacitances. There exist two
kinds of voltage division methods, that is to use a
capacitive divider U831 and to use a resistive divi-
der £91. The capacitive divider is not suited to
scale up Cq3 and Cp3 in Fig. 2(a). Because these
capacitors always hold charge, and the capacitive
dividers are individually required for all multi-
pPlexed channels. Por this reason, the resistive
divider method is applied. The capacitors to be
scaled up are Cp3 in BPFi, and Cq4s Coq and C23 in
LPF3.

Discrete Value Capacitance Optimization

It is well known that characteristics of SCFs
are determined by capacitance ratios. Purthermore,
it is desirable to realize capacitors using unit ca-
pacitors having the same dimension in order to a-
chieve high precision in capacitance ratios with
small unit capacitors on MOS ICs., Small unit capa-
citors make it possible to reduce the SCF area and
to lighten capacitive loads for operational ampli-
fiers. However, it is difficult to obtain suffi-
cient filter responses after only rounding off,
Therefore, discrete value capacitance optimization
is inherently required and becomes a very important
design process for SCFs, This discrete optimiza-
tion has been well discussed in digital filtersti01l.

In this paper, a discrete optimization method
developed for SCFs is employed [111.

Scaling capacitance: Since SCFs take the same cha-
racteristics after scaling values of capacitors
connected to the same operational amplifier input,
the capacitances included in the above group are
scaled so as to minimize roundoff errors. These
scaled and rounded off capacitances are used as in-
itial guess in the discrete optimization.-
Normalized sensitivity: Normalized sensitivity
means sensitivity, at each specified frequency
point, normalized by a absolute sum of sensitivi-
ties at all specified frequency points. Useful ca-
pacitors are selected based on the above normalized
sensitivity, which optimize SCF responses in the
specific frequency band where the maximum deviation
appears.

This approach is to minimize the maximum devi-
ation through varying discrete capacitor values.
Examples of capacitance ratios for BPF8 in the 16—
ch filter bank are listed in Table 1., Data in this
table mean the numbers of unit capacitors. Total
number of unit capacitors for BPFi(i=1~16) required
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in the time division multiplexed SCFs shown in Pig.
2(b) becomes 3024,

Designed filter responses are illustrated in
Figs. 4 and 5 with solid lines.

Decimator Circuit

Figure 3 shows a decimator circuit employed to
decimate the LPF31 output signal. Since spectrum
transitions in a time domain are important informa-
tions for speech recognition systems, differences of
spectrum detecting points on a time axis among chan-
nels multiplexed are required to be small. For
this purpose; the proposed decimator samples spect-
rums of all multiplexed channels by clocks ¢31~¢3m
within a 55 p second interval at the LPF31 output.
4n interval of 55 n second means one frame for a
sampling frequency of 18.18 kHz per chamnel., The
output signals from this decimator are held during
45 p second per channel and 495 p second per set of
11 channels multiplexed.

BREADBOARD MCDEL IMPLEMENTATION

A breadboard model was constructed with disc-
rete components for the case of the 16 channel fil-
ter bank using the results obtained through the de-
sign methods described in this paper.

Filter Responses

Figures 4 and 5 illustrate filter responses
for BPFi and LPF3, respectively. So0lid and dashed
lines show designed and measured responses, respec-
tively. Figure 5(b) only shows a designed impulse
response.

The measured data for BPFi responses deviated
in the direction of gain in the adjoining channel
passbands. These deviations are due to cross talks
between the adjoining channels occur through stray
capacitors of wires in capacitor arrays [T71, [121.
Therefore, layout of SCFs must be carried out so as
to minimize the wire lengths in the capacitor ar-
~ays. The measured data for LPS3 responses are al-

3st the same as the designed.

Speech Recognition Rates

The breadboard of the developed analyzer is
connected with the existing speech recognition sys-
tem [51. The following recognition rates are ob-
tained, that is 99.0% for words(a hundred of Japa-
nese station name), 99.9% for numbers (0~9) and
93.0% for alphabet (A~Z).

From these results, it is concluded that the
developed SCF speech spectrum analyzer can be suc-
cessfully applied to speech recognition systems.

LSI DESIGN

Requirements for operational amplifiers uti-
lized in BPFi are as follows: 60 dB dc gain , TkHz
band (-3 dB), and 2 p second settling time, This_
operational amplifier can be realized with a 54x10
maZaraa and power dissipation of4mW using the la-
test CMOS technology. Since LPF3 has very low cut-

off frequencies, requirements for the operational
amplifiers can be considerablly relaxed from that
for BPFi.

A11 capacitors are constructed using unit ca-
pacitors having the same dimension, high precision
in capacitance ratios can be achieved even though
the small unit capacitor is employed. An unit ca-
pacitance of 0.2 pF assures sufficient capacitance
ratio accuracy for the de¥eloped analyzer, An area
of 0.2 pF is about 0.3x10” mm2,

Through LS1 design, it is recognized that the
developed gpeech spectrum analyzer can be realized
on a 42 mm< chip and operates with a +5 v power
supply. The power dissipationis about 300 mW.

CONCLUSION

Design and breadbcard model implementation for
a speech spectrum analyzer to be realized on an LSI
chip are presented in this paper. Particularly,
design methods to reduce an area of the high reso-
lusion filter bank synthesized with SCFs and to
achieve variable spectrum integration intervals are
provided. Through the ‘introduced techniques, it is
confirmed that the high performance speech spectrum
analyzer can be realized on an LSI chip.
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Table 1, Example of capacitance ratios for BPF8 in
16 channel filter bank,
= o
Sec. 1 Sec. 2 Sec. 3
€10 27 11 67
C11 15 6 40 2
Ci2 2 2 3
C13 0 0 0
C20 29 36 39 ° ) ) iy E) Py
Coq 2 2 2 [3°3) Time (Sed
Cap 18 27 19 Fig. 5. (a) Amplitude responses in dB for LPF3. (b)
C23 5 7 9 Impulse response calculated for cut-off fre-
quency Qf 50 Hz.
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