Surround Sound
%Mww@ygoimn



3 Walthan Dr.
Rexdale, Ontario.
M9V 156

October. 11, 1991.

Mr. Joe Kulathinal

Technical Adviser

DeVry Institute of Technology
2201 Finch Avenue West
Weston, Ontario.

M9M 2Z4

Dear Mr. Kulathinal:

Please find inclosed a copy of my technical report on
the Surround Sound Retrieval System. The analysis and
design of this technical report has successfully operated in
the goal set out for.

In being an electronics student at DeVry, I have gained
a great understanding in analog control circuitry and
knowledge in electronics in general. During the past year
at DeVry, I have learned so much from your classes. This to
me is essential in understandlng how things are related in
the industry.

I would like to take the time and thank you for your
time and great assistance in the completion of this
technical report. I have learned so much. Thanks again.

Ra dy Allensemn



ABSTRACT

INTRODUCTION

SIGNAL PROCESSING CIRCUIT

DELAY CIRCUIT

THIRD-ORDER LOW-PASS FILTER (7KHz)
CENTRE CHANNEL BANDPASS FILTER
THIRD-ORDER LOW-PASS FILTER (75 Hz)
RESULTS (Measurements, Graphs)
CONCLUSION

BIBLIQGRAPHY

APPENDIX A Circuit Diagranms
APPENDIX B Parts List

APPENDIX C Data Sheets

23

40

418

65

75

82

83



The main objective of this technical report is to
create 'surfound sound". It is the "realization™ of being
there. This objective is accomplished by processing the
input Signals and reconstructing the processed signals at

‘the output. Hence surround sound is created.



Ihis technical report is based on the Dolby-stereo
surround soﬁnd audio system developed by Dolby laboratories
in the 1970‘s. This surround sound creates the
"realization® of being there. It creates distinct sounds to
the front, rear and sides of the viewer or listener. This
Dolby surround sound process cah be recreated with
relatively simple circuit elehents. The basic principle of
surround sound decoders is to reproduce the surround
information by recovering the (L - R) difference signal
which is eﬁcoded into the left and right channels of a movie
soundtrack.

Extra circuitry is used in addition to the (L - R) circuitry
to create wide left, wide right, centre dialogue and
subwoofer signals. Introducing these signals to six
properly arranged speakers results in the acoustical
illusion of a large, three dimensional listening

environment.



The first accountable point that is taken into
consideration when dealing with audio systems, is the way
the human ear perceives sounds. Humans perceive sounds that
come about from at least three different means. Detection
of relative.phase of sounds in the case of the lower
frequencies is between 20 Hertz and 200 Hertz. For mid;
range sounds, they are accountable between 300 Hertz and
4000 Hertz and with this extent of mid-range frequencies, we
detect the relative intensity. Generally speaking sounds
coming from one side sound louder to the nearest ear and

softer to the other ear.

For the high frequencies,'tho§§ that have a fast rise
time; we judge direction by the relative time of arrival.
These sounds reach the closest ear sooner than they reach
the farther one. A fourth factor governs in which we
perceive souhds (where sounds originate). This factor is
the way our hearing system’s frequency response varies (see
figure l1-page #6).

The pinna (known as the outer ear) has an effect on the
spectrum of the sound reaching the eardrum. The concha (the
section that leads to the ear canal) has an effect on the
frequency at which the ear canal is resonant. Working
together, these two parts of the ear control the spectral
shape (frequency response) of the sounds reaching the

eardrum. Therefore the ear can basically be described as



sort of a multiple filter, emphasizing some frequencies,
attenuating others or letting some through unaffected. The
ear’s frequency response changes to both distance and
elevation. When these two factors are put together with our
binaural (tﬁo ear) capabilities, they help us determine
sounds coming from above, below, the left, the right, ahead
or behind. Examples on how our hearing systems respond to
frontal sounds, sounds from the sides and from behind are
shown in figure 2~-page #7. Figure 3-page #8 shows the
ambient, reflected and side signals producing a complex

sound field.

Another accountable point that has to be taken into
consideration when dealing with audio systems is how the
brain interprets various sounds that the ear’s perceive.
The brain integrates two sounds and perceives them as a
single sound when the ears perceive these sounds that are
identical in form (waveshape and amplitude) and are time
displaced by less than 10 milliseconds. The brain perceives
two sounds as two independent sounds, but integrates their
information content into a single easily recognizable
pattern with no loss of information fidelity {accuracy of
reproduction) if the ears perceive the two sounds that are
identical in form but time displaced by 10 to 50

milliseconds.



If two sounds are identical in shape but not in
magnitude and are time-displaced by more than 10
milliseconds, the ears perceive these two sounds and the
brain interﬁrets them as two sound sources (primary and
secondary). The brain draws conclusions on the distances
between the two sources and the location of the primary
source. The brain interprets the first perceived signal as
the primary sound source. This fact is regarding to the
location definition. Even if the first perceived signal is
lower in relative amplitude than that of the second
perceived signal, the brain still interprets the first
perceived signal as the primary sound source. This is known
as the Hass effect. For the identification of distance, the
brain correlates distance and time-delay at roughly 0.3
meters (about 13 inches) per one millisecond of delay.
Therefore a delay line can be used to trick the brain in
telling about how far apart two sound sources really are.
Now that how the ears perceives sounds and how the brain
interprets these sounds has been explained, the processing
of the input signals can now be described in the signal

processing section.
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Figure 1. The Fourth Factor: the way in which we judge where

'sounds originate.



Figure 2. The EAR’s Frequency Response. Our hearing system’s

response to frontal, side and rear sounds.



Figure 3. Ambient, ‘Reflected and Side Signals produce a

complex sound fleld



The input LEFT and RIGHT signals must be processed
first in order to create surround sound (a three dimensional
listening environment). This processing of the LEFT and
RIGHT signals is accomplished bylthe processing circuit
(circuit # 1) and can be found in appendix A. Surround
sound is accomplished by taking two input signals (left and
right) and processing them into other signals. A (L - R)
difference signal, a (L + R) summation signal, two wide
signals and a subwoofer signal. The (L - R) and (L + R)
signals are delayed. A switch (S1) can control which of
these signals are to be delayed. This delayed signal will
appear in a pair of speakers located to the rear of the
listener. The (L + R) summation signal is fed into a centre
channel bandpass filter. The outpuf signal.of this filter
drives a pair of centre speakers located to the centre of
the listener. The original signals are processed into yet
another pair of signals; LEFT WIDE and RIGHT WIDE signals.
These pair of signals drive a pair of speakers located to

the front of the listener.

Note: All circuit diagrams (circuits 1 through 5) are

illustrated in Appendix A.
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The signal processing circuit contains the following circuit

elements:

1. Two unity gain buffer amplifiers.
2. A variable gain differential amplifier.
3. A Non~inverting summing amplifier.

4. Two WIDE signal production circuits.

Figure 1. Unity Gain Buffer
Amplifier.

Oonly one unity gain buffer amplifier is shown because
the other buffer amplifier is exactly the same. Both right
and left signals are buffered at the input of the signal
processing circuit (circuit # 1). The reason for this is to
prevent the other parts of the circuit from being loaded
down when the input frequency of both channels vary. The
input of the buffers are from either the left or right

channels. The buffers transform the 47.5 kilohm input
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impedance to a low impedance source which drives all of the
amplifiers, filters and by-pass outputs. The resistor
capacitor combination produces a cutoff frequency of
approximately 1.5 Hz. All frequencies above this cutoff
will be paséed. Which is suitable because the audio range

is from 20 Hz to 20000 Hz.

Design: |
The transfer functioh of the unity gain buffer amplifier is
as follows:
A(s) = R/(R + 1/8C) = RCs/(RCs + 1)
dividing by RC
= s/(s + 1/RC)

The transfer function is in high-pass form, where:

We = 1/RC ==== 1 We was assumed to be 10 r/s and

€c = 2.2 uf, R was calculated using equation 1.

R = 1/(We*C) = 1/(10%(2.2%10™°)) = 45455.55 Q
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Figure 2. Variable gain Differential
Amplifier.

In ordef for the differential amplifier to work
properly, it is required to match R2=R1l, R3=R (R3 being the
combination of R3a and P1). Therefore the differential
amplifier is a combination of an inverting and non-inverting
amplifiers. When V1 is reduced to zero the circuit is a
non-inverting amplifier, whereas the circuit is an inverting
amplifier when the input V2 is reduced to zero. The
differential amplifier also presents a balanced input
impedance. TIdeally a differential amplifier must totally
ignore the common mode signal and amplify the difference
signal => Quality Factor: CMRR Common Mode Rejection Ratio
(20 log (A./A.). One ipput => the other input is called the
differential input (V,,). Common-mode input => a signal
common to both inputs {(Vine) »

The (L - R) difference signal is accomplished by this

variable gain differential amplifier. The differential



13
amplifier has two inputs. One from the output of the left
channel buffer and the other from the right channel buffer.
Having a pot (P1) in series with a 47.5 kilohm resistor
across the negative feedback varies the amount of common
mode signal-that will appear at the output of the
differential amplifier. The resistor in series with the pot
is required because R3 is supposed to equal R. If the
resistor was not in series with the pot and the pot adjusted
to zero ohms, the output would go to into saturation, which
is not the practical use of this circuit (figure # 2).

When the pot (P1) is adjusted right to zero, the
common-mode signal is fully rejected meaning the signals
common to both the left channel and right channel are
rejected. Since the signals common to both channels are
rejected, it forms one signal which contains none of the
common "mono® information present in the original stereo
signal. Therefore, only signals different form each other
are allowed to pass to the output, which is the (L - R)
difference signal. 1If the pot (Pl) is gradually adjusted
higher, some of the common mode signal is passed through to
the output. The more this pot (Pl) is adjusted higher, more
of the common mode signal is passed. The varying of this
pot (Pl) is called "MONO NULL®". It is called this because
by adjusting P1, the signal common to both channels will be
rejected, or by gradually adjusting the pot the other way,

some of the common mode signal are passed as well as with



signals different from each other as mentioned previously.
When the pot is adjusted gradually to its maximum value of
100 kilohms, the gain increases (to times 3). The overall
effect of the output of this circuit (figure # 2) is
controlled by the pot (P1l) giving an output of the
6perationa1 amplifier of difference signal only. This

difference signal is then applied to the delay circuit

(circuit # 2), which will be described later. S1 of the
signal processing circuit (circuit # 1) determines which
signal is to be delayed; the difference signal (L - R) or
the summation signal (L + R).

To check the practical operation of the differential

amplifier, equations 1, 2 and 3 can be used.

-(R3/R2)*V, ====> 1

Vou
V,, = (R3/R2 + 1)*(R/(R + R1)*V, = (R3/R2)*V, ====> 2
Vo = Vo + Ve,

= -(R3/R2)*V, + (R3/R2)*V,

(R3/R2)*(V, =~ V,) = [R3*(V,,)]1/R2

> 3

Ad = Vo/vlz = -R3/R2

14
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For the determination of the circuit components of figure #
2, it was required to match R3 = R (where R3 is the
combination of R3a and P1) and match R2 = Rl. Pl, R3a, Rz2,

Rl and R were arbitrarily selected (keeping in mind the

matching conditions).

R = Rl = R2 = R3a 47.5 kfl
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Figure 3. Non-inverting Summing
Amplifier.

The (I, + R) summation signal is accomplished by a non-
inverting summing amplifier. Both output signals from the
buffers (left and right) are summed together combining equal
amounts of the left and right signals to develop a total
composite signal. The input A of this amplifier is
connected to the output of the right channel buffer and
input B of the amplifier is connected to the output of the
left channel buffer as shown in circuit # l-appendix A. The
amplitude of the output signal (L+R) is controlled by the
feedback resistor (R3). If one of the input resistors were
changed, the output would change accordingly because the one
input signal would be higher in amplitude than that of the
other. Equation number one was used for the design of the
non-inverting summing amplifier (figure # 3) with a gain of

1.619.



Design:
Voo = [R/(R + R1)]*[({R3/R2) + 1)]*V,

V.. = [RL/(R + RL)]*[((R3/R2) + 1)1%V,

= [R/(R + RL)Y]1*[((R3/R2) + 1)1*V, + [R1/(R +

R1)]*[ ((R3/R2) + 1)]1*V,

= [((R3 + R2)/R2}]*[((R + R1)/(R + Rl).)*(Vl + V;) ]
Vo, = ({(R3/R2 + 1))*(V, + V,)
V,/(V, + V,) = (R3/R2) + 1 ====> 1

The gain of 1.619 and R3 was arbitrarily selected.
A(v) = 1.619 and R3 = 61.9 kfi, R2 was calculated using

equation # 1.

Vo/{V. + V) = (R3/R2) + 1
1.619 = (61.9 * 10°/R2) + 1
~(61.9 * 10°/R2) = 1 - 1.619

R2 = 61.9 * 10*/0.619 = 100 ki

17
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Rl and R were required to be equal. This condition is

needed to get equal amounts of left and right signals to be

summed together.
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Figure 4. A WIDE signal production
Circuit.

The stereo width enhancements is made up from a WIDE
production circuit (figure # 4). Consider the right wide
production circuit (IC2-d) of the signal processing circuit

- (circuit # 1). C and Rl form a gently sloping high-pass
filter response for the left channel signal only. The
amount of signal cancellation is dependent on frequency and
the relative amplitude between the two channels. Therefore
the more the signal is the same in both channels, the more

— it is removed from the output of the circuit. This effect

increases as the signal’s frequency rises. If the signal
appears in the right channel only (point D), no matter what
its frequency or amplitude, it appears at the output
unaffected. The LEFT WIDE signal is accomplished the same
way, except its inverting (point C) and non~-inverting (point

D) inputs are connected to the left and right channels in a

B way opposite of the RIGHT WIDE production circuit. The
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final effect of the WIDE signals is to increase the apparent
separation befween left and right channels by eliminating
some of the material common between them. The LEFT WIDE and
RIGHT WIDE signals produced by figure # 4 are routed to S3-c
and S3-d. These switches determine Which signals feed the
front channel amplifier. The normal unaffected left and

right signals or the LEFT WIDE and RIGHT WIDE signals.

Design:

consider a moment that point D in figure # 4 is grounded.
Poiht D in the circuit is grounded because R2, Rl and C can
then be solved for. The circuit (figure # 4) now becomes an
inverting high pass filter with Rl énd.c determining the
cutoff ffequency and R2, Rl controlling the gain of the

filter.

The transfer function of this high-pass filter configuration

is as follows:

A., = R2/(Rl + 1/s8C) = R2Cs/(1 + R1Cs)

dividing by R1C

I

(R2/R1)*s/(s + 1/R1C)

The transfer function is in high-pass form, where:

A, = -R2/R1  ====> 1

W, = 1/R1C  ====> 2



W, was assumed to be 213 rads/sec and A, = -1.

Rl was arbitrarily selected to be 100 kQ. Using equation
1, R2 was calculated.

A, = -R2/R1

-1 = -R2/100 * 10°

R2 = 100 kn

Using equation # 2, C was calculated.

W, = 1/R1C

213 = 1/(100%10%*C)

c 1/(100%10°**213) = 0.046948 uf

Now disconnecting point D from ground yields the circuit o
figure # 4. The actual output voltage can be found of the
circuit (figure # 4). This output voltage is as follows:
First grounding point D, V, is as follows:

V., = -R2/(Rl + 1/sC)*C = [-R2Cs/(1 + R1Cs)]*C

Note: Point C is the first input voltage of figure # 4.

Then grounding peint C, V., becomes:
V,, = [R2/(R1 + 1/8C) + 11*D = [R2Cs/(1 + R1Cs) + 1]*D

Note: DPoint D is the second input voltage of figure # 4.

21
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= [~R2Cs/(1 + R1Cs)]*C + [R2Cs/{1 + RICs) + 1]*D
V, = (1/R1Cs) * [-(R2Cs)*C + ((R1 + R2)Cs + 1)*D]

R is arbitrarily selected to be 100 k@, even though it

doesn’t really do anythingﬂin the circuit (figure # 4).

Rl = R2 = 100 kn

o
]

C = 0.047 uf

22
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In analyzing the delay circuit some delay-line basics
should be known. The CTD (Charge Transfer Device) or
bucket-brigade delay line is the integrated circuit form of
modern analog delay lines. These devices contain a number
of analog memory cells (buckets). A cell is actually a
sample-and-hold circuit. Usually the device has 512, 1024,
4096 cells wired in series. In this case with the MN3007 of
the delay circuit (circuit # 2-appendix A), it is 1024
cells. Meaning this chip has 1024 stages. Analog signals
are applied to the input of the first cell and the delayed
output is taken from the last cell.

Each bucket (cell) consists of a small valued capacitor
and a MOSFET which function together as a sample-and-hold
stage. The input signal of the BBD (bucket brigade device)
will appear at the output at a later time as compared to the
original input signal. This time depends on both the clock

frequency applied to the BBD (supplied by the 2-phase clock

- frequency generator-MN3101) and the number of stages of the

BBD. | Now that some delay line basics are known, the
analysis of the signal will now be explained as it travels

through the delay circuit (circuit # 2).
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The delay circuit is built around the MN3007 Bucket
Brigade Device (BBD)} and the MN3101 variable two-phase clock
frequency generator, both made by Matsushita (Panasonic).
The BBD is é P-channel silicon-gate MOS LSI circuit made up
of 1024 bucket brigade stages fabricated on a single chip.
Each stage of the BBD consists of a small capacitor that
stores an electric charge and a tetrode transistor (as
mentioned previously) for switching purposes. When an
analog signal is applied to the BBD, an electrical charge
corresponding to the input analog signal is transferred from
one stage to the other by a two-phase clock frequency drive.
This can be related to a fireman’s bucket brigade that
transfers a pail of water from on man to the next.

The input signal of the delay line is applied to a
third-order low-pass filter. Cascading two identical third-
order 15 kHz low-pass filters, produces a very sharp cutoff
of -36 dB per octave (which is -60 dB per decade), which is
convenient as it eliminates any problems with aliasing. At
the same time maintaining a respectable 15 kHz bandwidth.
Aliasing meaning if the incoming frequency is more than one-
half the slowest clock frequency, * frequencies above and
below half the clock frequency may be produced. So a filter
placed before the BBD is essential if it is desired to run
the clock at its minimum frequency (maximum delay). The
input signal is then applied to the input of the BBD. This

signal is transferred down each stage at a speed controlled
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by the frequency of the clock. Therefore the amount of
delay at the output of the BBD. is the number of stages
divided by two times the clock frequency. The delayed

signals of the BBD are reconstructed at the output. The

" design of this delay circuit is now explained keeping in

mind aliasing. The delay circuit (circuit # 2) contains the

following circuit elements:

1. A Variable Gain Inverting Amplifier.
2. Three Third-order 15 kHz Low-pass Filters.
3. A Two-phase Clock Frequency Generator  (MN3101).

4. A Bucket Brigade bDevice (BBD-MN3007).

Figure 1. A Variable Gain Inverting
Amplifier. _

The incoming signal from S1 is inverted. Thig incoming
signal can be either (L - R) or (L + R). This inverting

amplifier (figure # 1) varies from unity gain to a gain of
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times 3. The purpose of this inverting amplifier is to
control the émplitude of the incoming processed signal to
the rest of the delay circuit. After the incoming processed
signal is inverted, it gets directed to Jjust one of the 15

kHz low-pass filters that exist before the BBD.
Design:

The following design eguation was used in the design of the

variable gain inverting amplifier.
A, = -Rf/Ri ==== 1, where Rf = P2 + Rl and Ri = R
The overall gain was chosen: A, = -3

P2 and Rl were assumed to be:

P2 = 100 ki, R1 = 47.5 kA, R was calculated using equation #

Ri = -147.5%10%3/-3 = 49.16 Kkfl

-3 = -147.5*%10°/Ri, R
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: Figure 2. Third-Order 15 kHz Low-pass
- Filter.

In the overall delay section, three third-order 15 kHz
low-pass filters are used. Only one filter is shown because
the other two are exactly the same. The third-order 15 kHz
low-pass filter (figure # 2) has two stages. The first
stage is of a first-erder non-inverting low-pass filter.

The second stage is of a second-order inverting low-pass
filter. When both stagee are put together, it forms a
third-order low-pass filter. In_designing a third-order
low-pass filter, it is a requirement to make both stages cut
off at the same frequency. In other words the frequency
scaling factor is required to be the same for both stages in
order for the overall response to cut off at 15 kHz. The
second stage required that the z (dampening factor) be set
to a certain value. This value is obtained from tables on

- coefficients of the transfer function for different orders
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of filters.

Design:

The transfer function of figure # 2 is as follows:
AL = [W/(s + W)] * [(AWn?)/(s® + 2ZW,s + W) ]
= AWMN,2/[s> + (22W,)s® + (W?)s + (W.)s? + (22W.NW,)s +
WW.*]

= AWM,2/[s® + (22W, + W.)s* + (2z2WMNW, + W,)s + WW,*]

To find the magnitude response curve of this filter, jw was

substituted into s.
A(jw) = Aowcwnz/[-jwa.” (Zzwn + ‘qc)v,2 + j(zzwcwn + an)w + chnz}

Mo, = AWN2/[(WW,2 - (22W, + W)w*)? + ((22WW, + W,5)w -

w3)2]0.5

The cutoff frequency, the natural frequency, the gain and
the dampening factor for this filter is... |
A, = -1, z = 0.5 and W, = W, = 94250 r/s, therefore the

transfer function now becomes:

A,, = 8.3722*10"/(s® + 1885008 + 1.7766%10'°s + B8.3722%10")
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The third-order filter of figure # 2 consists of two stages.

These two stages are:

1. First-order Low-pass Filter.

2. Second-order Low-pass Filter.

t

TC

Figure 3. First-order Non-inverting
Low-pass Filter.

Figure # 3 which is a first-order non-inverting low-
pass filter is configured by R and C. This configuration of
R and C produces a cutoff frequency (W.) determined by the

- values of R and C.
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Design:

The transfer function of figure # 3 is as follows:
A{s) = Wc/(s + Wc)
= (1/sC)/(R + (1/8C)) = 1/(1 + RCs) = (1/RC)/(s +(1/RC))

Therefore the design eguation is:

The cutoff frequency and the gain of this filter is...
A, = 1 and W, = 94250 r/s, therefore the transfer function

now beconmes:
AL, = 94250/(s + 94250)
Calculating circuit components with W, set to 1 r/s.

C was assumed to be C = 1 farad, R was calculated using

equation # 1.
R=1/(C*W,) = 1/(1*1), R=1 0

The cutoff frequency of this filter is f. = 15 KkHz.

w=27f_ = w = 2%(7)*(15%10%) = 94247.78 r/s. A frequency



and impedance scaling factor was required to be used to

yield practical values of the circuit. K, and K, were

chosen.

K, = 94250 r/s

K, = 2200

Unscaled Components om s
R=10 R = 2.2 kD
c=1F¢F | = 0.004823 uf

R = 2.21 k@

C =

= 0.0047 uf

31
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2.
Theory:

——

14 ) 61
o— .l
Ui

+ Vo

Figure 4. Multiple Figure 5. Multiple
feedback configuration. feedback low-pass filter.

Looking at figure # 4 which is the basis of a multiple
feedback circuit using an op-anp (LE347N). By using the
proper values for ¥1 to Y5, which are admittances, a
multiple feedback circuit can be designed to be a low-pass,
a high-pass, a bandpass or a band reject filter. 1In this
case a low-pass filter. Y1 to Y5 can be either resistors or

capacitors as in figure # 5.

Design:

The transfer function of figure # 5 is as follows:
AL, = (AWn?)/(s* + 2zW,s + W,°)

Referring to figure # 4...
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AL, = -(Y1 * ¥Y3)/[Y5 * (Y1 + Y2 + ¥3 + Y4) + Y3Y4)

Y1 = 1/R1, Y2 = sC2, ¥3 = 1/R3, Y4 = 1/R4 and Y5 = sC5
A, = [-1/(R1 * R3)]/[(C2C5)*s* + C5*%((1/R1) + (1/R3) +
(1/R4))*s + 1/(R3*R4)]
dividing by C2 * C5
= (-1/R1R3C2C5)/[s® + ((1/C2) * (1/R1 + 1/R3 + 1/R4)) +

1/(R3*R4*C2*C5) ]

Therefore, the three design equations are:

A, = -R4/R1 ====> 1,
22W. = (1/C2)*[(1/R1) + (1/R3) + (1/R4)] ====> 2,

W,2 = 1/(R3I*R4*C2%*C5) ====> 3

The natural frequency, the dampening factor and the gain of
this filter is...

Ao = -1, z = 0.5 and W, = 94250 r/s, therefore the transfer
function now becomes:

A., = 8.883%10°/(s* + 942508 + 8.883%10%)

calculating circuit components with W, set to 1 r/s.



R4 was assumed to be R4 = 1 Q, Rl was calculated using

equation 1.
Rl = -R4/-A, = -1/-1, Rl =1 Q

R3 was assumed to be R3 = 1 01, C2 was calculated using

equation 2.
c2 = [1/(2*0.5*1)] * (1/1 + 1/1 + 1/1), €2 =3 farads
¢5 was calculated using equation 3.

C5 = 1/[(1)*(1)*(3)*(1)], C5.= 0.3333 farads

It is required that the same frequency scaling factor be

used because both first and second order low-pass filters

34

are to cut off at the same frequency. The impedance scaling

for both stages can be independent of each other. The

impedance scaling was again chosen.

94250 r/s

K, = 1500



Unscaled components Scaled Components
R1 =10 Rl1 = 1.5 ki

R3 =18 _ R3 = 1.5 kQ

R4 =1 0 | R4 = 1.5 k0
c2=3f C2 = 0.02122 uf
C5 = 0.33333 £ C5 = 0.00236 uf

Rl = R3 = R4 = 1.5 kil

]

Cc2 = 0.022 puf

C5

0.0022 uf

Note: The magnitude response curve (graph # 1) of the 15
kHz low-pass filter (calculated and measured) can be found

in the results section of this report.

35
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UGGUPT Url UFE DF3

8 7 6 3
MN3101
1 2 3 4

1
GND CP1 UDD CP2
Figure 6. Two-phase Clock Frequency
Generator.

The two-phase clock freguency generator (MN3101 -
figure # 6) is a CMOS integrated circuit designed to
generate low impedance two clock phases required for driving
bucket brigade devices (BBD’s). Inside of this chip is a
self-contained oscillator. This self-contained oscillator
can be controlled by an external RC circuit connected to
pins 5, 6 and 7. The output clock frequenéy (CP1 and CP2)
is one half the oscillation frequency. Pin number 1 of this
chip is grounded as shown on figure # 6. Pin number 2 is
clock phase 1 (CP1) which drives all the odd numbered stages
and pin number 4 is clock phase 2 (CP2) which drives all the
even numbered stages of the bucket brigade device (BBD).

Pin number 3 taps off the negative power supply rail of -12
Volts. Pin numbers 5, 6, and 7 (O0X3, 0X2 and OX1) are for
an external RC circuit which determines the frequency of the

self-contained oscillator as mentioned previously. Pin
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number 8 (VGG OUT-an output pin).is 1 V less than that of
the power supply voltage. The relationship between VDD and
VGG OUT is VGG OUT = 11/12 VDD.

The clock output, CP1 and CP2 (pins 2 and 4) are 180 ° out of
phase with 6ne another. The output of these pins produce a
square wave from 0 volts to -12 volts. These two out of

phase square waves are applied to pins 2(CP1) and 6 (CP2) of

the BBD.

Design:

When the initial design of the delay circuit was tried,
the clock frequency achieved was undesirable. So the
components C8, R8, R9 and P6 of the delay circuit (circuit #
2) were adjusted either up or down with reference to the
data sheets. Pé6 controls the clock frequency when it is
varied up and down. These components determine the self-
contained oscillator frequency. This oscillation fregquency

is referenced to the data sheets in appendix C.
e Co e fi 6 a lows:

C8

120 pf
R8 = 22.1 k

R9 8.2 ki

P6 = 50 kQ
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BUT;? Ulll'l'l CIPE Ull!l!
8 7 & 3
NN20B7?

1! 2I 3I 4I
GNB CP1 IN UGG
gi3?§2.7. 1024 Stage Bucket Brigade

Figure # 7 is a MN3007 1024-stage long delay Bucket
Brigade Device (BBD) that provides a signal delay up to 51.2
milliseconds according to the manufactures specifications.
The MN3007 is particularly suitable for use as variable
signal delay lines in the audio frequency range. Pin number
1 of the BBD is grounded. Pin number 2 (CP1) which is clock
input 1 that connects directly to pin number 2 of figure #
6. Pin number 3 is the audio input pin. According to
manufactures specifications, the audio input signal must be
riding on -6 volts dc, which is half the supply voltage. P4
of the delay circuit (circuit # 2) controls this bias
voltage. Pin number 4 (VDD) getsrtied directly to pin
number 8 of figure # 6. Pin number 5 is the negative power
supply voltage pin. Pin number 6 (CP2) which is clock input
2 which connects directly to pin number 4 of figure # 6.

Pins 7 and 8 (delayed output) are dutputl and output2.
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Design:

With making all connections to both the two-phase clock
and the BBD of circuit # 2, the heart of the delay circuit
is completed. The two output signals of the BBD are
reconstructéd together with four resistors R10, R11, R12 and
R13 of the delay circuit (circuit # 2). These resistors
were arbitrarily selected in reconstructing the two delayed
signals. C9 is used to rid the reconstructed output signal
of noise. The noise at the output is passed to ground when
this capacitor is used. €9 was also arbitrarily selected.
C10 is used to couple the output of the BBD to the last
circuit element of circuit # 2. The capacitor (C10) is used
to block dc voltage.

The last circuit element of the delay circuit (circuit
# 2) consists of yet another third-order 15 KHz low-péss
filter. This filter-is used to filter out any of the clock
frequency signal that may appear at the output of the BBD.
Therefore the output of this filter contains the
reconstructed delayed signal. P5 controls the surround
level at the output of this filter. The signal is then

routed to a 7 kHz low-pass filter (circuit # 3-appendix A).

R10 = R11 = 100 kN C9 = 0.0068 uf

R12 = R13 Cl0 = 2.2 uf

i
wn
)]
X
A
u)
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Figure 1. Third-order 7 kHz Low-pass
Filter.

The input signal of this filter comes from the centre
tap of the pot (P5) from the output of the delay circuit.
This pot controls the surround level (amount of delayed
signal) that is fed into this filter. This filter (figure #
1) is used for reducing noise even further at its output as
compared to the input. High frequencies are also cut out at
the output. S2 of circuit # 3-appendix A chooses between
the output signal of this filter or the output of the delay

circuit (by-pass mode).

Design:

‘The transfer function of figure # 1 is as follows:

A, = [Wo/(s + W,)1 * [(AWN®)/(s® + 2ZW,S + W) 1]
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= AWW32/[s® + (22W,)s® + (W, *)s + (W.)s*® + (2zWM,)s +
WW,?]

= AWW2/[s® + (22W, + W,)s* + (22WWNW, + W, )s + W.W.2]

To find the magnitude response curve of this filter, jw was

substituted into s.
A, = AWNW?/[-jw* - (2zW, + W)w* + j(2zZWW, + W)W + WW.?]

M(w) = Aowcwna/[(wcwnz = (ZZW,, + Wc)wz)z + ((zzwcwn + an)w =

WB)Z]O.S
The cutoff freguency, the natural frequency, the gain and

the dampening factor for this filter is...

A, =-1, z=0.5 and W, = W, = 45000 r/s, therefore the

transfer function now becomes:

A,, = 9.1125%#10*/(s® + 9000082 + 4.05%10°s + 9.1125%10"%)

The third-order filter of figure # 1 consists of two stages.

* These two stages are:

1. First-order Low-pass Filter.

2. Second-order Low-pass Filter.
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TC

Figure 2. First-Order Non-inverting
Low-pass Filter.

Figure # 2 which is a first-order non-inverting low-
pass filter is configured by R and C. This configuration of
R and C produces a cutoff frequency {(W.) determined by the

values of R and C.

Design:

The transfer function of figure # 2 is as follows:

A{s) = Wc/(s + Wc)

= (1/sC)/(R + (1/8C)) = 1/(1 + RCs) = (1/RC)/(s +(1/RC))

Therefore the design equation is:
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The cutoff frequency and the gain of this filter is...
Ay, = 1 and W, = 45000 r/s, therefore the transfer function

now becomes:
A, = 45000/(s + 45000)
Calculating circuit components with W, set to 1 r/s.

C was assumed to be C = 14 farads, R was calculated using

equation # 1.
R = 1/(C*W.) = 1/(14*1), R_= 0.07142857

The cutoff frequency of this filter is £, = 7 KkHz.

w=2rf, = w = 2%(m)*(7%10%) = 43982.297 r/s. A frequency

‘and impedance scaling factor was required to be used to

yield practical values of the circuit. X, and K, were

chosen.

K. = 45000 r/s

K, = 15000
Unscaled Components 5C O, nt
R = 0.07142857 R = 1071.428571 Q

|

c =14 f C = 0.02074 pf
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Figure 3. Multiple Figure 4. Multiple
feedback configuration. feedback low-pass filter.

The theory for figures 3 and 4 are the same as the

' second-order low-pass filter explained in the design section

of the 15 kHz low-pass filter of the delay circuit (circuit

# 2-appendix A).

Design:

The transfer function of figure # 4 is as follows:

A., = (AWR?)/(s* + 22W,s + W,”)
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Referring to figure # 3...
Ag, = =(¥Y1 * ¥3)/[Y5 * (Y1 + Y2 + Y3 + Y4) + Y3Y4]
Yl = 1/R1, Y2 = sC2, Y3 = 1/R3, Y4 = 1/R4 and Y5 = sC5
Ag = [-1/(R1 * R3)]/[(C2C5)*s? + C5%((1/R1l) + (1L/R3) +
(1L/R4))*s + 1/(R3*R4) ]
dividing by €2 * C5
= (-1/R1R3C2C5)/[s* + ((1/C2) * (1/R1 + 1/R3 + 1/R4)) +

1/(R3*R4*C2*C5) ]

Therefore, the three design equations are:

A, = -R4/R1 ====> 1,
22W, = (1/C2)*[(1/R1) + (1/R3) + (1/R4)] ====> 2,
W2 = 1/(R3*R4*C2%C5) ====> 3

The natural frequency, the dampening factor and the gain of
this filter is...

Ao, = -1, 2z = 0.5 and W, = 45000 r/s, therefore the transfer

function now becones:

AL, = 2.025*10°/(s* + 45000s + 2.025%10%)
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Calculating circuit components with W, set to 1 r/s.

R4 was assumed to be R4 = 1 1, Rl was calculated using

- equation 1.
Rl = -R4/-A, = =1/-1, RlL =1 Q

R3 was assumed to be R3 = 1 §}, C2 was calculated using

- equation 2.

C2 = [1/(2%0.5%1)] * (1/1 + 1/1 + 1/1), C2 = 3 farads
C5 was calculated using egquation 3.
C5 = 1/[(1)*(1)*(3)*(1)], €5 = 0.3333 farads

It is required that the same freguency scaling factor be
used because both first and second order low-pass filters
are to cut off at the same frequency. The impedance scaling
for both stages can be independent of each other. The

impedance scaling was again chosen.

45000 r/s

K, = 1500
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caled ¢ : Scaled Components
Rl =118 Rl1 = 1.5 kf2
R3I =140 R3 = 1.5 ka
R4 =10 | R4 = 1.5 kA
c2 =3 f C2 = 0.04444 pf
C5 = 0.33333 £ ' CS = 0.00494 uf

It

Cc2

0.047 uf

C5

0.0047 pf

The output signal of the 7 kHz low-pass filter (figure
# 1) is applied to the left channel of the power amplifier.
The same output signal is inverted as shown in circuit # 3
of appendix A and applied to the right channel of the power
amplifier. This power amplifier drives a pair of speakers

located to the rear of the listener.

Note: The magnitude response curve (graph # 2) of this
filter (calculated and measured) can be found in the results

section of this report.



Pigure 1. Third-order Bandpass Filter.

The purpose of this centre channel bandpass filter
(figure # 1) is to rid the summation signal of high and low
frequencies. The bandpass filter’s half power frequencies
are 300 Hz and 3000 Hz respectively. The bandwidth of this
filter is 2700 Hz, which is all the common mid-range
frequencies. This bandpass filter is made up of a third-
order low-pass filter (figure # 2) and a third-order high-
pass filter (figure # 6). The cutoff frequency of the
third-order low-pass filter is 3 kHz and the cutoff
frequency of the third-order high-pass filter is 300 Hz.
When these two filters (figures 1 and 6) are cascaded
together they form a bandpass filter as shown in circuit #
4-appendix A. The output signal of this bandpass filter is

speech (mid-range frequencies).
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The third-order filter of figure # 1 consists of two stages.

These two stages are:

1. Third-order Low-pass Filter.

2. Third-oOrder High-pass Filter.

Figure 2. Third-order 3 kHz Low-pass
Filter.

This filter is used the second section of the third-
order bandpass filter_(figuré # 1). The first stage is of a
first-order non-inverting low-pass filter. The second stage
is of a second-order inverting low-pass filter. When both
stages are put together, it forms a third-order 3 kHz low-
pass filter. In designing a third-order low-pass filter, it
is a requirement to make both stages cut off at the same
frequency. In other words the frequency scaling factor is

required to be the same for both stages in order for the
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overall response to cut off at 3 kHz. The second stage
required thaﬁ the z (dampening factor) be set to a certain
value. This value is obtained from tables on coefficients

of the transfer function for different orders of filters.

Design:

The transfer function of figure # 2 is as follows:
Aw, = [W/(5 + W.)] * [(AWN?)/(8® + 22W,8 + W) ]

= AWMW2/[s® + (2zW,)s? + (W)2)s + (W.)s® + (2zWMW,)s +

W W]
= AWWZ2/[s® + (22zW, + W,)s® + (22WW, + W)s + WW?2]

To find the magnitude response curve of this filter, jw was

substituted into s.
A{jw) = Aowcwnz/[-jwa - (zzwn + wc)wz + j(zzwcwn + an)w + wcwnzl

M, = AMMWZ/[(WW,2 = (22W, + W)w*)* + ((2zZWW, + W, )w -

w3)2]0.5

The cutoff frequency, the natural frequency, the gain and

the dampening factor for this filter are...
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A, = =1, z=0.5and W, = W, = 19000 r/s, therefore the

transfer function now becomes:
Ag, = 6.359*10“/(53 + 3800082 + 7.22%10%s + 6.859%10%2)

The third-order filter of figure # 2 consists of two stages.

These two stages are:

1. First-order Low-pass Filter.

2. Second-order Low-pass Filter.

TC

Figure 3. First-Order Non-inverting
Low-pass Filter.

Figure # 2 which is a first-order non-inverting low-
pass filter is configured by R and C. This configuration of
R and C produces a cutoff frequency (W.) determined by the

values of R and C.
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Design:

The transfer function of figure # 3 is as follows:

A, = W./(s + W)

(1/sC)/(R + {(1/sC)) = 1/(1 + RCs) = (1/RC)/(s +(1/RC))

Therefore the design equation is:

The cutoff frequency and the gain of this filter is...

A,, = 1 and W, = 19000 r/s, therefore the transfer function

now becomes:

A., = 19000/(s + 19000)
calculating circuit components with W. set to 1 r/s.

C was assumed to be C =_1 farad, R was calculated using

equation # 1.

R=1/(C*,) = 1/(1*1), R=112Q



The cutoff frequency of this filter is f, = 3000 Hz.
w=2rf_ = w = 2%(7w)*(3000) = 18849.556 r/s. A frequency
and impedance scaling factor was required to be used to

yield practical values of the circuit. K, and K, were

chosen.

K, = 19000 r/s

K, = 2400

Unscaled 11} s Sc [ & e
R=110 R = 2.4 ki
c=1f¢E C = 0.02193 uf

R = 2.4 kQ

0.022 uf

|

53
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Figure 4. Multiple Figure 5. Multiple
feedback configuration. feedback low-pass filter.

The theory for figures 4 and 5 are the same as the
second-order low-pass filter explained in the design section
of the 15 kHz low~-pass filter of the delay circuit (circuit

# 2-appendix A).

Design:

The transfer function of figure # 5 is as follows:
AL, = (AWR?)/(s® + 2z2W.s + W)

Referring to figure # 4...

A,, = -(Y1l * ¥3)/[Y5 * (Y1 + ¥2 + Y3 + Y4) + ¥Y3Y4]

¥l = 1/R1, Y2 = sC2, ¥3 = 1/R3, Y4 = 1/R4 and Y5 = sC5
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A, = [-1/(R1 * R3)]/[(C2C5)*s* + C5%((1/R1l) + (1/R3) +
(1/R4))*s + 1/(R3*R4)]
dividing by C2 * C5
= (~1/R1R3C2C5)/[s* + ((1/C2) * (1/R1 + 1/R3 + 1/R4)) +

1/(R3*R4*C2%C5) ]

Therefore, the three design equations are:

A, = -R4/R1l  ====> 1,
2zW, = (1/C2)*[(1/R1} + (1/R3) + (1/R4)] ==== 2,
W2 = 1/(R3*R4*C2%C5) ====> 3

The natural frequency, the dampening factor and the gain of

this filter is...

Ao = -1, 2z = 0.5 and W, = 19000 r/s, therefore the transfer
function now becones:

AL, = 3.61%10%/(s* + 190008 + 3.61*10°)

Calculating circuit components with W, set to 1 r/s.

R4 was assumed to be R4 = 1 0, Rl was calculated using

equation # 1.

Rl =-1/-1, RL =142
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R3 was assumed to be R3 = ] f1, C2 was calculated using

~equation # 2.

C2 = [1/(2%0.5%1)] * (1/1 + 1/1 + 1/1), C2 = 3 farads
C5 was calculated using equation # 3.
C5 = 1/[(1)*(1)*(3)*(1)], €5 = 0.33333 farads

It is required that the same frequency scaling factor be
used because both first and second order low-pass filters
are to cut off at the same frequency. The impedance scaling
for both stages can be independent of each other. The

impedance scaling was again chosen.

K = 19000 r/s

K, = 2210

Unscaled components ~ Scaled Components
Rl =14 Rl = 2.21 kf

R3 =110 : R3 = 2.21 kG

R4 =110 R4 = 2.21 ki

c2 =3 f : C2 = 0.07145 uf

C5 = 0.33333 £ C5 = 0.00794 uf



Rl = R3 = R4 = 2.21 k0

C2 = 0.068 pf

0.0068 uf

C5 =
2. THIRD-O IGH-

Figure 6. Third-Order High-pass Filter.

The third-order 300 Hz high-pass filter is similar to
that used for a low-pass filter. It can be shown that the
component configuration of the high-pass filter circuit

(figure # 6) are opposite that of the low-pass filter

57

(figure # 2). This filter is found in the first section of

the third-order bandpass filter (figure # 1). The first
stage is of a first-order non-inverting high~pass filter.
The second stage is of a second-order inverting high~pass

filter.
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Design:

The transfer function of figure # 6 is as follows:
A(s) = {S/(S + Wc)] * {(A-sz)/(sz + 2ZW,,S + an)]
= A.s’/[s® + (22W,)s® + (W')s + (W.)s* + (22WW,)s +
WW.*]

=A_s*/[s® + (22zW, + W.)s* + (22WMW, + W,*)s + WW,?]

To find the magnitude response curve of this filter, jw was

substituted into s.

Ay = Ac-jwi/[=3w® = (22W, + W)W + J(2ZW MW, + W)W + WW7]
M., = AW/[(WM,> - (22W, + W)w*)* + ((2ZWW, + W)W — w')*]°°
The cutoff frequency, the natural frequency, the gain and
the dampening factor for this filter is...

A, =-1, z=0.5 and W, = W, = 2000 r/s, therefore the

transfer function now becomes:

A., = AB*/(8> + 4000s* + 8%10°s + 8%10%)
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The third-order filter of figure # 6 consists of two stages.

These two stages are:

1. First-order High-pass Filter.

2. Second-order High-pass Filter.

Figure 7. First-Order High-pass
Filter.

Figure # 7 which is a first-order non-inverting high-
pass filter is configured by R and C. This configuration of
R and C produces a cutoff frequency (W.) determined by the

values of R and C.

Design:

The transfer function of figure # 7 is as follows:

A, =8/(s + W)
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Therefore the design equation is:
Wc = I/RC ====1 1

The cutoff frequency and the gain of this filter is...
A, =1 and W, = 2000 r/s, therefore the transfer function

now becomes:
A(s) = S/(S + 2000)
Calculating circuit components with W. set to 1 r/s.

C was assumed to be C = 1 farad, R was calculated using

equation # 1.
R =1/{(C*W.) = 1/(1%1), R.=1 8

The cutoff frequency of this filter is f. = 300 Hz.
w=2rf_=w = 2%(7w)*(300) = 1884.956 r/s. A frequency and
impedance scaling factor was required to be used to yield

practical values of the circuit. K, and K, were chosen.

K, = 2000 r/s

K, = 22100
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Unscaled Components cal mponen
R=10 : R = 22.1 kn
c=1f¢ C = 0.02262 uf

Om S ) of a S WS 2

R = 22.1 k@
C

i
o
.
o
N
[ V]

=
rh

Figure 8. Multiple ' Figure-9. Second—-order
feedback configuration. High-pass Filter.

The theory for figures 8 and 9 are the same as the
second-order low-pass filter explained earlier in this

section.



Design:

The transfer function of figure # 9 is as féllows:
A, = (A..s’}./(s2 + 22ZW.8 + W,*)

Referriné to figure # 8...

A, = —(Y1L * ¥3}/[Y¥5 * (Y1 + Y2 + ¥3 + Y4) + Y3Y4)

¥i = sCi, Y? = 1/R2, ¥Y3 = 8C3, ¥4 = §C4 and Y5 = 1/R5

A,, = -s°C1C3/[((1/R5)*(sCl + 1/R2 + sC3 + sC4)) + s°C3C4]

dividing by C3 * C4

= (-Cl/Ca)s?/[s* + ((1/R5)*(Cl/C3C4 + 1/C3 + 1/C4) +
1/R2R5C3C4 ]

Therefore, the three design equations are:

A, = -C1/C4 ====> 1,
2zW, = (1/R5)*(C1/C3C4 + 1/C3 + 1/C4) ====> 2,

W2 = 1/{R2*%R5*C3*C4) ====> 3

62

The natural freqguency, the dampening factor and the gain of

this filter is...
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AL, = -1, z = 0.5 and W, 2000 r/s, therefore the transfer

function now becomes:
A,, = s?/(s®* + 2000s + 4%10°)
calculating circuit components with W, set to 1 r/s.

Cl1 was assumed to be C1 = 1 farad, C4 was calculated using

equation # 1.
c4 = -1/-1, C4 =_1 farad

C3 was assumed to be C3 = 1 farad, R5 was calculated using

equation # 2.

R5 = (1/(2%0.5%1))%*(1/(1%*1) + 1/1 + 1/1), R3 =310
R2 waé calculated using equation # 3.

Ré = 1/(1%#3%1%1), R2 = 0,33333 0

It is required that the same frequency scaling factor be

used because both first and second order high-pass filters

are to cut off at the same frequency. The impedance scaling

for both stages can be independent of each other. The

impedance scaling was again chosen.
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K, = 2000 r/s

16900

K, =

Unscaled ents Scaled Components
R2 = 0.3333 R2 = 5.6333 kN

RS = 3 1 _ R5 = 50.7 kil
cr=1°¢ Cl1 = 0.02959 uf
c3=1f¢F C3 = 0.02959 uf
ca=1f¢F C4 = 0.02959 uf

0
(4]
o
V]
g

R2

i

w
e}
N
)
2

R5

Cl1 =C3 =C4 = 0.033 pf

Note: The magnitude response curve (graph # 3) of this

filter (calculated and measured) can be found in the results

section of this report.
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= AWM,2/[s® + (22zW,)s* + (W,*})s + (W.)s® + (22WMN,)s +
WW.2]

= AWW2/[s® + (22W, + W)S? + (2ZWW, + W3)s + WW?]

To find the magnitude response curve of this filter, jw was

substituted into s.
Ane = AWW2/[-Jw® - (22W, + W)W + J(2zZW W, + W2 )w + WW?]

M, = AMWM/[(WM,2 = (22W, + W)Iw*)? + ((22ZWW, + W,)w -

w3)2]0.5

The cutoff frequency, the natural frequency, the gain and
the dampening factor for this filter is...
A, =-1, z = 0.5 and W, ='ﬁg = 500 r/s, therefore the

transfer function now becomes:
A, = 1.25%10%/(s> + 1000s® + 500*10° + 1.25%10°)

The third-order filter of figure # 1 consists of two stages.

These two stages are:

1. First-order Low-pass Filter.

2. Second-order Low-pass Filter.
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Figure 2. First-Order Non-inverting
Low-pass Filter.

Figure # 2 which is a first-order non-inverting low-
pass filter is configured by R and €. This configuration of
R and C produces a cutoff frequency (W.) determined by the

values of R and C.

Design:

The transfer function of figure # 2 is as follows:

Ats) = We/(s + Wc)

H

(1/sC)/(R + (1/sC)) = 1/(1 + RCs) = (1/RC)/(s +(1/RC))

Therefore the design equation is:

W, = 1/RC ====> 1



The cutoff frequency and the gain of this filter is...
A, =1 and W, = 500 r/s, therefore the transfer function

now becomes:
A, = 500/(s + 500)
Calculating circuit components with W, set to 1 r/s.

C was assumed to be C_= 1 farad, R was calculated using

equation 1.

R = 1/(C*W_) = 1/(14*1), R.=1 0

The cutoff frequency of this filter is f. = 75 Hz.
w=2rf, =w= 2*(&)*(75) = 471.239 r/s. A frequency and

impedance scaling factor was required to be used to yield

practical values of the circuit. K, and K, were chosen.

K, = 500 r/s

K, = 20000
uns _C n ) S ed Co ents
R=140 R = 20 k2

c=1f¢f C = 0.1 uf

68
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The Com - ! e ] :
R = 20 ka1

C = 0.1 uf

2.

Figure 3. Multiple Figure 4. Multiple
feedback configuration. feedback low-pass filter.

The theory for figures 3 and 4 are the same as the
second-order low-pass filter explained in the design section
of the 15 kHz low-pass filter of the delay circuit (circuit

# 2-appendix A).

" Design:

The transfer function of figure # 4 is as follows:

AL, = (AWn?)/(s® + 2zW,s + W.2)
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Referring to figure # 3...
A, = -(Y1 * ¥3)/[Y5 * (YL + Y2 + Y3 + V4) + VY3V4]
Y1 = 1/R1, Y2 = sC2, ¥3 = 1/R3, Y4 = 1/R4 and Y5 = sC5
A, = [=1/(R1 * R3)1/[(C2CB)*s* + C5*((1/R1) + (1/R3) +
(1/R4))*s + 1/{R3*R4)]
dividing by C2 * C5
= (-1/R1R3C2C5)/[s> + ((1/C2} * (1/R1 + 1/R3 + 1/R4)) +

1/(R3*R4%*C2*C5) ]

Therefore, the three design equations are:

A, = —R4/R1 === 1,
2zW, = (1/C2)*[(1/R1) + (1/R3) + (1/R4)] ====> 2,
W,2 = 1/(R3*RA*C2#C5) ====> 3

The natural freguency, the dampening factor and the gain of

this filter is...

A, = -1, z=0.5 and W, = 500 r/s, therefore the transfer

function now becones:

A, = 250*10°/(s® + 500s + 250%10°)
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Calculating circuit components with W, set to 1 r/s.

R4 was assumed to be R4 = 0.2 0, Rl was calculated using

eguation 1
R1 = =-R4/-A, = =-1/-1, Rl = 0.2 0

R3 was assumed to be R3 = 1 0, C2 was calculated using

equation 2.

C2 = [1/(2%0.5%1)] * (1/1 + 1/1 + 1/1), €2 = 11 farads
C5 was calculated using equation 3.

C5 = 1/[(1)*(1)*(3)*(1)], C5 = 0.454545 farads

It is required that the same frequency scaling factor be
used because both firét and second order low-pass filters
are to cut off at the same frequency. The impedance scaling
for both stages can be independent of each other. The

impedance scaling was again chosen.

500 r/s

he
[

= 100000



Unscaled components

Rl = 0.2 0
R3 =10
R4 = 0.2 01
c2 =11 f

C5 = 0.454545 £

Rl = R4 = 20 k0
R3 = 100 Kkf

C2 = 0.22 puf

c5

i
o
=
[y

=
H

B R =

Figure 5. An Inverting Summing
Amplifier.

Rl
R3
R4
c2

C5

1

=
.
=

—
==
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nents

20 kq
100 k&
20 kn
6.22 pf

0.0090909 uf
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Figure # 5 which an inverting summing amplifier, summs
the input left and right signals together. Point A is the
input signal from the left channel buffer and point B is the
input signal from the right channel buffer. After both
input signais have been summed together, the summated signal
is inverted by 180°. This provides a low driving impedance
for the low-pass filter (figure # 1). If either R3 or R4
were chaﬁged, there would not be equal amounts of input
signals being summed together. So having these resistors

the same is essential.

V., = {R5/R4)*A ====> 1
Ve = (R5/R3)*B mm=="> 2
The output voltage V, is...

vo = Voa + Vob

V. ((R5/R4)*A + (R5/R3)*B) ====> 3

R4 and R3 were assumed with reference to equation # 3. RS

controls the overall output voltage. RS was also assumed.
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C nents U 0 i 5 e a 11 :

R3 R4 = 47.5 kOl

i

R5 = 100 Kk

The output of the third-order 75 Hz low-pass filter is
controlled by P3 (subwoofer level) of circuit # S5-appendix
A. Subwoofer leveis at the output can be varied up or down
by this pot. This output subwoofer signal drives a
subwoofer amplifier for base response. Adding low frequency

sounds to the overall system.

Note: The magnitude response curve (graph # 4) of this
filter (calculated and measured) can be found in the results

section of this report.
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RESULTS
Signal Processing Circuit

When the signal processing circuit was constructed, a
sinusoidal waveform {1 Vp-p) was applied to the right
channel input buffer. One output was scoped at pin # 1 of
Ic2-a and the other at pin # 1 of IC2-b. The output
waveform IC2-a was of a sinusoidal waveform. When Pl was
varied up to its maximum, the output voltage increased to 3
Vp-p, which was expected (gain of times 3). When Pl was
varied to zero, the output voltage was 1 Vp-p (gain of times
1). The output of IC2-b was a sinusoidal waveforn with a
voltage of 1.6 Vp-p.

The left WIDE production circuit (IC2-c) was also
scoped. The output of this production circuit was under 1
Vp-p when the frequency of the input sinewave was below 34
Hz (the cutoff frequency of IC2-c-d). When the input
frequency was increased above 34 Hz, the output remained at

1 Vp-p at any frequency above this cutoff frequency of 34

- Hz. The output of IC2-d was exactly the same when the input

sinewave was applied to the opposite input buffer.
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Delay Circuit

The magnitude response curve of theJthird—order 15 kHz
low-pass filter of this delay circuit can be found on page
78. The meésured response curve is a little bit less than
that of the calculated response curve as shown. The
response of this filter turned out exceptionally well with

no major differences.

The clock outputs of the MN3101 two-phase clock
frequency generator were measured. The output waveform of
pins 2 and 4 is a square wave with a voltage of 0 V to -12
V. These two-output waveforms are 180° out of phase with
one another. When P6 was varied up and down the clock
frequency changed.

Minimum clock fregquency = 26.749 kHz

Maximum clock frequency = 120.977 kHz
These minimum and maximum frequencies are the same at both
pins 2 and 4. Since minimum and maximum clock frequencies
are known, the minimum and maximum delays can be found.

Delay = # of stages of the BBD/(2 * the clock freguency)

maximum delay 1024/(2%26,749%10%) = 19.141 milliseconds

minimum delay 1024/(2%120.977%10%) = 4.232 milliseconds

The voltage at pin 3 was measured to be -6.2 V.
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The pot (P4) varies the bias voltage to this input pin.
A requirement of the BBD is to have half the supply voltage
at this pin. This was accomplished. Pins 7 and 8 are the
output pins of the BBD. The output delayed signal of each
individual éin are combined to form a signal similar to the
input signal but only delayed. This delayed signal can be
shown on the oscilloscope. If channel one on the
oscilloscope is triggered by the input signal (at pin 3) and
the delayed signal (output combined of the BBD) is applied
to channel two and P6 varied, the signal seen on the scope
from channel two moves across the screen. This action can

only be seen if the scope is triggered on channel one.

Filter Response

The response curves of the 7 kHz low-pass-75 Hz low-
pass and 300-3000 Hz bandpass filters are found on the
preceding pages (pgs 79,80 and 81). The response of each of

these filters turned out very well. There are no major

differences.
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CONCILUSION

When the design of this technical report was commenced,
a few important points had to be taken into account. When
designing the delay circuit aliasing had to be into
consideration when the heart of the delay circuit was being
designed. 1If this delay circuit yielded any aliasing, the
overall delayed output signal would not be as expected.

The point that had to be taken into account when the
third-order filters were being designed was the coefficients
of the transfer function. Meaning the second stage of the
filter was required to have a certain value of z (dampening
factor). 1In this case a dampening factor of 0.5 was used.

A different dampening factor would be used if the filter was
of a different order. This technical report contains all
Butterworth filters.

When all the circuit diagrams of appendix A were
constructed and put together, the overall goal of this
technical report was achieved. The front speakers had a
wide sound to them. The centre speakers consisted of only
speech and the rear speakers consisted of a delayed sound.
These pair of rear speakers sounded like they were really
far away as compared to the other speakers. Hence "surround

sound™ was created.
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APPENDIX B rPaARTS LIST

1. Signal ing Circuit

The LF347N operational amplifier (used in each circuit).
ICl-a-b:

R = 47.5 kNl metal film 1%
— C = 2.2 uf S0V bi-polar radial electrolytic

Pl = 100 kI (trimmer potentiometer - 20 turn)
R =Rl = R2 = R3a = 47.5 k2 metal fiim 1%

IC2-b:

R3 = 61.9 kfl metal £film 2%
R = Rl = R2 =100 kQ metal film 1%

IC2-c-d:
R =Rl = R2 = 100 kN
- C =C = 0.047 uf metal polyester 5%

S1 = S3a = S3b = S3¢c = Sad.n single pole, double throw
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Il

P2 = 100 kO (trimmer potentiometer - 20 turn)
R =Rl = 47.5 kil metal film 1%

1C4-a:
R = 2.21 kfi metal film 1%
C = 0.0047 uf metal film

IC4-b-d:

Rl = R3 = R4 = 1.5 kI metal film 1%
€2 = 0.022 uf metal film
C5 = 0.0022 uf metal film

IC4-C:

R = 2.21 kQ metal film 1%
C = 0.0047 uf metal film

Delay:

C7 = 0.47 uf metal film

R7 = R10 = R11 = 100 kil metal film 1%

P4 = 10 kf} (trimmer potentiometer -~ 20 turn)

IC=5 - MN3007 (1024 stage bucket brigade device - BBD)
IC-€é ~ MN3101 (2~-phase clock frequency generator)

C8 = 120 pf ceramic disc 20%

R8 = 22.1 kI metal film 1%

R9 = 8.2 kfi carbon film 5%

P6 = 50 k1 (trimmer potentiometer - 20 turn)

R12 = R13 = 5.62 kit metal film 1%
C9 = 0.0068 uf axial monolithic 10%



APPENDIX B PARTS LIST III

2. Delay circuit continuyed

Cl10 = 2.2 uf 50V bipolar radial electrolytic
Cll = C12 = 0.1 uf metal film '

1C6-3a:
R = 2.21 Kkl metal film 1%
C = 0.0047 uf metal film

Ic6=hb:

Rl = R3 = R4 = 1.5 k1l metal film 1%

C2 = 0.022 uf metal film

C5 = 0.0022 uf metal film

P5 = 1 kOl (trimmer potentiometer - 20 turn)

£C6=-C:

R = 1 ki metal film 1%

C = 0.022 uf wmetal £ilm

Rl = R3 = R4 = 1.5 kI metal film 1%
C2 = 0.047 uf metal film

C5 = 0.0047 uf metal film

IC7-a:

Rl = R2 = 1 kQ metal film 1%
R=R= 150 1 metal film 1%

S2 - single pole, double throw
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PARTS LIST

IC8-a:

R = 2.4 kO carbon film 5%

C = 0.022 uf metal film

IC8-b:

Rl = R3 = R4 = 2.43 ki metal film 1%
C2 = 0.068 uf metal film

C5 = 0.0068 uf axial monolithic 10%
IC8—-C:

R = 22.1 kfl metal film 1%

C = 0.022 uf metal film

Ic8-d:

R2 = 5.62 kil metal film 1%

RS = 39.2 kil metal film 1%

Cl =03 =0C4 = 0.033 uf metal film

IV
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PARTS L.IST

R5
R3

[0 |

00 kI metal film 1%
4 = 47.5 k1l metal film 1%

1
R

I1C3-c:

R
C

20 k0 metal film 1%
0.1 uf metal film

IC3-d:

Rl
R3
c2
C5

rwnn

R4 = 20 k0 metal film 1%
100 kit metal film %
0.22 uf metal film
0.01 pf metal film



APPENDIX C

DATA SHEETS

National
Semiconductor

LF147/LF347/LF3478 Wide Bandwidth

BI.FET 1™ Tethnology

Quad JFET Input Operational Amplifiers

General Description

The LF147 is a low cost, high speed quad JFET input opera-
tional amptifier with an internally rimmed input otfset voit-
age (BI-FET 1™ iachnoiogy). The device reguires a low
supply currant and yet maintains a iarge gain bandwidth
product and a fast slew rate. in addition, well matched high
voltage JFET input devices provida very low input bias and
oftsat currents. The LF147 is pin compatible with the stan-
dard LM148. This feature allows designers to immediately
upgrade the overall performance of existing LF148 and
LM124 designs.

The LF147 may be used in applications such as high spead
integrators, tast D/A converters, sampis-and-hold circuils
and many other circuils requiring low input olfset voltage,
low input bias current, high input impedance, high siew rate
and wide bandwidth. The device has low noise and offset
voltage drift. .

Features :

8 Intemally irimmed oftset voltage 5 mV max
8 Low input bias current . 50 pA
® Low input noise current 0.01 pA/fFZ
& Wide gain bandwidth 4 MHz
® High slew rate 13 Vips
| Low supply current " 7.2 mA
8 High input impedance 101201
% Low total harmonic distortion Ay =10, . <0.02%

AL = 10k, Vo= 20 Vp-p, BW=20 Hz—-20 kHz
8 Low 1/{ noise corner 50 Hz

& Fast settling time to 0.01% . 2 pus

Simplified Schematic
V4 Quad

Ve O

INTERNALLY

INTERRALLY TRRAMED

TRHAMED

-V O ' v

TUH/SB47 =10

Connection Diagram

Dual-In-Line Package
ouTe  iNeT ma v Nyt [} d ourl

| " ] ] 1 0 " I ) | [

bu

+

I 1 I 1 F] 4 [ [ T
oY Wi mt v w3 [T bur2
TL/HIS847-1
Top View '
Order Number LF147D, LF2470, LF147.), LF34784,
LF347J, LF347M, LF347WM, LF347BN or LF347N

See NS Package Number D14E, J14A, M14A,
M14B or N14A



APPENDIX 4 DATA SHEETS II
Absolute Maximum Ratings
If Milltary/Asrospace specified devices are required, LF147  LF347B/LF347
please contact the National Semiconductor Sales Qporating Temperature {Note 4) {Note 4)
Otflce/Distributors for avatiability and specifications. Range
LF147 LF347B/LF347 Storage Temperature }
Supply Vollage t22v t18v Range s -65"C<TA<150°C
Differential Input Voitage +38v 30V Lead Temperature -
input Voltage Ranga & 19V 15V {Soldering, 10 sec.) 260'C 260°C
{Nots 1) Soidering information
Qutput Short Circuit Continuous Continuous Duak-in-Line Package
Duration: (Note 2) Soldering {10 seconds) 260°C
Power Dissipation $00 mW 1000 mW Small Qutiine Package
(Notas m_g) Vapor Phase (60 seconds) 215°C
Ty max 150°C 150°C Infrared {15 seconds) 220°C
o . See AN-450 "Surface Mounting Methods and Their EHect
Cavity DIF (D) Package 80°C/W on Product Reliability” for other methods of soldering sur-
Cerarnic DIP (J) Package T0C/W tace mount devices.
Plastic DIP (N} Package 78°CIwW ESD rating to be datermined.
Surtace Mount Narrow (M) 100°C/wW .
Surtace Mount Wide (WM) 85" Crw
DC Electrical Characteristics (notes)
Symbol Parameter Conditions LF147 LF347B RALI T
Min{ Typ |Max{Min| Typ |Max|Min| Typ |Max
Vos input Ofiset Voltage Rs=10kN, To=25'C t 5 3 5 5 101 my
. Over Temperature 8 7 13| mv
AVos/aT|Average TC of input Offsat Rg=10kN 10 10 10 VG
Voltage
los Input Offset Current T)=25'C, {Notes 5, 6) 25 | 100 25 [160 25 |100] pA |
Cver Temperature 25 4 4 | nA'
la Irput Bias Current Tj=25°C, {Notes 5, 6) 50 200 50 | 200 S0 [200{ pA
Cver Temperature 50 8 8 nA
Rin Input Resistance Ty=25'C 1012 1012 1012 n
Ayor  {Large Signal Votege Gain Vg= £ 16V, Ta=25°C | 50 | 100 50 | 100 25 | 100 vimy
Vo= 210V, Ry =2 kMl |
Over Temperature 25 _ 25 15 Vimy
Vo Qutput Voltage Swing Vg= 15V, R =10k | +12! £135 121 +135 +12|£13.5 v
Ve input Common-Mode Voitage - +15 +15 +15 v
" |Range Vg= 115V ) 2 | o | 5 v
CMRA | Common-Mode Rejection Ratio{ Rg <10 kN 80 | 100 B0 | 100 70 1 100 d8
PSRR Supply Voltage Rejection Ralio | {Note 7) 80 | 100 8o | 1c0 70 { 100 d8
Ig Supply Current 72 1IN 72 | 11 7.2 | 11 ] mA
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AC Electrical Characteristics (ote 5

Symbol Paramster Conditions LF147 LF3478 LF347 Units
Min| Typ |Max|Min]| Typ | Max|Min| Typ | Max
Amplifier 1o Ampiifier Coupling | Ta=25C, -t20 -120 -120 dB
) f=§ Hz~20 kHz
{Input Referred)
SR Slew Rate Vg=1 15V, Tp=25'C| 8 13 8 13 B 13 V/pus
GBW | Gain-Bandwidth Praduct Vg= 215V, Ta=285'C| 2.2 4 22) 4 22| 4 MHZz
8 Equivalent Input Noise Voltage | T4 = 25'C, Rg = 1001}, 20 20 20 nvidHz
f= 1000 Hz
" Equivalent input Noise Current } T;= 25°C, {= 1000 Hz 0.01 0.0 0.01 pA/JHZ
Note 1: Unless otharwise spacified the GAlve input voitage is equal 10 the nagative powsr supply voltags.
Note 2 Any af the ampiSier outputs can be shorted to ground indefinitety, iy , Iors than one shoulkd not be simulianecusly shoned a3 the maxdimum junction
P will be d.
Mote 3; For op g at d e, thesa devices must be basad on a thermal resistance ot 8,

mtmtﬂﬂhmmmwmmm « S5'C < Ta % 125°C, while the LF3478 and tha LEI47 are available in the commerciai tempenature
range 0'CLTL700C. Junction temperdiure can rise lo Tj max = 150°C,

Nois §: Unless otharwise specified the specifications apply ovar the full tampersture rngs and for Vg = + 20V for the LF147 and for Vg= 1+ 13V lor the LF3478/
LF347. Vo3, lp. and igg are measured at Voy =0,

Nots §: The input bias carrents are junction isakage curents which sporoximately doulsis for svery 10°C i 0 tha kenction temp w T} Dua to limited
Pproduchin Lest tine, (e KpUL DISS CUITENTS MeANUed &7/8 COMSIALEd 13 junction tempermiue. hmmmmmmmmmm
W“Imdmmm?p.ri-'r‘+%%m'“ﬂ” from junction to ambisnt. Use of 8 heat sink is
recommandad il input bias cwTent is 1o be kegt 19 3 minmyum,

Mots T: Supply g® riqaction ratio is d tor both supply magnitudes i ing or iNgG Simultar ly in accondance with common practice from
¥g = & 5V io £15V for tha LFJ47 and LF3478 and from Vg = 20V 1o =5V for the LF147. :

Note §: Redor 10 RETS147X tor LF1470 and LF147) mktary spacifications.

Note %: Max. Powgr Dissipation is by tha ge chavactensucs. Operating ithe part nasr the Max. Powsr Diasipation fhay Cause the part 1o opeate
oulside guarsniesd limts.
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Typical Performance Characteristics

input Bias Current

Vym:1OY
TLn?3'C

SNPUT BIAS CURMENT (pA)

-% -5 @ s 0w
COMMON-MWODE YOLTAGE (¥)

Positive Common-Mode
Input Voitage Limit
[~ ts s 1T

74

1% 7
]

POSLTIVE COMUMON-MODE
IPUT VOLTABE LIMIT (V)
- §

~

] ] L]
FOITIVE SUPPY
VOLTAGE (V)

- Negative Current Limit

EI | Vaw TR0V

- AN
1

nse) #e\-s\

; \\ ‘

° l

] L w » L]
DUTPUT SINK CURRENT {aA)

NERATIVE QUIPUT VOLTAGE SWING (V)

. Gain Bandwidth
i‘l $5
=
s &
§ %}
5\ g .
E s S
=

3 .
-5 -5 0 N W s
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T

NPT BIAS CURRENT (oA
s &

Input Blas Current
Ve wl m%
Y= 213Y 1 ]
VA
y
Z
yd

-M-B 0 M N TN

NG (Vp-p)

- input Valtags Limit_

TEMPERATURE {*C}

Negative Common-Mode

-¥Wishstrl

Z

Vi

8 -5 -0 -1 -0 -B

MEGATIVE SUPRLY
YOUIAGE (v}

Qutput Voitage Swing

B=2
Tan23°C

-4 L] w ©® ®m n
SUPPLY YOUTAGE (£ V)

Bode Pigt
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Distortion vs Frequency
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Pulse Response s, =2kn.c -100F
Small Signal Inverting

OUTPUT VOLTAGE SWING (50 mV/DIV}

TIME (0.2 us/DIV)

TUIH/S647 -4

Large Signal Inverting

GUTPUT VOLTAGE SWING (5V/0IV)

TL/H/ISB4T -8

OUTPUT VOLTAGE SWING (1V/DIV)

Smalt Signal Non-inverting

OUTPUT VOLTAGE SWING (50 mv/D IV}

o £

TIME {0.2 ux/DIV}

TL/H/S84T-5

Large Signal Non-Inverting

GUTPUT VOLTAGE SWING {SV/DIV)

TIME {2 ws/DIV)
TLIH/5BAT=T

TIME {5 ,4/0iv}

Application Hints

The LF147 is an op amp with an internally trimmed input
offset voltage and JFET input devices (BI-FET ITM), These
JFETs have large raverse breakdown voltages from gate 1o
source and drain sliminating the need for clamps across the
inputs. Thesefore, targe ditferentiat input voltages can easily
be accommodated withou! a large increase i input current.
The maximum ditferantial input voltage is independent of
the supply voltages. However, neither of the input voltages

T

TLied, 56473

shouid te aillownd to exceed the negative supply as this will
cause large currents {o flow which can result in & destroyed
unit,

Exceeding the ncgative commen-mede limit on either input
will force the cutsut 1o a high state, potentially causing a
reversal of chase to the culpul. Exceeding the negative
common-meds st on both inpuets will force the amplifier
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Application Hints Continuea)

oulput to a high siate. in neither case does a latch occur
since raising tha input back within the comman-mode range
again puts the input stage and thus the amplifier in a normai
operating mode.

Exceeding tha positive common-mode limit an a single input
will ot change the phase of the output; however, if both
inputs exceed the limit, the cutput of the amplifier will be
foreed to a high state.

The amphlfiers will operate with a comman-mode input volt-
age equal 1o the positive supply, howevar, tha gain band-
width and slew rate may be decreased in this condition.
When the negative common-mode voltage swings 1o within
3V of tha negative supply, an increasae in input ofiset voltage
may gocur.

Each ampiifier is individually biased by a zener referance
which allows normai circuit operation on + 4.5V power sup-
plias. Supply voltages iess than thase may result in lower
gain bandwidth and slew rate.

The LF147 will drive a 2 kil load resisiance t¢ = 10V over
the full temperature ranga. H tha ampiifier is torced 1o drive
hoavior load cusrents, howaver, an increase in inpul offset
voltage may aoccur on the negative voltage swing and finally
reach an active current limit on both positive and nagative
sSwings.

Precautions shouid be taken to ensure that the powar sup-
ply for the integrated circuit never bacomes reversed in po-
farity or that the unit is not inadvertently instatled back-

Detailed Schematic

wards ir: & socket as an unlimited current surge through tha
resulting forward diode within the IC could cause fusing of
the intemal conductors and resuilt in a destroyed unit,

Bacause these amplifiers are JFET rather than MCSFET
input op amps thay do not require special hangiing.

As with most amplifiers, care should be taken with lead
dress, camponent placement and supply decoupiing in or-
der to ensure stability. For example, resistors trom the out-
put 1o an input should be placed with the body close 1o the
input to minimize “pick-up” and maximize the fraquency of
the feedback pole by minimizing the capacitance from the
input to ground.

A feadback pole is created when the feadback around any
amplifier is rasistiva. The paradel resistance and capaci-
tance fram the input of tha device (usually the inverting in-
put) to AC ground set the frequancy of the pole. ln many
instances the frequency of this pole is much greater than
the expected 3 dB frequency of the clused ioop gain and
consaguently there is negligible effect on stability margin.
Howsver, il the isedback pole is less than approximately 6
times the expected 3 dB fraquency a lead capacitor shouid
ba placed from the output to the input of the op amp. The
value of the added capacitor shouid be such that the RC
time constant of this capaciter and the resistance it parallels
is greater than or equal io the original feedback pole time
constant. :

Vit O -
" —gau
n.u“I d I/n'
A
) an . [ k
< RS
o b2
0
F “} o7 g $—=Ovp
1& R :E:: Olljﬁ ?
% i
m:‘l ] [
A
'/ui
LN
:: RE
¥ 02 oHn ::’ ¥03

TL/H/S64T -8
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Clock Generator/ Driver MN 3101 for BBD's

aeneral Description

The MN3101 isaC MOSintegraied circuitdesignedtogenerate

low impedance two clock phases required for driving BBD's. In
addition, the MN3101 provides the optimum VG for BBD's* when
the MN3101 is used with BBD's on a common Voo supply.

The self-contained oscillator can be controlied by an external
RC circuit, but an external oscillator can also be used. The
clock frequency is 1/2 of the oscillation trequency.

*PANASONIC s 880 product range: MN3I00 1. MN3I002, MN300J. MNI004. MN3IOOS, '
MN3006 MNIDD7. MN 3008, MN3009. MNIOT0. MN301 1. MN3012. Note: The MN3003
15 proviges with an «ernal oscilistor.

Features:

« BBD direct driving capability - up to two MN3005 types
(equivalent to 8192 stages).

« Either internal or external oscillator can be used

«Two phases (1/2 duty) output

« Provided with VaG supply circuit

= QOperates on a single power supply: -8 ~ ~16V

+8-lead dual-in-line plastic package

\ Application
=« BBD clock generator/driver

Unit: mm (inch)

1[ 1R 8 &
[
2 7 i
1 1 <
3(] e S
©
4 5 o
1.55 f—p—ei1.75
6.4+ 0.2 1081 {0.68)
1252) 33typ

8-Lead Dualin-Line Plastic Package

Biock Diagram

0X1 O0X2 0x3
(D55
g)\mn
Osciltator 1 % Divider
¥ Suasly
. up
) Circuit S)VGG
Waveform Shaping 1 }
y 1)GND
 J
Clock Driver-
-
cP CcP2
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ham Symbol ' Ratings Unit

Supply Voltage Voo -18~+0.3* v

input Terminal Voltage Vi Vop-03-+03"

Output Terminal Voltage Vo Voo ~0.3~+03* v

Power Dissipation Po 200 mw

QOperating Temperature Topr - 10~+70 c

Storage Temperature Tstg -30~+125 C

“With respact to GND = OV.
Qperating Conditions

Item _ Symbol Condition Min. Typ. Max. “Unit
Supply Voltage Voo GND = OV - 8 -15 -16 v
Ziestricai Sharacteristiss (Ta = 25 C. Voo =- 15V, GND = oV:

Item Symbol Ceondition Min. Typ. Max. Unit
Supply Current oo Without ioad 3 mA
Power Consumption Ptot Clock output 40kHz 45 mw
OX1 Input Terminal
Input Valtage “H™ Level ViH 0 -1 v
input Voitage “L" Level viL VDo+1 Voo
input Leakage Current Ik Vi=0~=-15V 30 mA
OX2 Cutput Terminal
Qutput Current“H" Level ior Vo=-1.0V 0.6 mA

“Duiput Current 'L” Level | 1oL Vo=-14V 05 mA
Qutput Leakage Current iLoL Vo= Voo 30 1A
Output Leakage Current ILoH1 Vo =GND 30 wA
OX3 Output Terminal
Output Current “H" Level lomz Vo==10V 1.5 mA
Output Current “L” Levet oLz Vo=-14V 2.0 mA
Qutput Leakage Current howz Vo= Voo 30 pA
Output { eakage Current 1LOHZ Vo= GND 30 nh
CP1, CPZ Qutput Terminal
Output Cusrent“H" Lavet 10H2 Vo=-1.0v 10 ma
Cutput Current“L™ Level loL3 Vo=-~14V 10 mA
Qutput Leakage Current hoLs Vo= Voo 30 nA
Output Leakage Current  |ILOH3 Vo =GND 30 uA
VGaa Output Terminaiiee
Output Voltage VGG ouT | | -140 v

"This terrmnat putputs VGG voitage particularty suitable for the BBD's manufactured by PANASCONIC. Tne voltage 1s not necessarily suitabie tor the manulactyrer's products.

The VGG QuUT Changes depending on Vo The relatonsnip between VGG QUT aNa V(D 18 28 toliows:

VGG QUT = 14/15 VDD
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Application Circuit Exampie 1 - Echo Elfect Generation Circuit With The MN3005
Ir "2 ANBSS1 : 2 ANBSS51 :1
i
I
f
:: 120ka 43kn 120k I:
| N B |
-] 20pF] - ~ - F
(R =i S I i B P,
- rl ws 3 ® a3k, 9 g:}
INFUT#} M PP W—gref—gmgtd | i
o 33kF 43k lc&JZ - U'J_ 3lic2 > ¥4 OUTPUT
—— - [ Q| a -+
I u 34/5 5l & - F33 4 5 El
vo18l 8kl 28 SRR !
L BT FETSl ° !
GND F ~+ $ ano
1
- £
': —w—ft 20k
h 220ka 3.3uF Echo Control
! —
! 3.3uF
vae -
! .
i T 224F '
3 MA26W-B 13
GNO '3 ANBSS1  120kn 3.3uF
h"—"_— A e T T el S Tl T e T A A AR IR TR TR IR W TR e e TR AT e = e =‘_‘-—-'—-|

Printed Circuit Board Layout (Actual Size)

~Adjust 1o mimmize distortron (VR 100k typ.)

Quick Reference Data for The MN3005

Hem Symbol Value Unit
“100kn
3300pF  120kn 56k = —e Suppiy Voitage VOD. VGG | ~15, VDD +1 v
-t 4 —‘"V—SS"F -'Wl"—' R . .
" & 13 _43e 33000F 33kn Signal Delay Time 1o 20.48 ~ 2048 | msec
37 g0 ik R T} A Totat Harmonic Distortion | THD 1 %
120Kk, 22'38; *" —-n: CAEsiWh T T + . : )
m-,| . pr a = Signat to Noise Ratio S/N 75 d8
) el 200F 22uF
81 lanass, 3% "= —— -tr
1o 5 'ncm q2 34 15k .
33w F ;: ! _.w,,_ ;’,"_’“‘“,_6 _’,: Sn— Quick Reference Data for the AN6551
21! 3,“m' mAzew 4 A tam Symboi Vailue Unit
\{zzo»+ ) ardber pi 08
20k: L Ju— 587 a, Ve 15 v
ouT 2200cF__43kn F100k0 IMN3101E, Supply Voitage
. ™ 4 3z 1)
fy +22“ +vec e = VEE -15 v
r
Input Bias Current 8 S0Dmax. nA
Vaoitage Gain Gv 100typ. dB
Noise Voitage Referred
to tnput Vni 2.5typ. pvrms
Maximum Qutput Voltage | Vo(max) +=13typ. v
Commeon-Moge Rejection
Ratio CMRA 90typ. dB
Supply Voltage Rejection SVR 30typ. uViv
Electrical Characteristics of The
Apptlication Circuit Using The MN3005 (Vcz=8V. Ta=25C)
Item " ‘Symbol Condition Min. Typ. Max. Unit
Suppiy Current IcC ' . 8 10 mA
Total Power Conswwplion Prot 70 mw
Signal Detay Time 1 fep = t8+2kkHz 100 113 128 msec
Cutoft Frequency feo 2 kHz
" Input Signal Swing Vi THD = 2.5% 500 mvrms
insertion Loss L = 1kHz. Vi = 300mV -2 0 2 a8
Total Harmonic Distortion THD | Fi= 1kHz Vi = Vikmax,) 608 05 ) %
Qutput Noise Voltage Vno =0V 0.35 mvrms
Sianal tn Noise Ratin SR frottemny o BT e s -
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Application Circuit Exampte 2 - Echo Effect Generation Circuit With The MN3007

SR ST T R S &S SRSS ST RT '='= T T
13 ANB5S1 ook Y2 ANBSS § s
1 5 ¢
120k 100k o0 120kn i
W -3 3#F o —_ h
5 5[ T SR, | g [ T |
. [ :‘D’ m M 33 |- ] )
AW 8 7 8 5 PO AR
iC1 7 1C2 T
52'1" I‘;‘ 57 ic > MN30oT | 5| % 3[ICZ>E : ouTPUT
w 8 i: A 8 F g £ '.8- = 5 il
2 215 1 - [
& NI a2 AR I
m ™ !
. 4 GND
+
H i 20Kn
220kn  3.3uF k $1 Echo Control
s 220ka
3.3uF W i
7+ 4
W MA26WB |, 1c2 H
22uF 2y 8
" - o 6 ¥ + -
&_—_--.. T S S R TE =S e - :-_-_-—“.:.i? _:'ff-s‘il‘—l?_kil:_—a .g‘_ﬂf_‘ji
*Adjust 1o minimize distortion (VR 100ks typ.)
Printed Circuit Board Layout {Actual Size) Quick Reference Data for The MN3007
o0 item mbol
W00 eSS WV, 33000F Symbe -
- e T o= = Supply Voltage VOD.VGG | =15, Vpp +1 v
| A A M A - - -
e AR WA RN Y 1200 Signai Delay Time to 512~81.2 msec.
1zomBrog o 1 as jurragy oy +=2 Total Harmonic Distortion THD %
b ?: Iy zm;; -t
& [S—— A Signal to Noise Ratio N
& ¢ ,.,.."“".,. o }.5 . - a} igna i S/ dJB
g R e o
PRI | By oL 1 o
wzon% 1'{,4‘ e m:t__l
20% — T sy 4] it
our _ 22000E__\p e rooka) s
- ur am |58 2 7
3 T o ‘=i Ll Yoa~a®
YR00pF ead atat
Electrical Characteristics of The
Application Circuit Using The MN3007 (Vcc=9V, Ta=25C)
Item Symbol Condition Min. Typ. Max. Unit
Supply Current ce 8 10 mA
Tatal Power Consumption Prot 70 mw
Signai Deiay Time ! fep = 14+ 2kH2 3z 37 43 msec
Cutoff Frequency feo 2 KHz
input Signai Swing Vi THD = 2.5% 500 mvrns
iy,
Insertion Loss Li fi= tkHz. Vi= 300mV . ~2 0 2 dB
Total Harmonic Dictortion THD fi= 1kMz, Vi = Viimax) -6dB 05 1 %
Output Moise Voltage Vno Vi= 0V 0.35 mvrms
Signal to Noise Ratio S/N Vs Vilmax. = S00mvrms 60 a8
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Terminai Assignments
VGG OUT OX1 .OX2 OX3
8 7 6 5
(Top View) 1 2 3 4
GND CP1 vDD CP2
Pin Na. Symbel KO Functions
1 GND Supply Grounding
2 ceP (o} Qutputs 1/2 duty cycle clock pﬁlse at frequency 1/2 of an osgiliation frequency, having an
opposite phase relationship with respect to CP2.
3 Voo Supply =15V supply voltage input,
4 cP2 Q Outputs clock pulse having an opposite phase relationship with respect to CP1.
5 ox3 0 Internal Qscillation: External Oscilfation:
6 Ox2 (s} C R network connection 1o the pins An external oscillation input to OX1.
7 Ox1 1 (See oscillator circuit exampie) with OX2 and OX3 open.
~14V gutput (When Vop = 15y
8 VGG our o The retationship betwaen Voo and Vac our is: Vg OUT=14/15 vpp

Oscillator Circuit Exampie

MN3101

No

Ox1

<l

The internal oscillation circuit of the MN3101 consists of a
2-stage inverter. The oscillation frequency is established by
the time constant of C, and R.. The following tabie shows
exampies of C1, R1 and R2 vaiues. Fcp - Rz characteristics
example is shown in Figure 1.

o0

OX3
jsi '
c

Ry § Ry % —_ &1
S
Example —<205tant A1 (0) R2 (2) C1 (pF) f osc™ (kHz) F CP* (kH2)
Example 1 0 Sk~1M 33 15~ 1500 7.5~750
Example 2 22k Sk~1M 100 5.2~440 2.6~220
Example 3 22k Sk~1M 200 1.4~280 0.7~ 140

~Clock output frequency tor C®1 or CP2,
-*Osciilation freguency for OX1. OX2. and OX3.
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tcp~-R2
"M e H VDD = ~15V
500k =3 ' Ta= 25°C
N 1
00k
3 TN | MN3101
= I
2 ook h OX1  0Xx2 OX3
d
> 50k
& 30k
.
&
|78
x 10k
8
o
K
Iy
1k
1K 10Kk 30k 100k 300k 1M

pPower Dissipation PD {mW)

Resistance R2 (9)

Maximum Clock Frequency

The maximum clock frequency is limited by device power dissipation and load capacitance. The power consumption
of the devices increases as the clock frequency or load capacitance is increased (See Fig. 2). Therefore, a proper clock
frequency and load capacitance value must be chosen so that the maximum allowable power dissipation of 200mW for
the MN3101 is not exceeded. .

Fig. 3 shows the relationship between the maximum frequency and load capacitance for 150mW power dissipation, The
maximum clock frequency can be increased without increasing the power consumption when a resistor is connected to
ezch clock output terminal (See Fig, 2 and 3). The series resistor consumes a part of the power required for driving the
load capacitance and heip reduce the power dissipated in the device.

d
- MN300S X 2
Po-fCpP (4700 PF)
1000 - ~MN3008 X1
o
T LTTTIT T
LI i e Bt I Lol
S00| maximum Power Dissipation 4 _H;JS%%?X‘I
P 200mW 7 {S80pF)
300 |__! Y el AaNa00s X 1
Y1/ (TOpF)
200 A ~Without Load
l'fg’? p‘d
2
100 Val i 4% /
- “ 4
Z Z
50 . Z
4 T
o P
30 s L
20 s el . [
10
1k 3k JQk 30k 100k 300k 1M

Clock Frequency fCP (Hz)

Fig. 2 Power Consumption vs Clock Freguency

fcr{max.}~CL
1M
I i 1 [
1 PD = 150mW ™
B =
T 500k 1t
5 ’ ‘\‘ "\_._'-\- l i
2 sook[\\“sla ﬁ‘h‘.\_
: NS L /f I T~ Vpp =-8ViLoad Gy
$ 200k R e -
b \ ~3 .y P~
Q \ ™ - = =
E e Ny +-al I~ VOO =-15V
2 100k — e VDD = -16V
@
t VDD = 15V {Load CL)
g 50k P VOD = -16V (Load CL)
o
E 30k
=]
E 20k
o
3]
b
10k
C 1000 2000 3000 4000 5000
L | ] |
MN30OT MN300B  MN2005 MN3005
X1 xt X X2
1024 2048 4006 8152
15tagesi (stages) 1918088l istages|

Load Capacitance CL (pF)

' Fig. 3 Maximum Clock Freguency vs Load Capacitance at 150mwW
Power Consumption
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1024-STAGE LOW NOISE BBD

General Description ) ' Unit - mm {inch)

The MN3007 is a 1024-stage long delay BBD (Bucket
Brigade Device) that provides a signal delay of up to o 4"‘-{" E?
51.2msec. The MN3007 is particularly suitable for use as . rE| 33
variable signal delay lines in audio frequency range. § i e

- a =8

. ; :'

Features:

.55 1.7
- {.068)
1. 3twp
[Nt

® Wide range of variable delay time: 5.12~51.2msec.
® Clock component cancellation capability.

@ No insartion loss: L, =0 dB typ.

® Wide dynamic range: S/N = 80 dB typ.

& Wide trequency response: f; < 12kHz.

® Total harmonic distortion: THD=0.5% typ. (V,=0.78Vrms)

e Clock f enc : 10~100kHz.
Clock Trequency range 8-Lead Dual-In-Line Plastic Package

® P-channel silicon gate, tetrode MOS transistors

figuration .
contigtratio Block Diagram

# B-lead dual-in-line plastic package.
cP P2
Applications: ~Q ®
® Reverberation effect of echo microphones and stereo I \I
equipment. 1024 ) OUT1
#® Chorus effects in electronic musical instruments. N Stages
® Variable or fixed delay of analog signals. ' BEBD 8) ouT?
4 1
Veo GND Voo
Quick Retference Data
o | 1O Symbol , Value Unit
Supply Voitage Voo Ve« B vene 1 T Ty T
Signal Delay T.irne . - o : o ' 512 5§12 . msec
To!al-Harmomr:.’Dls!emon- o *'“&-t THD ) e ' @
s-gnai to Noise Rano “m_j SN . 80 ' ‘ dB
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Absolute Maximum Ratings (Ta=257)
Item . Symbol - - -Ratings Unit
Temminal Voltage .- Voo. Vaa, Ver. Vi -18~+0.3 v
Output Voitage 3 Vo ~18~=40.3 v
Operating Temperature Topr —20~4-60 T
Storage Temperature - .o.: .- Tstg —55~125 T
Operating Conditions (Ta=257)
- ftam . oEET S Symbol . Min, s Typ sMax. . ‘Uit -
Drsin Supply Voltage - Voo —14 -1% -16 v
Gate Supply Voltage Vgo Vop+1 v
- Clogk Voltsge “H” Lavel Ve 0 -1
Clock Voitage “L" Level =~ Vem Voo v
Clock input Capacitance Cer 700 pf
Clock Frequency - ... -5 fer ' 10 100 kHz
- = Clock Puise Width 2 e, topw 08T
" Clock Rise Time - 2. Hials tepr 500 nsec
Clock Fall Time .fcpf 800 nsec
Clock Cross Point 7+ ° i Vx 0 | -3 v
x1 T=1/fce *2 Clock Puise Waveforms
Electrical Characteristics (Ta=257C. Voo=Vep=—15V, Vepu=0V, Ve =—14V, RL=100k0)
Jtem - Symbol [ o0 Condition Min - ) Yyp. Max. Umt
Signal Delay Time -~ “. | 1o 5.12 51.2 msec
. i e i fop=a0kHz. Vi1 5Vmns,

Input Signal Fmquency. - . | i 3dB down (0dB a1 fi=1kH2) 12 kHz
Input Signal Swing Vi fop*=aOkHz. fi=ikHz. THD=2.5% 1.% Vmms
Insertion Loss Li fop=aOkHz, fi=1kHz. Vi=1.5Vms -4 0 4 a8
Total Hamonic Distortion ‘THD tep=<aOkHz, fiwtikHz. Vi=0.78Vnns 05 2.5 %
Noise Veitage Vno fop=100kHz Weighted by “A” curve 0.30 mV s
Signal to Noise Ratio S/N ' ag dB

Terminai Assignments Clock Pulse Waveforms
OUT2 QUTT €P2 Voo | )
o s O s A DR S
8 7 8 5 =
: ‘ ——e- OV
D MN3007 (Top View) . ‘ e e 5
: Ol e i
. S ov
' . ——. 18V
L Lt Od ot tept 5 0OST
GND CP1 E N . Vo leor » Q08T
Circuit Diagram
e N z
5 OUT
. 25 1026
N3 S L 2 Sppem——— - 2 N 4 veoss
T EaN =7 L7 g
GND I e i
Voo -4 C —— e e e - o QUT2(8:
O e e ————— - — = —
or - S M e
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Typical Electrical Characteristic Curves

Vo—W ) Vo—V; THD—V;
=20 15 10
Vopu-—15V -
- 18 V:t——l‘v Voow-—15V - ;u-:::
ST {orm 4ORHE Vag=—14v X tepwaORNE
Tam2¥C gy formaQkHz 5 Tam28C
- e Tom2BC r 3
16 £ ya £
2 ' 2 3 J
g~ 2 s = ]
$ -1z g °
-2 k] 2
s / s s
bt ] 0 “
- 4 T 8 1 7
E -3 Vi ) 9 ya
3 7 B § Z
_ « =5 E o5 <
/! - [~ .
g s < g E
- A
—4 . g .3 0.3 A
- 10F - 02
- )
0 - -15 -5 o 5 10 ¢dBm)
0 =2 —4 —6 <B —10 —1Z —14 —I6 E T T Y 1015 0.1 ¢
_ ’ 0405 07 1 Z 3 a
DC Input Lovei V. (V) Input Signal Level V. {dBm) input Signal Level V. (Vrms)
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