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ABSTRACT

The Design of a Surround-Sound Decoder for Residential Environments

Stephen Kamichik

The reproduction of the spacious acoustics of a live performance
in a small listening room is surround sound. A decoder and rear

speakers are required for surround sound.

Surround-sound decoders are designed to be used in movie theaters.
The residential listening room is much smaller than a movie theater.
The surround-sound decoder described in this thesis is designed for
residential environments. In the home listening room the front-channel
speakers are next to the sound source; therefore, blend circuits and a

center monophonic channel for voice reproduction are not necessary.

A rear-channel gain control is incorporated into the system to

compensate for the room's absorption characteristic.

The decoder described in this thesis is the first to incorporate a
sub-woofer simulator to take advantage of the low-frequency
capabilities of the home stereo system. An (L-R) decoder is designed
into the system to generate the rear-channel information. An audio

time-delay circuit is incorporated into the surround-sound decoder.
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The sub-woofer simulator and the (L-R) decoder are active circuits
using integrated circuit operational amplifiers. The audio time-delay
circuit 1is designed using digital techniques and is built using
integrated circuits. The analog rear-channel signal is fed to an
anzlog-to-digital converter whose eight data output lines are shifted
in time by eight 192-stage shift registers. The eight shifted data
lines are fed to a digital-to-analog converter yielding a rear-channel
signal that is delayed in time. This signal is smoothed by a low-pass
active filter. The power supply is designed using three-terminal

integrated circuit regulators.
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CHAPTER 1

INTRODUCTION

Surround sound is the reproduction of the spacious acoustics of a
live performance in a small 1listening room. Rear speakers and a

decoder are required for surround sound[l]l.

Surround sound in residential environments is possible because of
the recent introduction of the stereo television and stereo video
cassette recorder. Most households have a stereo system where the left
front speaker reproduces the left side of the performance and the right
front speaker reproduces the right side of the performance. There are

no rear speakers in a stereo system.

Dolby Laboratories invented a system of encoding the rear channel
information on the existing stereo channels[l]. A decoder is required
to decode the rear channel signal and to feed it to the rear channel
amplifier{l]. Most surround-sound decoders are designed for use in the

movie theater.

The decoder described in this report is designed for residential

environments by the author and the block diagram is shown in figure 1.

1. Numbers in brackets designate references at the end of the report.




Sound effects such as explosions or thunder contain a lot of
information at frequences below 50Hz. Most stereo systems roll-off
frequencies less than 30Hz; therefore, very low frequencies must be
amplified which requires a sub-woofér simulator to be built into each
channel. This enables the existing stereo equipment to reproduce the

information at low frequencies.

In the theater, blend circuits are required to add a small amount
of the right channel information to the left channel and a small amount
of the left channel information to the right channel, reducing front
channel separation. Without these blend circuits, only the people
sitting in the center seats would get 1left and right channel
information. The people sitting in the extreme left or right seats
would receive only the left channel or the right channel information
respectively. The home listening room is less than one-fifth the width
of a movie theater; hence, the blend circuits are not necessary and
have been eliminated from the surround-sound deccder described in this

report.

Since the movie theater is a very wide room, a center channel,
which is the sum of the left and right channels, is necessary so that
speech will appear to emanate from the movie screen. The home
1istening room is narrow enough so that a center channel is not
required; speech will seem to originate from the center of the room

because the front channel speakers are close to the television screen.
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An audio time-delay circuit of about 20 ms is required to make the
sound from the rear channel speakers appear to originate from further

back in order to imitate the spacious acoustics of a 1ive performance.

The surround-sound decoder described in this report is affordable

and can bring exciting, three-dimensional surround sound into the home.

The surround-scund decoder discussed in this report contains two
sub-woofer simulators, one for each front channel. There is an (L-R)
decoder to decode precisely the encoded rear-channel information. An
audio time-delay circuit has been designed using off-the-shelf
components. A 7000 Hz low-pass filter was used to roll-off the high
frequencies in the rear channel. A rear-channel gain control was
incorporated into the surround-sound decoder. Finally, the power

supply for the decoder was designed.

The frequency and phase responses of the sub-woofer simulator and
the decoder were measured. Waveforms of various points in the audio
time-delay circuit were measured as were output versus input signals at

different frequencies. Power supply ripple was also measured.




CHAPTER 2

DESIGN GOALS

Sound effects such as explosions or closing a door contain a lot
of low-frequency information[2]. Most stereo systems do not respond to
sub-audio frequencies and therefore would benefit from a sub-woofer

simulator{2]. A bass boost system is the first design goal.

The most popular surround-sound system is the Dolby Surround
System. The rear channel is derived by subtracting the right channel
information from the left channel signal. Therefore, an (L-R) decoder

is the second design goal.

The third design goal is to maintain the front channel separation.
In the movie theater, a small amount of the right channel information
is added to the left channel and a small amount of the left channel
signal is added to the right channel by blend circuits. This reduces
the front left and right channel separation. This is necessary so that
the people seated in the extreme left or right seats receive right and
left channel information. The home listening room is less than 20 feet
wide and hence no blend circuits are required. This eliminates the
need for steering circuits to enhance the front channel separation[3].
A steering circuit is an adaptive matrix stage used to provide high-

separation outputs(4].



Frequencies less than 700 Hz are not blocked by the human head
because the distance between the human ears is half a wavelength or
less[5]. These frequencies are localized by the phase difference

between the human ears|5].

In the range of 700 Hz to 5000 Hz the directional behavior of the
energy field around the listener is important. The head is an obstacle
because the wavelength in this frequency range 1is 1less than the
diameter of the human head[5]. Head movement is used by the brain to
estimate the probable subjective mid- and high-frequency sound

direction[5].

Sounds of frequencies above 5000 Hz are localized by the pinnae or
flaps of the ears which modify sounds from different directions[5].
The pinnae's acoustic obstruction gives good spatial localization[5].
The pinnae localization mechanism appears to rely on the fact that
sound from each direction arrive inside the listener's ear with a
distinctive colouration[5]. The fourth design goal is to roll-off the
high frequencies of the rear channel. The Dolby standard of 7000 Hz is

used.

The average listening room is about 12 feet wide with the speakers
placed on either side of the stereo television. Speech will therefore
appear to emanate from the television[3]. An (L+P) or monophonic
center channel is not required in this system., A rear channel gain

cont-ol is also incorporated into the design.



The 20 ms time delay allows the rear speakers to be placed near
the seating, while the sound appears to originate from about 20 feet
further back to 1imitate the spacious acoustics of a 1live

performance[6],[7].

In the surround-sound decoder designed for the movie theater, very
complex circuits are used for the audio time-delay line, most of which
involve custom-designed integrated circuits. The audio time-delay
circuit of the decoder designed in this report uses readily available
integrated circuits and it 1is inexpensive enough to be incorporated
into a surround-sound decoder designed for the home. An audio-delay
circuit generates noise and distortion[6]. The rear speakers may be
placed above the listeners' heads to compensate for the lack of an

audio time-delay circuit|6].

High fidelity is one of the design goals. Therefore, the audio

time-delay circuit included in the design is optional.

A noise reduction system is not included in this system. A power

supply included in the system is also discussed in this report.
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CHAPTER 3

THE OPERATIONAL AMPLIFIER

The surround-sound decoder must operate in the audio range and the
sub-woofer simulator operates in the low and sub-audio range. At
frequencies lower than 1000 Hz inductors become bulky and expensive[8].
Passive circuits usually require inductors, while active circuits can
emulate most transfer functions using ony resistors and capacitors as

the feedback components[8].

The operational amplifier has a high input impedance and a Tow
output impedance and therefore operational-amplifier stages may be
cascaded directly(8]. Active circuits require power supplies(8}].
Active circuits are more sensitive to component value changes than
passive circuits due to heat and age[8]. Active circuits can be

unstable if not properly designed(8].

The operational! amplifier is used in the system discussed here
because the range of frequency operation is low, that is, in the audio
range{(9]. The various stages can be directly cascaded without buffer

amplifiers.

Active circuits require inexpensive components and their responses
are independent of source and load impedances{10]. Active circuits can

provide gain or attenuation and they may be tuned as well[10].
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3.1 Operational-Amplifier Model

The operational amplifier has two inputs and one output{ll]. The
output voltage is the difference of the two input signals multiplied by
the gain of the operational amplifier[1l]. Figure 2 is a block diagram
of the operational amplifier, where V,(t) = A[V,(t)-V_(t)] (1)

When the input voltages have the same noise, the noise cancels in
forming the output signal; this is known as common-mode signals(11].
If the input signals are different, then each is multiplied by the gain
of the amplifier; such signals are called differential-mode

signals{11].

A model of the operational amplifier is shown in Figure 3.
Typical values for the operational amplifier input and output
impedances, gain and input voltages are shown in Figure 3. For the
purpose of analysis the following assumptions are made: A = o, R, = o

and R, = 0 which also implies that V4+ = V_ and i+ = i- = 0[11].

Linear operation of an operational amplifier requires the input
voltage to be: | V4 - V_ | < VEC/A[1l]. Figure 4 is the idealized

input-output operational-amplifier characteristic.




Vp oo

4

Y

AMPLIFIER
 GAIN = A

Y2 () = AV, (1)V_(1)]

T

Figure 2 Block Diagram of Operational Amplifier{11]
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A = 100000

Ri = 100kQ
Ro = 100Q
| V#-V- | < 1 mV

-
Py
L g

Figure 3 Operational - Amplifier Model[11]

1




[11]o¢3St4830R4RY) IndIng-Indu] J43¢ 34 duy feuotjesadg ¢ 24nbiy

A"14405  AAUYSIN

NellYwniVe 2RAILVYIIN

e +— /|
]

(—A-*p) <

NOLLYNALYS  ALLISOY

Alddns BALLISAd

&)

12




R e

3.2 Choosing an Operational Amplifier

The important operational-amplifier specifications for the
surround-sound decoder are: slew rate, unity-gain bandwidth, C(MRR,

supply-voltage rejection ratio and noise level.

The slew rate is the time for an amplifier's output to respond to
an input signal[12]. Slew rate is critical in high speed and low

distortion circuits[12].

Unity-gain bandwidth specifies the highest frequency that an
amplifier will pass at a gain of unity without attenuation in the

amplification process|12].

CMRR or common-mode rejection ratio is the ability of an
operational amplifier to cancel out, within the device, common signals

fed to the inverting and the non-inverting inputs([12].

The supply voltage rejection ratio is the ability of an
operational amplifier to prevent power supply fluctuations from showing

up in the output signal(l2].

Low noise is essential in high quality audio and video
circuits[12]. The 4136 quad operational amplifier was selected. It
appeared to be the best compromise as shown in Table 1. The 4136 is a
quad operational amplifierg; therefore, more functions may be handled,
in a smaller area and at lower cost than with single-amplifier

integraved circuits[12].

13
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CHAPTER4

SUB-WOOFER SIMULATOR

The sub-woofer simulator boosts the Tow-frequency response of the
system. It consists of an input amplifier, a low-pass filter and a
summing amplifier, as shown in Figure 5. The input amplifier boosts
frequencies lower than 100 Hz and provides unity gain at frequencies
above 1000 Hz. The Tow-pass filter rolls-off frequencies greater than
7 KHz. The input amplifier and the summing amplifier dinvert their
input signals. Therefore, the sub-woofer simulator output voltage is

in phase with its input signal.

4.1 Input Amplifier

The schematic of the dinput amplifier is shown 1in Figure 6.
Capacitor (; is a coupling capacitor and is used to block direct current

signals from entering the sub-woofer simulator.

At very low frequencies, C] and C2 act as open-circuits. The gain
of the dnput amplifier becomes much 1less than unity., At very high
frequencies, C1 and C2 act as short-circuits. The gain of the input

amplifier is unity at higher frequencies.

The input amplifier may be redrawn for the purpose of analysis as

shown in Figure 7.
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Ry = 47kQ
Ry = 270kQ
R3 = 56kQ
Cx = I.OpF
C, = 0.047yF

Figure 6 Schematic of Input Amplifier
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Z\=R o+ X,
Z2
N d¢—e
b z +
+ ' $ + (R.+ X IR

v, v -A\, ] ) 37 ¢, M2
S 2 R, 4R +X.)
- - — 27 37 %,

a v

Figure 7 Input Amplifier Representation|13]
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Using KVL around path abcde [13],

Vy = iZy + ilog + Vg (2)
Solving fori, V. =V)
i= ——2% (3)
(Al+22)
Using KVL around path abca [13],
V; = iZ; + Va (4) or
Va = V| - il (5)
Substituting equation (3) into equation (5),
Va=iZy +ilg+Vy-ily = ity +2o-2))+ Vy =ilo + Vo
. V= V)Z, V2, - V2 . VZ +Z,)
- ” 2 - [/ ;
Z, +2z) z, +2) Z +2)
VZ +V2Z Z V/
Va = 122221=Z Zz v, + ——— 22 v, (6)
Z,+Z,) Z, +2,) (Z,+2,)

From equation (1) and this circuit configuration of the

operational amplifier:

V, = -AV, (7)
Equation (6) may be rewritten as [13],
v Z Z
Sy iy, ®
A (2, +Z) Z,+Z,)
-AZ AZl

2
V.2 —m—mm—m—— V - ——————
2 1 7 2
@z, +2Z,) Z, +2,)
-AZ, AZ, Xz
Z,+ 2,) Z, +2) V,

e
Vl

19



Kg ll N AZl ] _ -A22
v, z,+2,) z +2,
‘\2 _ —A22/(21+22) (9)
VI | N AZl l
(Zl+Zz)
E _ -AZ2/(Zl+Z2) _ —-A22 _ -Z2
v, T Z.+Z)+AZ,  (\Z, +Z)
1 (zl+22)+Azll/(Zl+Zl) 1 2P v 12 .
A 1
ﬁ _ —Z2/Zl _ —Zle‘
v, - (Z,+2) II 1 (10)
T AZ 1 Z +2,)
Adl 1 1 2
Vl A Z‘
Substituting for Z, and Z,,
~RyRy+ X ) (=RR=RXc )
\’2 (R2+R3+X(.2) (R2+R2+XC.Z)
Vl (R1+XC1) (Rl + X(,l)
(-R -RX,. ) - -R
Ya_ i) TR R (11)
Vl (R2+R3XC2 )(Rl+x(.l) (R1R2+R1R3+R1X02+R2xcl+Rsxcl+xczxcl)

At frequencies exceeding 1000 Hz or so, capacitors C, and C,

approach a short circuit, hence,

RRI(R,+ R
R

(12)

Y2l
Y, 1

20



4.1.1 Sensitivity of Input Amplifier

From equation (9),

V2 —AZ2
— T -_
V. = (Z +Z,+AZ) (13)
1 1 2 1
For frequencies above 1000 Hz,
R,R
3
Z =R and,Z, =+ ——— (14)
1 1 2 R,+R)
R.R
LetZ, = ———— = R,
(R, + Ry) (15)
e --AR2
- ' (16)
R1+ R2+ARl]
Therefore from equation (13),
T - Rl oT _ Rl(Rl+R2+ARl) (R1+R2+AR1)(0)+AR2(1+A)
T=o. —-= : . , - ,
v TR, -AR, IRl +R,+ AR |?
o ARR (1 +A) _ R (1 + A) _ —-R 1+ A)
R~ ' 1 = ' - '
1 -AR2(RI+R2+AR|) —(Rl+R2+ARl) (R1+R2+AR1)
LimA > S8 > -1
1
T - ﬂ_ ‘E _ A(R1+R2+AR1). (Rl+R2+ARl)(—-R2) +AR2R1
A T A ' ! 2
-AR, (R, + R, + AR)
o A|(R +R,+ AR )(=R)+ARR, _ R +R,+AR -AR, (R, +R)
A_ ] ] - ' - ]
—AR2(R|+R2+ARI) ‘R1+ R2+AR|) (R1+R2+ARl)

Lim A » © s{f—»o

21




o _Rear _R{RARGAR) B4R AR) AN AR,
D T [} - [} ‘ ] 2
R, ar, ~-AR, (R, +R,+AR))
' "2 ' 2
oo Fa  CAR-AR;-AR HAR) (-AR-AR)
R, —AR, (R, +R,+AR,) (R,+R,+ AR)) A
o o Bt AR)

Ry, (R, +R,+AR))

LimA-»o 8T -1

Ry

For frequencies below 100 Hz

v, -2

V. l4a= Zl

~
N>

1 (RC /S +1) a7
i Z =(R —_—,) e ——
Since = l+cls) CS
and
1 (R2R3€2S+R._,)
R (R +—) —_
2773 Czs C,S (RZRaCzs+R2)
2. = = = (18)
2 y
Ry + R+ Z‘l_ , BCSHRCSHD  RCS+RCS+1)
2 c,S
The transfer function can be written as
(R2R3C28 +R2)
Vo (RCS+RCS+L) (R,R.C,S+R,)C,S
v, (R,C,S+1)/CS (R,CS+1)(RCS+R,.CS+1)
v a2
—V_2 ~ (—th's(,‘czs - chxs)
V. 2 v Q2 .
1 (R1R2C1023 + R1R30162S + Rlclb + R2CZS + RSC2S +1)
2 v
XE _ (—R2RSClC2S - RQ(,]S) (19)
V.~ 2
1 (RRCC,+RRCC)S+(RC +RLC,+RCHS+1)
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R e e R

Let X =| RRLC,C,+RR,CC,)S*+RC,+RC,+RC,)S +1

Therefore
2 2 2
o B R X - RRLCCS+RLSIRCC,S +RLC/C,S +C,S)
BT &R, (CRR(CCS-RCS) x?
r (~-RR,C,C,S*-RRCC,S*~RCS)
S, = & =]
R v 2
{ RRCC,+RRCCIS"+(RC +RC,+R,C,)IS+1
LN RX  X(=RC,CS*-CSI+RRC,CS™+RCSKR,C,C,S +C,5)
f2 T 2R, (-RR(CCS-R,CS X
2 2
o o FA-RCCS-CS)  -RyRCCS +C)
2 (-RR(C,C,S-R,C,S) X
2 2
o CRRLCCS -RLCS (R,R,C,C,S*+R C,S)
R,” 2 - 2
2 (~-RRLC,C,S*-RLS) (RRCC,+RRCCIS’+RC +RLC,+RLC)HS +1
2
o (R,R,C,C,S*+ R,C,S) ot
R, "7 2 o
2 RRLCC,+RRLCIS +RC +R,C,+RC,)S +1
2 2 2
o B e RX X(~R,C,C,S%+R,RC,C,S*+R,C SR CCS*+C,S)
R, 7 aR. 2 ' 2
3 T &; (-RRC,CS-RCS X
2 2 2
o R | X(-R,C,C,8%) + (R,R,C,C,S*+R,C,S)R,C,C,S*+C,S)
R~ 2
3 X(-E,RC C,S*~R,C,S)
2 2
o7 _ _ Pal-RLCSD R,(R,C,C,S%+C,8)
fs  (~RRLC,CS-R.C,S) X
2 2
r RRCC,S (R,R.C,C,S* + R,C,S) 08

By RR,C,C,S™+RCS) (RRLCC,+RRCC

2
1RoC\Co+ R RCCIS™+ R C +R,Cy+ R C))S +1
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e C, o _ cx X(=R,S)+(RR,C,C,S*+R,C,SIR R,C,S*+R R.C,S+R.S)
"7 i 2 ’ 2
1 T & (-RACCS*-RCS) X
2 2
e -CR S \ -C,RRLC,S*+RRCS*+R\S)
“ (-RRLCCS-RCS) X
i CR,S (RR,C,C,S*+R R.CC,S*+R CS)
S, = - * =1
c 2 2
1 RR,CCS*+RCS) (RRCC,+RR.C.CIS*+WRC +R,C+RC)IS+1
g5 T CX
f=e == - .
2 %€, (-RRLC,CS~RCS)
2 2 2 2
X(-RRC,5%)+(RR,CCS+R,C SR RCS +RR,CS +RS+R,S)
x?2
2 2 2 2
o C,(-RR.C S . C,RR.CCS*+RCSXR RCS*+RRCS*+RS+RS)
c,” 2 X
2 (-RR,C,CS-R.CS)
2 2 2
o - CA—RR,C S%) . -C,R R,C,S*+ R RCS*+RS+R,S)
c, 2 X
2 (-RRLC,CS-RCS)
2 2 2
ST - RRCC,S (R,R,C,CS*+R R C,S +R,C,S+RC,S) o

c 2 - 2
2 (RstchzS +R2CIS) (Rleclcz+RlR3C1C2)S +(R1C1+R2C2+R3C2)S+l
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4.1.2 Input-Amplifier Design and Performance

The coupling capacitor, C,, of Figure 5 rolls-off the low frequency
response of the input amplifier in order to block any input direct
current voltages. R; is selected arbitrarily as 47000Q. Capacitor C,
is selected for a response of -3dB at eight hertz, that is, 0.7071 of

Vin appears at v,, refer to Figure 6. Hence,

R (20)
—_— = (0.7071.
(Xcl+-R,)

0.7071 47000 hich yields X,, = 19 468 Q
. = — ie =
X. + at000 " IEE e

¢

1 (21)

X,.= ——

¢ 2nfc

1 1
6283x8xC1— 50.264 C,

19468 =

1 =978540 Cl

C. = = 1.0uF
1 978540

Resistor Rz is arbitrarily selected as 56,000Q2. R, is chosen, so
that, at frequencies above 1000 Hz, when C, approaches a short circuit,

the gain of the input amplifier is unity;

25

< e




Rk

—_——— =R =47000Q 22

(R2 + Ra) 1 (22)
56000 R,

— =47

56000 + R, 000

56000 R, =2.632x 10° + 47000 R,
9000 R, = 2.632x 108

2632 x 10°

= = 2924440
2 9000

R2 = 270000Q (nearest standard value)

Table 2 1ists the design and actual performance of the input
amplifier stage. Figure 8 is the frequency-response plots of the input
amplifiers. The discrepancy between the 1left and right channel

performance data is due to component tolerances.

4,2 Low-Pass Filter (with fc = 50 Hz)

The Sallen and Key low-pass filter, as shown in Figure 9 was
selected because it has good sensitivity characteristics. There are
several designs possible with this circuit{14]. The equal component
design was chosen. The gain of the circuit is determined by Ry and Rp
in the noninverting operational amplifier circuit[14]. Figure 10 is

the controlled-source model.
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| R4.R5= 33kQ

Ca,C4=0.luF

v +2v RA = 1.8kQ

AP a Iy + "
v 4 = 3kQ
Ry Y RsC;'I‘ 6_“';? Vo, Ta

-fav Ra
Vx
R‘

Figure 9 Schematic of Low-Pass Filter (fc = 50 1iz)
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Figure 10 Noninverting Amplifier Model [15]
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Vo= AV, - V_)
Comparing Figure 3 and Figure 10, it is evident that
V_=V.andV, =V,
Substituting (23) into (1) :
V,=A(V, -V

From Figure 10,

-— RB___I
= R+ Ry 2
Substituting (25) into (24):
R AR,V
B B'2
V.=A V——————V}=AV—————-
2 I (R,+Ry) 2 I (R, +Rp)
Equation (26) may be rearranged:
AR, AR,
Vot ———— V, =4V =V, |l + ————
(R, +Ry) 2 (R, +R,)

‘7

1o
>

V‘ ARB } 1 RB
1+ —— -+
(RA+RB) A (RA+RB)
As A-wm
V2 1 (RA+RB) [ RA}
——p = ={1 + =—
V‘ RB/(RA+RB) RB R”

Since this relationship is constant, let

-,

=K

V2 {
— =1{1+
Vl

=
C]

(1)

(23)

(24)

(25)

(26)

(27)

(28)

Figure 11 is the controlled-source mode) for the Sallen and Key

circuit of Figure 9.
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R \& Rs Va:ri?‘
Jv«y‘ L —W\, Py
L —
C;q 3
V2
Vl -+

Figure 11 Sallen and Key Filter Model |14]
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Using KCL at node A: [14]

1 V-z V2
—-[—_v }+l—--o]cs=o (29)
R, LK K 8
Using KCL at node B: [14]
1 Vz] 1
R—5[vb-—K—I+c4s{vb-v2}+R—4[vb-vl} =0 (30)

Equation (30) may be rearranged:

[i+cs+—]—}v R SN (31)
R5 4 R4 b Rs K 42 R‘1
Equation (29) may be rearranged also:
vV
1 1 2
-—YV —_— —_— = 32
R, b+[R5+cas} = =0 (32)

Equation (32) is used to solve for V, and this is then substituted into

equation (31).

vV, = +RCS) -1?2 (33)
. v, v, v
{E'+C4b+_HHR5(’35}_'F_=L4bv2+—
5 4 5 4
{1 +CS+ - +CS+RCC82+R5CS} Yoo V2 C.sV U
ry 4 L Tls 534 B YR = =LSVaT o
R5 R4 R4 K R5K R4

1 3 1 ng R5 vy Q _V
Vol % C45+§;+035+R5C34 * 7, G -cS| ==
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Va2 K
v, R, 1 9 Ry .
C4S + R_4 + 038 + R5C3C4S + ;{—4 CSS - KC4S
Ve K
v 2
1 (R4C4S +1+ R4Cas + R4R5C304S + R5C3$ —KR4C4S)
Vz _ K
v 9
1 IR4R5C3C4S +(R4C4+R403+ R5C3—KR4C4)S+ 11}
K
Vy RRC.C, (34)
14 1 1 1 K 1
! [SQ+ l + — + -— S 4+ —
CRg  RL, RL, R RRCC,

where K is given by equation (28).

4.2.1 Sensitivity of Low-Pass Filter

There are five parameters, namely K, C3,C4, Ry and Rs; that can
change due to temperature variation and component aging. The
sensitivity of the transfer function due to the variation of parameter
X is equal to the percentage change in T(S,X) divided by the percentage

change in X. In each derivation,

- v 2 3 yQ Al v
LeX =R RCCS™+ RCS + RCS+RCS-KRCS +1)

dTIT KO dT KO X(l)—Ku(—R4C4S)

where K, is the open-loop gain of the operational amplifier.
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o O

sT =

_X+KRCS)  (RRLLC,

K X - 2
0 (R4R503C4S +R4C4S+R4CSS+R5C33—KOR4C4S+l)

2
S+ R4C4S + R4CSS + R5CSS +1)

For the ideal operational amplifier, Ko = =,

AsKg— o,

2
X0) - K(RRLCS*+RS+RS)

Ca
¢~ dC,/c, T dC, K, X2
x

st = %chﬁ RS RS--_—%RRCSZ RS+RS
('3__K0X(454 +4+5)_X RRLS + RS+ RS)

2 v
(-RRCCS -R(CS — R.C.S)

= A ] 2 v Y
3 (RRCCS+RCS+RCS+RLCS-KRCS+1)

v v @2 )
r € - X(O)—KO(R4R5£3S +R4b—K0R4S)
C 2

) A
4% 4 ﬁ) X
X

o
3
ﬁ
1.5
o

)
'S

o
©
~
3]
-3
a

T o4, 2 RRCS+R.S-KR.S
c,= 7 x RFES RS KRS

2 v Al
T = (-RRCCS -CRS +KCRS)

c, = 2 o v v Q .
4 (R485C3C4b +R4L4b + h’4(,38 + R5(,36—K0R4(,48+ 1)

As Ko o,

Sg—»-l

4
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v @2
X©)-X,(RC,CS"+CS+CS—-K(CS)

g7 o drr_ B oar By 0%
R, dRJR, T dR, Ky X2
X
T -R, 2
Sp, = 3 RLCS" +CS+C;S ~KCS)
2
o - (-RRLCCS*~RCS-RC,S +KRC,S)
R, 9
4 (R4R5C3C4S +R4C4S+R4C38+R5C38—K0R4C4S+l)
ASKg— »,
T
SR4->—1
2
ST _ dTIT N R5 dT R.’) X(O)—KO(R“C;}C‘S +C38)
R~ == T =%
s dRJR, T dR, K x?
X
R (-RR.CCS -~ R.C.S)
S:=—)(—§(R403€4SZ+C3S)= - £534 53
5 RRCCS+RCS+RLS+RLCS-KRLCS+H1)
As Kog— o,
ST-vO

Ry

It should also be noted that:
AsSKy— o,

v, 1

T= = —
v, T RCS

Equation (34) is of the form:

V2 Khw? (35)
— =T (5) = 4
Vl v
S2+5=F +u?
p
P
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Dt IR

Caatal it Al dud

which is the standard form for a second-order low-pass active

filter[16]. Comparing (34) and (35) yields:

1

Ww = ———
p \/R4R5C304
! (1-K)+ ! + !
a=|—— (1~ — o ——
Let RSCS R5C4 R4 4
Hence
wp wp
a= Ep or Qp = -a—
Q = . = ! = 0.707
» VRRCC, ks VR R.C,C, . VRRCC, B-K
R5C3 R5C4 R4R4

The w, and Q, are:

Setting

R4=R5= lQandC3=C4= 1F.,

R = -
4 Wp 6R4 2
SNP—E. a(_.‘)_p_ l
R = = -
5 Wp 8R5 2
suP—_(.:.:i. a‘..i’— .1_
c= = =
3 Wp C3 2
smP—Ei. a‘.ip— .l.
c, R
4 Wp 64 2
w K ow 0w
P . _P__2_ =
S,F= W =W =KVRRCC,- 0=0
P P

(36)

(37)

(17]




s = B B Q MICT I = —SP=0.207
R-pn B To | T TR T
4 » R, p \/R403 2 5
sho _sb%_g Vs (VR + VRS} ! c0.014
Cy € rve, LVR, VR, 2~
Q, VRC, VRC, VR,C,
Sx=Qp \/RC+\/ ‘+\/ - | -1=1.12]
574 R4("3 R4('3

4.2.2 Low-Pass Filter Performance

The equal component design was used for this filter, that is, R4
= Rs; and C3 = C4 as shown in Figure 9. This is a second-order low-pass
filter, hence «, the damping factor of a Butterworth filter, is

« = 1,414[18].

Let C3 = C4 = 0.1uF. The frequency scale is given by

a = 2llfe = 6.283x50 = 314.15

The impedance scale is given by:

where C;* = 1F. Thus,

1
b=

- = =318320
0.1x314.15x10"% 31.415x107¢

Hence Ry = R; = 33 000Q (nearest standard value)
By normalizing, let

Ry = Rs = 1Qand C3 = C4 = 1F., then equation (34) becomes:
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2 _ K (38)

1 (S2+[3-K1S+1)

<

Comparing equation (35) and equation (38):

RA RA
K=G=@-x)= {1 + —} or == =(2-a)= 0.586
RB RB

Hence, Ry = 0.586 Rpg. Let us try Rg = 3000Q, Rp = 1758Q. The

nearest standard value of R, is chosen as 1800Q.
The damping factor, «, is derived as follows:

n = 2 (even)

1+8"=0
SQH = _1

0s2n6 + jsin2n0 = -1

Cos2n6 = -1 satisfied when2n0 = 2m + )n,m = 0,1,2,...and

. 2m + 1)n
Sin2n6 = 0f 0= T— ,m =0,12,...and n ts order of filter
n

2m + 1 3u 51 7u 9
Hence, 0 = ——( = i ,m=0,1.2,.. Thuso = 2;--ll;—-ll;l;ﬂ;...

4 4 4 4 4 4

2m+ 1)n
Figure12 is thepole plot for L“-—)- = Qinthes—plane

To obtain the Hurwitz polynomial, only the left-hand roots are

used. Hence, the Hurwitz polynomial is:

39

e e



(s— /314 (s /54

K K

— jawa, . joud) 3 3 5 5
(s—e""*) (s=&”") (s_Cos—[-,—jsin—n)(s—COS'-‘ ~ jsin n)
4 4 4 4

Tu(s) =

K
Tu(s) = — s =
(s — Cos 135° — jsin 135°) (s — Cos 225° — jsin 225°)

K
(s+0.7071 — jO.7071 M(s+ 0.7071 + j0.7071)

K
(> +0.7071 s+ js0.7071 + 0.7071 s+ 0.5 + j0.5 - js0.7071 — j0.5 + 0.5)

Tuls) =

K

Tu(s)y = —
(s"+ 14145+ 1)

where K is the gain factor.

Hence, for a second order Butterworth filter, «, the damping

factor is 1.414,
To obtain the theoretical frequency response of the filter, § = jo
is substituted into equation (34).

Normalizing equation (39) with Ry =Rs; = 1Qand C3 = Cy = 1F., the

following is obtained:

-\-/_Z3 _ K/R4R5C3C4
v 1 1 1 K 1
U —wl+jw { + + - + - (39)
C3R5 R5C4 R“C4 Rsca R4R503(,4
v, K

V: l-—w2+jw(3—k)+ll
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Since a = (3-K),

. K
=T(jw)= —
1 —w” + jwx + 1

<'<
o

K
IT(Jw)l=

(= w?+jws + 1) (= w? —jwx +1)] }

K

\/(w4+jw3a —wz-—jwaa +w2a2+jw°t -w2—juNx +1)

K
Vul+ wi«®-2)+1

IT(Jw)l=
Since a = 1.414, that is, a2 =2,

IT(Jw)l= "
V' +l

20log (1T (Jw)l=2010g, K ~ ZOIogw(w4+ 1)} (40)

The normalized theoretical frequency response may be plotted
directly from equation (40). The resulting curve may be shifted by the
frequency scale a to get the theoretical of the actual filter, using
w* = aw, where w* is a scaled quantity. Table 3 1ists the actual and
design data of the Tlow-pass filter. For this 1low-pass filter,
a = 314.15, and gain K = 1.586. Figure 13 illustrates the frequency-
response plots of the low-pass filters. The phase-response plots are
shown on Figure 14. The difference in the left and right channel

response curves is due to component tolerances.
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4.3 Summing Amplifier

The summing amplifier yields an output voltage that is 180° out of
phase with the input signal. Figure 15 is a schematic of the summing
amplifier. Potentiometer Rp; is a voltage divider such that:

R

Pla ’
V. =——2 v (41)
IN IN
2 (Rp Ry, ™

Using KCL at node a, the following is obtained[19]

[(le - vx)} (V1~2 - V;)} {(V:t - V-z’}
+ =

R, R, R,

(42)

Equation (42) may be simplified by the principle of the virtual short

circuit, that is, VvV, =0[19].

IN1 + IN2 - 2 (43)
RG R'l RS
R R
8 8
V., —+V, , — ==V 44)
IN1 R IA2R7 2 (
-R R
8 8
V,=—V,  -—V (45)
2 RG INl R7 lN2

-R R R ,
V=-—§V LY ..__.ﬁ]“__v (46)

2 IN IN
k A T
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Figure 15 Schematic of Summing Amplifier
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4.3.1 Sensitivity of Summing Amplifier

The transfer function of the summing amplifier may also be written

as, assuming Vin, = VN, = Vi (47)
-R R
V,=—V, - =V, (48)
RG R7
4 -R R
222 (49)
1 RG R7
4 -RR —-R
r=-2= TRy~ Refy {50)
V, R.R,
2
ST = ariT ﬁ;. ar RsR, ) Rk, N=Ry) + (R R +RR xR,
Fe dRJR, T dRg (=RRy—RR,) (Rb.l‘?,,)2
2 2
sT = (-RRRy)+ (RTR8+R6R7R8) _ R7R, _ ~R.Ry
% (—RRy=Rekg) R, (-R7Ry-RR R, BeRg+ReRy)

Since Rg = Rg,

Since Ry = 0.18Rg,

T _R7R8 _R7

SR = =
6 RRARR,) 2R,

-0.18R,
s; = ——— = -0.09
6 2R,
2

o - dT & ﬂ_ R'IRG ‘ (R6R7)(_R8)+(RTR8+R6R8)R6
R; dR,/IR, T dR, (-RR,-RR)) (R R,

"9 2

sT = (—RRRy+RRR +RSR) ReRy —ReRy

R R{-RR~RR,)  RG-RR,-RR,) RRIRR)
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Since Rg = Rg,

8 8

Since R; = 0.18Rg,

r_~Rs -1
Sp =r—=——=-0.8475
7 //8R_ 1.18
8
r _ dTIT _’_f_a. dT" ReR R, . ReRA=Rg=Ry)+ (R R +RR,)O)
By dryR, T dR, (-R.R.~R.R,) (R6R7)2

7 _ Bed-Re-R) RR-RR)
Ry (-RR—RR,)  (-RR,—RR,)

4.3.2 Component Values of Summing Amplifier

For frequencies above approximatelv 1000 Hz, the net gain of the
sub-woofer simulator is unity. Hence Rg = Ry and they were set to

10000Q arbitrarily.

Potentiometer Rp; is the bass-boost adjust control. Resistor Rq
was set at 1800Q to set the maximum gain of this section of the summing
amplifier to about 5.56. The potentiometer used is a dual 100000Q
variable resistor. This value 1is more than ten times the output
impedance and the input impedance of the 1low-pass filter and the
summing amplifier respectively; hence, neither one is loaded by the

potentiometer.
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4.3.3 Performance of Summing Amplifier

The output signal was 180° out of phase with the input voltage.
The gain was unity for signals entering Viy, and the gain was about 5.56

for signals entering Viy, (refer to Figure 15).

4.4 Sub-Woofer Simulator System

The complete sub-woofer simulator schematic is shown in Figure 16.

Two are required, one for each channel.

Frequencies of about 100 Hz or 1less are amplified, while those
above 100 Hz are passed with a gain or unity. Table 4 1lists the

performance data of the sub-woofer simulator.

Figure 17 is the frequency-response plots of the sub-woofer
simulator and Figure 18 1is the phase-response plot of the sub-woofer
simulator system. In Figure 17, the minimum curves are the responses
of the sub-woofer simulator with potentiometer Rp (see Figure 16) set
for minimum bass boost while the maximum curves are the responses of
the sub-woofer simulator with potentiometer Rp set for maximum bass
boost. The input and output signals are in phase except for the
frequencies in the range of 5 Hz to 500 Hz. Since the human ear is
insensitive to phase shift, little distortion is introduced into the

system.
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CHAPTERS

DECODER

The decoder system derives an (L-R) rear-channel signal from the
two front channel signals. High frequencies are attenuated by a low-
pass filter. The rear-channel amplitude is varied by the rear channel

gain control. A block diagram of the decoder is shown in Figure 19.

The decoder passes the left input signal in phase and it inverts
the right input signal. The low-pass filter passes all signals in its

pass-band in phase with its input voltage.

5.1 Decoder Design

The decoder is a unity-gain differential amplifier. The decoder
schematic is shown in Figure 20. The resistors are all of equal value

and were arbitrarily chosen as 10000Q.

The model of the input terminals is shown in Figure 21. The
voltage between nodes A and B is zero because of the virtual short
property of the operational amplifier[19]. Hence,

Va =Vp (51)

Therefore the voltages at nodes A and B are the same[19]. The nodes
may not h»e tied together, and Kirchoff's current law must be used at

each node[19].
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Since i~ = 0 (51), KCL at node A:

=l [r-vf

R9 RlO

At node B, the voltage-divider equation is[19]:

R12

Vs———v
a” (R, +R,) N

Eliminating Va from equations (52) and (53):[19]

Since Rg = Ryg = Rj1 = Rj2, equation (54) becomes:

<

i
Ll
N)lm

= lvm = Vi

V., -V
{m IN .

L R

5.1.1 Decoder Sensitivity

(52)

(53)

(54)

(55)

The transfer function of the decoder may be rewritten as, assuming

(Ving - VinNg) = VNS

Rl2

ﬁ‘.’.ﬂ (RIO+R9)+]
Rlo R9 RlO R9 RIO (R10+ RQ)
Vo= R & YW R, TR 4R NI R TR
9 J +1 9 11 12 9 9
12 Rl?
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(R, ,+R ) IN




V. R R.(R+R )
0 1012 9 10 (58)

1% 2
IN RS(R“+R12)

3
RQ(R“ + Rm)

P = = . .
s dRyR, T dky R oR Ry + R )

2
RQ(RII+Rl2)RIORI2_RIOR|2(R9+ RIO)2R9(RII +R‘2)
lRi(R“+R,2)IIR§(R” tR I

2
_ Rg(R \+R IR R 2R R Ry (Rg+ R \(R  +R,,)

s! =
Ry RR R, (R +R VR +R )
2
sT = R9R|0+R12 "2R9R10R12(R9+R|o) _ Ry _
Ry RR R, (Ry+R ) (Rg+R,)
ST = R9 -
Ry (R9+Rw)

Since Rg = Ry,

T_l _-3
Sk~ 2 "% %

9 2

2
T dTIT _ﬁ)' drT _RQRIO(RII*’RI'.’)

R - — N -— ]
100 DR, 1 aRr,, R R,y + R )

2 D)
RQ(R“+RI2)(R9R12 + ZRNR‘__,)O

2 2
(Rg(R, +R MR R +R )

RR_+2RR R

3 2
§T - RgR By + R p) + 2RGR (R (R + RV RR,+2RGR (R,
R.™ 2 Y
10 R Ro+ Ry Ry (R, + R ) gk, Rg+ Ryy)
T Ry 2R,

S +
R
1 (R9+ RIO) (R9+Rw)

Since Rg = Ryg,
a1 3
S, =-+1l=~
0 2 2
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e T

2
dTiT ﬁ dT" RRy R\ +Ry,)
T

dR\, Ry RyRg+ Ryp)

§T = ——r
R
n  dR R,

2 2
Ry(R, +R ,X0)-R R (RR R,

2 2
l”29(Rll-"RIZ)”RQ(RH+R12)]

2 2
—RngR"Rlz(R +R ) -RR (RR )

ST _ 9 _ 910
R~ 2 )
11 RlOR,2(R9+Rm)IRQ(R“+R12)l RQ(R9+R10)(R“+R12)

o7 - _m
Ry (R, +R)
n 1 12

Since Ri1 = Ryo,
-1

T
sT = —
Ry 2
2
7 dlT _Rlz dT _RlQRQ(RH*.Rl‘Z)
R, =T -
12 dRR,, T dR, R,R,Ry+ R
2 2
[RGR, +R MR R+ R ) R, R, R +R R,

2 2 T2 2
[RQ(R”+R]2)HR9(R“+R|__,)] |R9(R”+Ri2)IIR9(R“+Rl,_,)l

2 2
_ [Rg(Rg+R, VR +R ) —R R (R +R I

T
Sy, = (R.+R, VIRER, +R )
9 10 9 11 12
2 2
o7 _IRQ(R“+R12)—R9RI,_,I _ (R“+R12)-Rl2
R, 2 T R, +R
12 RZR, +R ) (R, + R,
ST _ Rl‘.!
R12 (R"+R12)

Since Ry = Ry,

1
st =1- =~
Ry 2

N | -
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5.2 Low-Pass Filter (with fe = 7000Hz:)

Very high frequency sounds are directional[5]. In live
performances, high-frequency sounds are heard when the listener is on-
axis with the high frequency source. A low-pass filter is used to
roll-off the high frequencies for the rear channels of the surround-
sound system. The schematic of the 7000 liz low-pass filter is shown in

Figure 22.

This is the same Sallen and Key low-pass filter circuit as used in
the bass-enhancer system. Refer to section 4.2, and section 4.2.1, for
the derivation of the transfer function and the sensitivity
characteristics of the Salien and Key voltage-controlled voltage-source

low-pass filter.

R,
k=i 2] (28)
Ry
K
VOUT _ R 5#14CsCe (59)

1 1

{ 2 l 1 K
S+ + = + = - =
Cehyy C\yy Cfty CsRya

IN

S+

5.2.1 Sensitivity of Low-Pass Filter

Al 2 A \J v Al A
(R13R14C5(.GS +R13(,Gb +RmCS§ +RM(,56+ 1)

2 Al oJ
0 (RlaRMCsCGS +Rla(,68+R13C58+R“CSS—K0R13C6.5+l)

S

T
K
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AS Ko—"m.

sT »o0
ko
2
sT = ('RlsRquCss —RwCsS-R MCSS)
c.~ 2
5 (Rle‘CsCGS +R,3033+R,3C5S+R,4C5S—KOR,3C§+1)
AS Ko—’m.
st »o
Cy
Al 2 Al aJ
o - (-—RwRN(,sCGS —RmCGS+KRm(,Gb)
C - 2 v
6 (RxaRquCeS +RxaceS+Rlscss+R14C53’KR13‘“5‘5+1)
AS Ko-’w,
sT -1
Ce
\] Al 2 Y v v A ] A
ST _ (—RwRHLs(,GS —Rl3C65—R13(,55+KR13(,66)
R, v 2 \
13 (R13RMC5CGS +RmCGS+RwCsS+R“C55—KRmCGS+1)
AsS Kg— o,
sT -
Ryg
2 .
o - (‘RlsRnCsCeS —RM(,58)
R 2
14 (RmRMCsCGS +R13C68+RmCSS+RMCSS-KR13C6,S+1)
As Ko o,
T
SR -0

14

It is also noted that:

AS Ko-’ m’
Vour -1
—-—p
VIN R 13Css
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Equation (59) is of the form:

2
Vour ) XE_ Kiw,
V. v w
R I
Qp °?

which is the standard form for a second-order low-pass

filter[16). Comparing (59) and (35) yields:
N B
2 \/R ISR 140506
Let 1 1 1
.7 RMCS(I B RMCG * R13C6
w wp
Hencea = Q—:: orQp= -
_ 1
Qp ) \/RISRHCSCG (1-K)+ \/RISRMC&CG \/RISRHCE)CG
K 1405 R 1406 k 14C6

By normaiizing,

R.=R,, =1QandC,=C. = 1F

The wp, and Qp are:

sWp — !
Rig 2
1
Wp -
sRu T2
sWp - __l
05 2
1
s¥r=_-
(‘6 2
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active

(36)
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Wp _
s¥=o
VR, C
S = _gW =IQ 1 6-—!:0.207
Rys Ry p\/Rla(‘5 9
VC, (VR VR\
¢ = —s¥ oy e 5 By 7 “}--—:0914
S 6 Cy R, Ry 2
VR .C. VR . C. VR C.
5% = qp . 95, . 14 6+\/ X P
RMLG R13C5 Rl4c5

5.2.2 Low-Pass Filter Performance

The equal component design was used for this filter, that is, Ry3

=Ry4 and Cs = Cg as shown in Figure 22. This is a second order low-

pass filter, hence a, the damping factor of a Butterworth filter, is

a = 1.414]18].

Lele = C6 = (0.001vF
The frequency scale is given by

a=2nfc=628327x10% = 43981

The impedance scale is given by

C, c, .
C=—orb= — whereC =1F
I ab (aa 1

where
C.=1\F

Thus,

1 1x108

. = = 22737Q
0.001x10%r43,981 43.981

b=
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HenceR,, = R, = 22000Q (nearest standard value)
By normalizing,
R,= R, 1Q andC5 = C6 = 1F., then equation (59) becomes:
VOU'I' K

= — (62)
Vin (824 13-KIS+1)

Comparing equation (35) and equation (62):

RA RA
K=G@-a)={1+ =—(or~—=(2-a)=0.586
RB RB

Hence,

Ry = 1758Q. Nearest standard value Ry used is 1800Q.

The damping factor, a and the theoretical frequency response were
derived in section 4.2.2. The nomalized theoretical frequency response

of the filter is:

20 log | T )| = 20log K — 20 log ., (W* + 1)} (40)

The resulting curve is shifted by the frequency scale a. The
theoretical values of the actual filter are obtained using w* = aw,
where w* is the scaled quantity. Table 5 lists the actual and design
performance of the low-pass filter. For this filter, a = 43981 and
gain K = 1,5986. Figure 23 is the frequency-response plot of the low-

pass filter. The phase-response plot is shown in Figure 24.
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5.3 Rear Channel Gain Control

The rear channel gain control is a potentiometer voltage divider
as shown in Figure 25. The potentiometer is selected so that neither
the output of the decoder circuit nor the input of time-delay circuit
are loaded. The input impedance of the time-delay circuit is 5000Q[20]
and the output impedance of the decoder circuit is of the order of 100Q

[21].

The potentiometer must be at least ten times the resistance of the
higher of the two connecting stages. Let X be resistance of circuit to

be matched. Thus Rp, > 50 000Q.

R, >10X (63)
2

R, >10X63) R, .= oxx _ 1ox* _ 10y <091x (64)
P, NET™ (10X+X) 11X 117

The transfer function of the rear channel gain control is:

R,
v tm (65)
ouT~ (p_ ) IN
Foa
R
Vour _ Poy (66)
Vi R, +R, )
IN Por " Py

AR
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Rp, = 500kQ potentiometer

Figure 25 Rear Channel Gain Control



5.4 Decoder System

The complete decoder system is shown in Figure 26. The decoder
generates a rear channel signal from regular stereo sources and it
decodes Dolby encoded sources such as movies and soundtracks. The
frequency-response plot is the seme as that of the low-pass filter
which 1is shown in Figure 23 because the decoder is a unity-gain

c¢ircuit. Refer to Figure 20.
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CHAPTER 6

AUDIO TIME DELAY

The audio time-delay generator consists of an analog-to-digital
converter, eight 192-stage shift registers, a digital-to-analog
converter and a low-pass filter, as shown in Figure 27. The time delay

is denoted by T and is in the range of 15 to 20 ms.

The analog-to-digital converter converts analog signals into
eight-bit digital data. The 192-stage shift registers shift the data
in time by 192 clock pulses. The digital-to-analog converter converts
the eight-bit digital data into an analog signal from which the 1low-

pass filter removes the high frequency components.

6.1 Analog-to-Digital Converter

The ADCOB04 analog-to-digital converter was chosen because it is a
successive approximation converter{22]. Successive approximation is a
fast way to convert analog into digital data. Each conversion requires

from one to eight clock pulses[22].

In successive approximation, successive guesses of the 1input
signal are made in a systematic way[23]. The first guess is 80y which
sets the DAC output to half scale[23]). If 80y is less than the input,
bit D7 is held high[23]. However, if 80y is greater than the input
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signal, bit D7 is set to Tow[23]. The next bit is set high and this
number is tried{23]. This protocol is followed for the remaining bits
while resetting the last bit tried if the digital value is greater than
the input and setting it high if the digital values is less than the
input{23]. Figure 28 illustrates this more clearly.

The ADCO804 tests the most significant bit first and after 64
clock pulses a digital 8-bit code is transferred to an output latch and
the INTR pin goes low, indicating a completed conversion[22]. The
converter is operated in a continuous conversion mode by connecting the
INTR and WR pins together and holding the TS pin low[22]. To ensure
start-up, an external WR pulse 1is required at power-up{22]. The
successive-approximation register is cleared as the WR input goes low,

when CS is Tow[22].

Conversion begins one to 2ight clock pulses after either WR or CS
inputs or both inputs go high[22]. The INTR line goes high when the
conversion starts{22]. The INTR line remains low until one to eight
clock periods after either the WR or the CS dnput, or both, go
high[22]. When CS and RD inputs are brought low to read the data, the
INTR 1ine will go 1low, thus enabling the three-state output

latches[22]. Figure 29 is a block diagram of the ADC0804.

Since it takes one to eight clock periods for the conversion

cycle, [22] the conversion time is:[24]
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Tc_p stes 8Tcp (67)
The maximum number of samples per second is [24]

(68)

8
max

i i

K = -
t

c

The schematic of the analog-to-digital converter is shown in Figure 30.

6.1.1 Analog-to-Digital Converter Circuit Operation

The LM555 timer integrated circuit is used in the monostable mode.
The threshold and discharge transistor terminals are connected
together(25]. The external capacitor, Cg, is initially discharged by a
transistor inside the timer[26]. When a negative trigger pulse of less
than 4Vcc is applied to the trigger terminal, the flip-flop is set,
which in turn, allows the capacitor, Cg, to charge[25]. The digital
output then goes high[25]. The capacitor charges exponentially for a
period of t= 1.1R4C¢,(69) at the end of which time the capacitor voltage
equals %Vcc[26]. At this point, the comparator resets the flip-flop
which in turn discharges the capacitor and drives the output low[26].
The timing is independent of the power supply because the charge
threshold levels of the comparators are directly proportional to the
supply voltage[26]. When the output is high, the circuit cannot be
retriggered by another trigger pulse[26]. The circuit can be reset
during this time by a negative pulse at the reset terminal[26]. When
the reset pin is low, the capacitor discharge transistor is turned "on"
preventing the capacitor, Cg, from charging[25]. In this application,

the reset function is not used, hence the reset pin is connected to the
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power supply. A block diagram of the LM555 timer integrated circuit is

shown in Figure 31.

Transistor Q, is used as a switching buffer between the timer
integrated circuit and the relay K,. Resistor Ry is a current-limiting
resistor, and diode D,, prevents any negative inductive voltage spikes
that may be generated by the relay coil from destroying transistor Q.
When the output pin of the timer 1is high, the collector of the
transistor goes low and the relay coil is energized. The relay switch
is closed and the WR and INTR pins of the analog-to-digital converter
are held low for about half a second. Continuous conversion begins one
to eight clock, periods after the relay is de-energized. The analog-

to-digital converter then operates as described in section 6.1.

The analog-to-digital converter is operated in the bipolar mode
with resistors R;s and Ry in place as shown in Figure 30[20]. The

input signal from the decoder system is a bipolar voltage.

6.1.2 Analog-to-Digital Converter Performance

From equation (69), t=11x270x10%x10x1061 = 297s. From
oscilloscope readings t = 6.2 div. x 0.5 sec/div. = 3.1s. Relevant
waveforms of the WR pulse generator and analog-to-digital converter are
shown in Figure 32. The relay used requires 72mA at the five volts to
energize its coil. The base drive to the transistor is 5x 103A.

Hence, a transistor with p = 72/5 = 14.4 is required.
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_ Icouecror 7221077

B
Igase 521073

=14.4 (70)

The transistor dissipates no power. Pp=IcVceli71]. Referring to

Figure 30:

t< 3.1 sec

P,=12x 1073x0.0 = 0.0W and ¢ > 3.1 sec: P,=00x4.0=00W

The 2N3053 transistor was selected for its

-3 -3
1 =30V.,1 =500x10""AandP =360x10"°W
CEpax Crax Dprax [27]

The data for the analog-to-digital converter is shown in Table 6.
The resolution of the analog-to-digital converter is the number of
discrete steps at the output and is egual to 2" where n is the number of

bits{22]). In this case, the resolution is 28 = 256.

In an analog-to-digital converter, there can be an infinite number
of different input voltages, but only 2" possible output codes[22]. The
maximum quantizing error is the difference of the maximum and minimum
jnput levels divided by the resolution of the analog-to-digital

converter.
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Power turned on at t=0.0s
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Figure 32 WR Pulse-Generator and Analog-to-Digital Converter Waveforms
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. VIN, .« - VIN, (71)
ERRy v~ RESOLUTION

(5—-5) 10 .
==2==20 - 2~ 3941073
Verr,,, 256 256 *

This agrees closely with the values obtained, see Table 6.

The clock period of the analog-to-digital converter is: TcLx = 2.88

x10%s, see Figure 30.

From equation (67), the conversion time is:

288x107 %5 < t = 23.04x10°5

From equation (68), the maximum number of samples per second is:

43403Hz = F < 347 222H:2
SMAX

6.2 Time-Delay Circuit

Each data bus goes through a time-delay circuit as shown in Figure
33. The CD4031 is a 64-stage static shift register in which each stage
is a D-type flip-flop[28]. The data level at the input is transferred
into the first stage after the first positive-going clock
transition[28]. It is then shifted one stage at each positive-going
clock transition[28]. After 64 clock pulses, the data appears at the
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output of the 64th stage[28]. The recirculating mode is not used and
hence the recirculation in pin 1 is connected to ground, as is the mode
control pin[28]. The clock input requires about 10x10'2A of drive
current[28]. Since twenty-four such devices are used, the clock
generator must supply 240x10'2A which is well within the 200x103A drive
capability of the LM555 timer integrated circuit{25]. The clock

generator is an LM555 timer operating in the astable mode.

In this mode the timer will retrigger itself and cause the voltage
capacitor to oscillate between iVcc and %Vcc because the trigger pin
and the threshold pin are connected together [25], [26]. The external
capacitor charges through Rg; + Ry and it discharges through Rgs[26].
The charge and discharge times and hence the frequency are independent

of the power supply voltage[26].

The charge time (output high) is:(26]

t,=0.693(R, + R,)C,, (72)

The discharge time (output low) is:[26]}

t,= 0.693R,, C,, (72)

Combining equation (72) and (73), the total period is:[26]

T= {tl-Hz} = 0.693 [Rm +2R'zz} C’M (74)

The frequency of oscillation is:[26]
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1 1 _ 1.44
7= = (75)
0693 Ry, + 2R, €, [my +2my ) c,

[=

4 4

The duty cycle is:[26]

D= —2. (76)

The minimum value of Rp; is:[25]

Vee (Vdoe) > Vee (Vde)

=
21
lp”17 (A) 02

(77)
Substituting Vcc = 5Vdc into equation (77):
5 B N
R2l 2 O—E =2256Q LelR2l = 1000 Q (arbitrarily chosen)

LeC,, = 0.001;,1]"andC13 = 0.01pF (arbitrarily chosen)

The required frequency of oscillation is 12000Hz, Ry, may be
determined using equation (75):

3 1.44 1.44
12x10° = =

{lx103+2R22} x10°°

lx10'6+2R22x10'9

144 =12x107% + 24R ,x107°

24322::10‘5 =144 —12x10"3=1.428

1.428
= —"  =0.0595x10°% = 595000Q

2 9441076
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I

'":2d Ryg-62000Q (nearest standard value)

Substituting into equation (76):

62x103 62x103
D= 3 = = 0.496
1x10°+124x10° 125x10°

D x 100% = 49.6%.

The total time delay of the circuit is: Tp= tcLx*m where m =

# stages of shift register (78).

In this case, since three CD4031ls are used in each data bus,m = 3x

64 = 192.

x192=83.3x10"5x192=16x10"3

Hence: T, =
D yex10

—_ : -6 - -6
lCLKACT—Q.SOdwxleIO sec=980x10""s

FCLKAC‘T =10204/1z

ON TIME 100% 53x10x10"%x100%
TOTALTIME " "~~~ ggr10-5

D CTxlOO%z =54.1%

A

T, =98x107%x192=188x10"%
ACT

Figure 34 illustrates the clock-generator waveforms.
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Figure 34 Clock-Generator Waveforms
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6.3 Digital-to-Analog Converter

The digital-to-analog converter used is the DAC-08 integrated
circuit. The DAC-08 is an eight-bit monolithic high-speed multiplying
digital-to-analog converter[29], [30]. The settling time, which is the
delay in a digital-to-analog converter from the 50 percent point on the
change in the input digital code to the effected change in the output
signal, is about 100x10%[30]. When used as a multiplying digital-to-
analog converter, monotonic performance over a 40 to 1 reference
current range is possible[29]. Complementary current outputs are
available; this enables differential output voltages to be
generated[29], [30]. The DAC-08 is monotonic because its output either
increases or remains constant when the input code is incremented from
any code to the next higher code[22]. Figure 35 is a block diagram of

the DAC-08.

6.3.1 Digital-to-Analog Converter Circuit Operation

The DAC-08 employs an R-2R 1ladder network. The switches are
fabricated as semiconductor switches which are usually TTL and/or CMOS
compatible[31]. A binary word (D;-Dy) is applied to the inputs of the
switches and sets the geometry of the resistor ladder network such
that: [31]

p, p. o, p, b, D, D, D, (79

7 6 5 4 3 2 1 0

L, =1 |—+—+—+4=—+—+ — —

+ =+ —
OUT ~ "REF|{ 2 4 8 16 32 64 128 256
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As shown in Figure 36 which is a schematic of the digital-to-
analog converter, a current to voltage converting operational-amplifier
stage is used. A potentiometer is connected to the Vic pin to adjust

for a zero output for a zero input.
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6.3.2 Digital-to-Analog Converter Performance

The performance data of the digital-to-analog converter is listed

in Table 7.

Table 7 Digital-to-Analog Converter Performance Data

Vour
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6.4 Low-Pass Filter (with fc = 7000 Hz)
The low-pass filter used here is exactly the same as the one

discussed in section 5.2, section 5.2.1 and section 5.2.2. Table 8 is
the performance data of the 1low-pass filter. Figure 37 1s its
frequency-response plot and Figure 38 is the phase-response plot of the

low-pass filter.

6.5 Time-Delay System

A complete schematic of the time-delay system is shown in Figure
39. There is a 1imit to the frequency range of the time-delay system.
From equation (67) and the clock frequency, 357kHz, 43.4kHz < Fgy .y <
347kHz. Depending on the number of c¢lock pulses required per
conversion at 7000H:, the maximum frequency of this system, the signal
will be sampled about six to 50 times. The input signal must be a
relatively slowly varying voltage or the accuracy of the analog-to-
digital converter will suffer{20]. Only above 5000Hz, does the
accuracy suffer from the minimal oversampling rate. A sample and hold
circuit at the input is not necessary. The analog-to-digital converter

can handle bipolar input signals of five volts or Tless.
The digital-to-analog converter produces bipolar analog signals of

eight volts or 1less, depending on the amplitude of the input signal.

This provides a gain of 4.08dB.
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The low-pass filter is used to smooth the output by removing the
high frequency components of the digital-to-analog converter output.
The cut-off frequency is 7000H:z and is the same circuit as that used in

the decoder.

Figure 40, Figure 41 and Figure 42 show V,,, the output of the
digital-to-analog converter and the output of the low-pass filter at

50Hz, 500Hz and 5000 Hz respectively.

At 5000 Hz, refer to Figure 40, the output of the time-delay system
has some visible distortion, However, at 350011z, the output has
minimal visual distortion. The distortion is a function of the clock
frequency of the analog-to-digital converter. The clock frequency used
js about 357kHz. The analog-to-digital converter can operate with a
clock frequency of up to 1.46MHz[20]. However, above 640kH:z, accuracy
is sacrificed[20). Operating the analog-to-digital converter at IMHz

should reduce the distortion of the output of the time-delay system.

The 1low-pass filter of the time-delay system provides an
additional 4.08dB of gain. The overall gain of the time-delay system is
about 2.56 which can be seen in Figure 40, Figure 41 and Figure 42,
where a four volt peak-to-peak input signal generates a 10Vp-p output

voltage.

The time delay, Tp, is 16x103s, as shown in Figure 40. This is

close to the theoretical 18.8x103%s, as discussed in section 6.2.
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Figure 40 Performance of Time-Delay Circuit at 50 Hz
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Figure 41 Performance of Time-Delay Circuit at 5001z
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CHAPTER?

POWER SUPPLY

The surround-sound decoder requires a dual 12V supply for the sub-
woofer simulator circuit, the decoder circuit, and the low-pass filter
of the time delay circuit. The time delay circuit also needs a dual
five volt as well as a dual nine volt power supply. Figure 43 is a

schematic of the surround-sound decoder power supply.

Diodes D3 and Ds rectify the positive half cycles and diodes Dy
and Dy rectify the negative half cycles of the transformer secondary
voltage. Capacitors C;3 and Cyg filter the positive and negative
voltages respectively. These preregulated outputs are £+V'2/2VszcoNpaRys
that is t 12.7V. The LM317 and the MC7805 are positive wvoltage
regulators and the LM337 and the MC7905 are negative voltage
regulators. Resistors Ry and Ry determine the voltage output of the
LM317 and resistors Ry, and Ry set the output voltage of the LM337.
The transient responses of the four voltage regulators are improved by
tantalum capacitors Cug, C21» Cy and Cyl32], [33], [34]. Resistor R32
1imits the current entering Dy which is a 1light-emitting diode used as
a power on indicator. Switch S; 1is the power switch and fuse F,
protects the surround-sound system. Transformer T, steps down the
primary 117Va.c. voltage to a secondary voltage of 18V.c.t. alternating

current.
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7.1 LM317 and LM337 Voltage Regulators

The fixed wvoltage regulator MC7800 and MC7900 series are not
available as nine volt regulators[32}, [33]. Therefore, the LM317 and
LM337 voltage regulators are wused. They are 3-terminal adjustable
output regulators|3d]. Only two resistors are required to set the
output voltage range of 12V to 37vV([34]. They also have internal

current limiting, thermal shutdown and safe-area compensation(34].

The LM317 maintains a nominal 1.25V reference between the output
and adjustment terminals{[34]. The reference voltage is converted to a
programming current by Ry, see Figure 41, and this constant current

flows through Ryog to ground{34]. The regulated output voltage is:

__29} +1. R (80)
28

The 1ap; is less than 100x 106 amperes and hence introduces a

minimm error. Thus equation (80) may be rewritten as:

R
9.o=1.25[1 +R-—-29} (81)

Let Rgg = 2200[35], then substituting values into equation (81):

90—125{1+R” =125+ 2B p
R 220 ~ 220
1.25
9.0 — 125 = —— R
290 29

110




1705 =1.25 st

R29 = 1,364 (used two 27009 in parullel)

The LM337 operates in a similar manner. Its equation may be

written as:

1+ —39} +I, R (82)

Again, Isp; presents a very small error, therefore equation (82)

may be rewritten as:
R
el } (83)

Let Ry = 120Q [35], then, substituting values into equation (83):

9.0 = 125l1+R3°}— o5 - X2 p
TR 120/ 7 7 %77 120 30

-930 =125 Rm

R30 = T744Q (used 7509, nearest standard value)
7.2 MC7805 and MC7905 Voltage Regulators
The unregulated input voltage is fed to the control element and
the reference voltage circuit{35]. The output voltage is sampled and

fed into one of the error amplifier inputs, as shown in Figure 44 (35].

The other error amplifier input is connected to the reference
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voltage[35]. When the error amplifier senses a difference between the
reference and sampling voltages, it acts upon the control element to
correct the error by dropping a greater portion of the input[35]. The
control element acts as a variable resistor whose resistance is
controlled by the error amplifier[35]. The control element is a

transistor[35].

As with the IM317 and LM337 regulators, the unregulated input
voltage must exceed the regulator's output voltage by at least three
volts[35]. The input voltage must not be so large that the regulator

device dissipates too much power[35].

The regulator power dissipation is[35]:
Pp= {Vm - VOUT}’L (84)

The MC7805 and MC7905 have an internal thermal protection circuit,
a current-limiting circuit and a safe-area protection circuit{35]. The
safe-area protection circuit 1imits the regulator output when the input
voltage is too high, ensuring that the pass transistor control element

operates within its allowed voltage and current ranges(35].

The four voltage regulators used in the power supply can provide
one ampere of current, more than enough for the requirements of the
surround-sound decoder system|{32], [33], [34]. The power dissipation
of the regulators is kept low because the unregulated input voltage is
not too high, about four to nine volts, and because the load current is

less than 200x10°A.
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7.3 Power-Supply Performance

The ripple waveforms of the positive power-supply rails are shown
in Figure 45, while those of the negative supply rails are shown in
Figure 46. The dual power supplies are full-wave rectified. The
ripple frequency is 120Hz, as shown in Figure 45 and Figure 46. The

discharge time, also shown in Figure 45 and Figure 46 is 7x103A.

AQ =1Ip.t, = CAV (85)

where AQ is charge on capacitor C
where tp is discharge time

where AV is peak-to-peak ripple voltage.

For the positive power supply:

7x10”31m, =3300x10"%x0.15=0.495x10"3

=49 07121078
DeC 17
PRV ook = Vere =18V,
RPJIpon. >101,.>10x70.71x107°>707.1x107°A
Voap = Vpe + 4 V""’Rlppu: =12.7 4 0.075 = 12.775V

The filter capacitors used are rated at 25V. The rectifier diodes

used are 1IN5404 which are rated at 3A and 400V([36].
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9. 04 ' = Vi: Ripple on +12V supply
Vo: Ripple on +9V supply
=V3: Ripple on +5V supply

4.9 ':.'._..-:1.... L 2 RPN N . .l ‘..—.
0 Fn 20T 4070 800 100 120 7 14077 190 %

Figure 45 Ripple on Positive Power Supplies
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Ripple on -12V supply
Ripple on -9V suppiy
y

Figure 46 Ripple on Negative Power Supplies
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14

RIPPLE
% RIPPLE = ——=23 | 100% (86)
Vnc
1% = ! 1% = L18 = 0.053V
RIPPLERMS— 2V?2 mPPu:P_P“ ovo
.063
% RIPPLE = x100% = 0.42%

12.675

This is a 100 fold decrease in the ripple of an unregulated

supply, which is:

Vv x100% ~
0.307EM 0.307
LAC = £100%

Vioe 0.637TEM 0.637

%RIPPLE = x100% (87)

% RIPPLE = 48.19%
Similarly, for the negative power supply: Substituting into

equation (85):

7110’31DC= 3,300x10~%x0.1

1= P—M =47x1073A
be " gy1073
PRV ore=Veeox18V,,
PRI ope>100,,>10x472107°>470x107%A
Vear = Voo + 3V, _ppippry = 127 + 0.05 = 12.75V
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%RIPPLE =
-12.650

x100% = —-0.28%

The negative supply ripple is less than that that of the positive :
rail because the negative rail delivers less current than the positive ;
power supply. This is expected because the positive supply drives more

integrated circuits than the negative power supply rails.

The rectifier diodes and filter capacitors are overrated for the

requirements of the system.

The voltage regulators can dissipate up to two watts[35]. From

equation (84), they dissipate:
LM317: P, = (12,675 — 9.0(70.71x10 %) = 260 x 10" °W
LM337: P, =(=12.65 + 9.0)(~47x10"%) = 172 x107°W
LM7805. P, =9 — 5)(70.71 x107%) = 283 x107°W

LM7905: P, = (=9 +5)(-47x10"%) = 188x10~°W
A1l the voltage regulators are well within their performance

ratings and therefore no heat-sinks are required.
The outputs of the four voltage regulators have unmeasurable

ripples as can be seen from Figure 43 and Figure 44. There s,

however, a very low voltage spike or noise.
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CHAPTER 8

SYSTEM INSTALLATION AND LISTENING TESTS

8.1 System Installation

The system is designed to go between the pre-amplifier and the
power amplifier as shown in Figure 47. The rear speakers should be
small bookshelf speakers mounted in the rear corner of the listening

room about six feet above the floor.

A schematic of the complete surround-sound decoder is shown in

Figure 48.

8.2 Listening Tests

The sub-woofer simulator adds a lot of punch to the lower bass
frequencies. This adds a lot of realism to sound effects such as a
strong wind or an explosion. Many musical passages also have a lot of
low-frequency content, and this information is reinforced by the sub-

woofer simulator portion of the surround-sound decoder.

The decoder generates an (L-R) rear channel from all sources. If
a Dolby surround-sound encoded source is used, the rear-to-front sound
effects of the movie theater is recreated in the home. If the source

is not Dolby surround-sound encoded, a rear-channel signal is still



generated by the decoder and the effect makes the music an exciting
three-dimensional l1istening experience.

If the sound source is a monophonic signal, then there is no
output from the rear speakers, as expected,

because if L = R, then
(L-R) = 0.
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FRONT STEREO
PREAMPUFIER

SURROUND — REAR STERED |
SouND PowER
DECoDER AMPLIFIER

FRONT STEREC
PoweER
AMPLIEIER

Figure 47 System Configuration
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CHAPTER 9

CONCLUSION

The surround-sound decoder of this report consists of a sub-woofer
simulator, an (L-R) decoder, a 7000Hz low-pass filter, a 20ms audio
time delay, a rear channel gain control and a power supply. The front

channel separation is maintained in the decoder.

The sub-woofer simulator, the (L-R) decoder and the 7000Hz Tow-
pass filter are active circuits using operational amplifiers. The low-

pass filter is a Sallen-Key Butterworth design.

The audio time-delay circuit was designed wusing digital
techniques. The decoded rear channel signal is fed to an eight-bit
analog-to-digital converter. Each of the eight data lines is shifted
in time by about 20ms by a serial 192-stage shift register. Each 192-
stage shift register is fabricated by cascading three 64-stage shift
registers. The eight shifted data lines are fed to an eight-bit
digital-to-analog converter to produce a rear channel signal delayed by
20 ms. This signal is smoothed by a 7000Hz low-pass filter which is

identical to the one in the decoder circuit.

The rear channel control is a potentionmeter wired as a voltage

divider. The power supply was designed using three-terminal voltage



regulators to obtain regulated bipclar voltages for the active and

digital circuits of the surround-sound decoder.

Blend circuits were not required in the decoder designed for the
home; therefore, the front channel separation of the existing stereo

system is maintained.

The sub-woofer simulator boosts frequencies in the range of five
hertz to 100Hz. A maximum boost of 28dB is achieved at eight hertz.
The decoder rolls-off frequencies above 7000H: and it decodes signals
as expected. When the same signal is applied to both front channel
inputs, no output is obtained, as expected, because (L-R) = 0 when L=R.
The audio time-delay circuit gives a delay of 16 ms. The ripple of the
positive and negative 12V supplies are about 150 mV while that of the
bipolar nine and five volt supplies are small enough to be considered

unmeasurable.
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