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Description

The CXA1563M/S is a bipolar IC incorporating

dual channel Dolby B-C type noise reduction (NR)

system and Dolby S type switch. Dolby B-C-S type

stereo system is completed by using this IC in

conjunction with two CXA1417S or two CXA1417Q.

A reduction in the number of external parts and

small package have been achived due to the fact

that the spectral skewing circuits are all on-chip.

Features

• Few external parts

• Spectral skewing circuit are on-chip

• NR ON/OFF, REC/PB, MPX filter ON/OFF,

Dolby S type switches

• Small package (28-pin SOP, 28-pin SDIP)

• Low current consumption 13mA Typ.

(power supply ±6V)

• Dual channel processors

Structure

Bipolar silicon monolithic IC

Absolute Maximum Ratings

• Supply voltage VCC 17 V

• Operating temperature Topr –40 to +85 °C

• Storage temperature Tstg –65 to +150 °C

• Allowable power dissipation PD 600 (SOP) mW

1200 (SDIP) mW

– 1 –

CXA1563M/S

E93506C5X-ST

Dolby∗ B-C Type Noise Reduction System with Built-in S type Switch

Sony reserves the right to change products and specifications without prior notice. This information does not convey any license by
any implication or otherwise under any patents or other right. Application circuits shown, if any, are typical examples illustrating the
operation of the devices. Sony cannot assume responsibility for any problems arising out of the use of these circuits.

CXA1563M
28 pin SOP (Plastic)

CXA1563S
28 pin SDIP (Plastic)

∗ This IC is available only to the licensees of Dolby Laboratories Licensing Corporation from whom licensing and applications
information may be obtained.

∗ "Dolby" and the double D symbols are trademarks of Dolby Laboratories Licensing Corporation.

This datasheet has been downloaded from http://www.digchip.com at this page

http://www.digchip.com
https://www.digchip.com/datasheets/parts/datasheet/000/CXA1417S.php
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CXA1563M/S

Pin Description and Equivalent Circuit

Pin
No.

Symbol Z: Imp VDC (V) Equivalent circuit Description

1 IREF 0 VEE + 1.25V
Reference current pin 
for setting internal filter 
cut-off frequencyVEE + 1.25V

VCC

VEE

3,
26

LINE IN 62K VCT
Recording input pin
Reference level 

= –25dBm

VCC

VCT

VEE

62k

5,
24

MPX OUT 0 VCT

Buffer amplifier output 
pin to drive multiplex 
filter 
Reference level 

= –21dBm

VCC

VEE

500

5008.8k

2,
27

4,
25

PB IN

MPX IN

40K VCT

Playback input pin
Reference level 

= –30dBm

Buffer amplifier input 
pin to drive multiplex 
filter 
Reference level 

= –19dBm

VCC

VEE

VCT

40k
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Pin
No.

Symbol Z: Imp VDC (V) Equivalent circuit Description

7,
22

LINE OUT 0 VCT Line output pin

VCC

VEE

200

200

9,
20

TCH — VEE + 0.4V
Time constant 
connecting pin for HLS 
detector

13k 36k

330k

VCC

VEE

10,
19

TCL — VEE + 0.4V
Time constant 
connecting pin for LLS 
detector

13.5k

480k

VCC

VEE

8,
21

SIN — —
Dolby S type
connecting pin

VCC

VEE
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Pin
No.

Symbol Z: Imp VDC (V) Equivalent circuit Description

11,
18

REC OUT 0 VCT
Recording output pin
Reference level 

= –6dBm

VCC

VEE

200

200

13 NRSW — —

NR control pin
H: C type
M: B type
L: NR OFF

VCC

VEE

50µA

22k

50k

16 MODE — —

MODE control pin
H: REC (Filter ON)
M: REC (Filter OFF)
L: PB

28 VCT 0 VCT
Dual power supply: GND
Single power supply: 

VCC/2

14 VEE VEE

Dual power supply: VEE

Single power supply: 
GND pin

15 VCC VCC VCC

VCC

VEE

50µA

22k

50k

12 SSW — —

Dolby S type switching 
pin

H or Open: B-C type
L               : S type

40µA

6k 6k

VCC

VCT

VEE
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CXA1563M/S

Electrical Characteristics

(Ta = 25°C, Dolby level: –6dBm (= 388mVrms) at REC OUT, VCC = 12V (single power supply))

Characteristics

Operating voltage

Current consumption

LINE OUT level

LINE IN level

PB IN level

MPX amplifier gain

Encode characteristics

B type boost
(1)
(2)
(3)
(4)

C type boost
(1)
(2)
(3)
(4)
(5)
(6)

Signal handling

Total harmonic distortion

1) NR OFF

2) B

3) C

S/N

REC-PB
PB-REC
REC ch to ch

REC OUT offset
Voltage
(OFF-C type)

Symbol
R/P NR f (Hz) Other conditions

Min. Typ. Max. Unit

Vopr

ICC

Vlout

Vlin

Vpin

Gmpx

B-R-1
B-R-2
B-R-3
B-R-4

C-R-1
C-R-2
C-R-3
C-R-4
C-R-5
C-R-6

Vomax

THD (OFF)

THD (B)

THD (C)

SN
(CCIR)

CT-1
CT-2
CT-3

Voff

—

REC

REC

REC

PB

MPX

REC
REC
REC
REC

REC
REC
REC
REC
REC
REC

REC

REC

REC

REC

REC

PB
REC
REC

REC

—

OFF

OFF

OFF

OFF

OFF

B
B
B
B

C
C
C
C
C
C

OFF

OFF

B

C

C

OFF
OFF
OFF

OFF
↓
C

—

—

1k

1k

1k

1k

500
5k
10k
10k

500
500
2k
2k
5k
10k

1k

1k

1k

1k

—

1k
1k
1k

—

No Signal

–25dB
–25dB
–40dB
–0dB

–60dB
–25dB
–60dB
–25dB
–25dB
–0dB

THD = 1%

+10dB

+10dB

+10dB

Rg = 5kΩ
(CCIR/ARM)

0dB
0dB
0dB

7.2

8.0

–7.0

–27

–32

9.0

1.4
3.9
9.7
–1.1

14.2
7.2
18.7
5.4
3.5
–5.5

13.5

—

—

—

60

—
—
—

–100

—

13.0

–6.0

–25

–30

10.0

2.9
5.4
10.4
0.4

16.2
9.2
20.7
7.4
5.5
–3.5

19.0

0.02

0.03

0.05

64

–80
–87
–73

0

16

18.0

–5.0

–23

–28

11.0

4.4
6.9
11.4
1.9

18.2
11.2
22.7
9.4
7.5
–1.5

—

0.1

0.1

0.2

—

–70
–70
–65

100

V

mA

dBm

dBm

dBm

dB

dB
dB
dB
dB

dB
dB
dB
dB
dB
dB

dB

%

%

%

dB

dB
dB
dB

mV

Measurement conditions∗

∗ 0dB means the level which provides the Dolby level to recording output when NR is off.
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Application Note

The CXA1563M/S is a dual channel Dolby B-C type NR IC with a built-in S type (CXA1417S/Q) switch. By

using the CXA1563M/S in conjunction with two sets of the CXA1417S/Q encoder unit, a stereo Dolby B-C-S

type NR system can be achieved.

1) Power Supply

The CXA1563M/S is designed to operate on either single or dual power supply.

For dual power supply, connect VCT (Pin 28) to GND, and VEE (Pin 14) to the negative power supply.

For single power supply, connect VEE (Pin 14) to GND. Vcc/2, generated from the internal circuit, is output to

VCT (Pin 28). Connect a by-pass capacitor between this pin and GND.

The operating voltage range is ±3.5 to ±8.0V (7.0 to 16V), which satisfies the signal handling of 12dB

specified by the Dolby Laboratories.

2) Supply Voltage of the CXA1417S/Q and the CXA1563M/S

(1) When both have split power supply

Set within the respective specified ranges.

CXA1417S/Q: ±AV

CXA1563M/S: ±BV

(2) When both have single power supply

Set at the same potential with the range specified for the CXA1417S/Q (9 to 13V).

CXA1417S/Q: AV

CXA1563M/S: BV

(3) Single and dual power supplies can not be used together.

3) Operation Mode Control

The CXA1563M/S has built-in electronic switches. The operations are controlled by the DC voltages of SSW

(Pin 12), NRSW (Pin 13) and MODE (Pin 16) control pins. Table 1 shows the switching truth tables.

For single power supply, VH, VM, and VL correspond to Vcc, Vcc/2 and GND, respectively.

For dual power supply, VH, VM and VL correspond to Vcc, GND and VEE, respectively.

Refer to "threshold" on the characteristics graph for the thresholds of the control voltages. NRSW (Pin 13)

and MODE (Pin 16) control pins are connected to VCT via a 50kΩ resistor, so when the pin is open, VM

condition results. SSW (Pin 12) control pin is of PNP base input, so the pin can be used as VH when it is

open.

SSW is taken precedence over NRSW, and NRSW is invalid when SSW is at Low.

Table 1

VH VM VL

SSW

NRSW

MODE

B-C type

C type

MPX ON
REC

(Encode)

—

B type

MPX OFF
REC

(Encode)

S type

NR OFF

PB
(Decode)
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4) Reference level

The CXA1563M/S Dolby level is –6dBm (388mVrms), and is measured at the recording output pin (REC

OUT) in the NR OFF mode. The reference level of the recording input pin (LINE IN), playback input pin (PB

IN) and line output pin (LINE OUT) are defined as the levels which provide Dolby level at the recording output

pin in NR OFF mode.

5) MPX Filter

The CXA1563M/S provides an MPX (FM multiplex) filter ON/OFF function.

Connect the MPX filter between MPX IN (Pins 4 and 21) and MPX OUT (Pins 5 and 20). In MPX ON mode,

the line input signal is fed to the NR processor via the MPX buffer amplifier and MPX filter. In MPX OFF

mode, the signal bypasses the buffer amplifier and filter, and is fed directly to the NR processor. The MPX

buffer amplifier gain is 10dB. The gain from LINE IN to LINE OUT is 19dB, and from MPX IN to LINE OUT it

is 13dB, for a deviation of 6dB. This means that if a filter with insertion loss of 4dB is used, there is no

fluctuation between MPX ON and MPX OFF.

6) Notes on Operation

If the CXA1563M/S is used without being connected to the CXA1417S/Q encoder unit, SIN (Pins 8 and 21)

must be connected to GND for dual power supply, and to VCT for single power supply. There is a risk of

misoperation if the SIN pins are left open during use.
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A 20 dB Audio.Noise Reduction System
for ConsumerApplications*

RAY DOLBY

Dolby Laboratories Inc., San Francisco and London

A 20 dB noise reduction system, designated C-type, for use in cassette tape recording
and similar applications is described. An arrangement of two compressors and two
expanders in cascade has been developed in which the signal-to-noise ratio improvement
is compounded without significant accompanying increases of the overall maximum
compression and expansion ratio. Overshoots, modulation distortion, and noise mod-
ulation are well controlled. The maximum demands made on transmission channel
uniformity are generally unchanged from those associated with the B-type system,
although the uniformity requirements extend over a greater range of signal frequencies
and levels. An improvement has been made in one condition of compressor/expander
mistracking, namely, low-level mid-frequency signals in combination with dominant
signals in the region above 10 kHz and incorrect channel response at such frequencies.
A further development reduces the tendency of highly equalized channels to saturate,
thereby increasing the useful signal levels which can be handled.

0 INTRODUCTION tape formulations and oxide thicknesses that had to be
created, since there was no practical possibility for the

The B-type noise reduction system [1], [2] was de- industry to use standard thick-oxide V4-in (6.3 mm)
veloped in 1967-1968 and first applied to open-reel
recording (KLH models 40 and 41). However, by this tape in cassettes (as there had been in 8-track cartridges).Throughout 1969 we researched the properties of
time there was a general feeling that a more convenient available cassette recorders and cassette tapes, and by
tape format was required for widespread use. In late the end of that year we had adapted and improved several
1968 we therefore began experimenting with 8-track

cassette decks to provide wide frequency response,
cartridges and the B-type system. The results were en-

low distortion performance with high stability. Using
couraging if suitable tape formulations and oxide the B-type noise reduction system, we demonstrated
thicknesses were used, but ergonomic and aesthetic our results to cassette deck manufacturers and cassette

considerations persuaded us that the 8-track cartridge duplication firms. There was general agreement that
would not be a success as a quality recording medium; this was a promising development; under good con-
anyone willing to tolerate an endless-loop format would ditions it was possible to produce overall results that
be unlikely to be very interested in sound quality.

were comparable with the best disks. The technology
In early 1969 we turned to the Philips Compact Cas- has since been adopted and widely used, and by this

sette, which was another of several tape formats com-
time it is possible to draw up a comparative list of the

peting for the popular market at that time. The Compact main technical defects of disks and B-type encoded
Cassette offered the advantage of rapid access, which cassettes when produced and reproduced under the best
appeared to be a requirement for acceptance by critical conditions:
listeners. The disadvantage of very low tape speed (17/8

in/s, 4.75 cra/s) was to some extent offset by the special Disks Cassettes

Mold-grain noise Hiss
Hiss High-frequency overloaddistortion

* Presented at the 70th Convention of the Audio Engineering Ticks and pops
Society, New York, 1981 October 31-November 2.
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The low-frequency mold-grain noises (rumbling and maximum level, provided a good margin of safety in
rushing sounds) produced by disks are evidently un- solving the problem of suppressing compressor over-
noticed by most listeners; perhaps these noises are shoots without introducing audible distortions caused
masked by the ambient noises of typical listening en- by rapid modulation of the signal. In the development
vironments. Disk processing hiss is variable but usually of the B-type system in 1967-1969 these facts, coupled
not too obtrusive. The main audible defect of most with tests to determine the maximum dynamic action
disks is low-level ticks and pops. In contrast, cassette likely to be allowable for reasonable compatibility when
tapes have no audible rumble or other low-frequency encoded recordings were reproduced without decoding,
noises, and, of course, there are no ticks and pops. established the maximum noise reduction at 10 dB.
However, the hiss level is audibly greater than that of In the development of the C-type system in 1980,
disks; the continuing presence of this hiss has evidently the compressor overshoot and modulation distortion
been the main factor in causing the cassette to fall just consideration pointed strongly toward the retention of
short of disks in the estimation of quality conscious the dual-path 10 dB low-level format which had proved
listeners. A further element is that cassette tapes, es- to be successful in the A-type and B-type systems.
pecially the ordinary formulations used in mass du- While it was tempting to contemplate stretching the
plication, do not have the high-level high-frequency capability of the basic 10 dB circuit to performance
recording capability of disks. For economic reasons, levels in the 15-20 dB region, only a few experiments
most duplicators are reluctant to use tapes that might were enough to reconfirm that such an approach would
overcome this problem, be hazardous at best; it would be better to accept the

In 1978 we developed a system, HX (headroom ex- cost penalty of a more complex method and to be safe.
tension), to improve the high-level high-frequency A two-band configuration would not be much help,
performance of normal cassette tapes [3]. This system since each band would still be required to operate with
was introduced in consumer cassette recorders in 1979- the full dynamic effect. However, if two stages could
1980. While this development was welcomed by the be cascaded, then the stage gains and resultant com-
technical community, there was still a feeling that the pression and expansion would be multiplied (or added
basic noise performance of the cassette, using the B- on a dB basis) to yield an overall noise reduction of,
type noise reduction system, was inadequate. Several say, 20 dB. While early tests indicated that this was
different noise reduction systems offering more than an attractive method under ideal conditions, the resulting
10 dB of noise reduction became available, and many high compression ratios (up to 4:1) would clearly be a
cassette deck manufacturers requested a response from problem with the production and operating tolerances

· us to this activity, of practical cassette recorders. A method was therefore
Until early 1980 the author remained unconvinced devised whereby the dynamic actions of the two stages

that the underlying demand for an improved (and more could be spread out or staggered into different level
costly) system would be sufficient to justify the industry regions. Such dynamic action staggering, in which one
infrastructure required to support a new high-perform- stage operates at levels comparable with those of the
ance standard. However, performance expectations do B-type circuit, and the second stage treats signals some
not appear to diminish. Thus a new noise reduction 20 dB lower in level, is possible with compressor and
system called C-type has been developed, which, it is expander stages having a certain type of transfer char-
hoped, will meet a reasonable proportion of these ex- acteristic which will be discussed. This staggering
pectations. The author, as well as many others, will technique proved to be a key element in the development
be waiting with interest to see whether the long-term of the C-type system.
demand is broadly based enough to result in a significant Referring to Fig. 1, the A-type and B-type noise re-
change in usage patterns, duction systems employ a level transfer characteristic

This paper describes the new system, which utilizes which at any particular frequency comprises the fol-
two series-connected sliding-band compressor and ex- lowing elements:

pander stages, operating at different levels, to solve 1) A Iow-level linear portion up to a threshold (where
the problem of increasing the overall compression, ex- "linear" in this context denotes constant gain with
pansion, and noise reduction without introducing side changing input level).
effects. Further developments reduce high-frequency 2) An intermediate-level non-linear portion (chang-
tape saturation and improve the tolerance of the system lng gain with changing input level) above the threshold
to irregular response of the recorder at very high fre- and up to a finishing point, providing a certain maximum
quencies. Good frequency response and level reliability compression or expansion ratio.
are nonetheless required at lower frequencies. 3) A high-level linear portion having a gain different

from the gain of the low-level portion.
This type of characteristic can be designated a bilinear1 STAGGERED ACTION DUAL-LEVEL FORMAT

characteristic because there are two portions of sub-

In the development of the A-type noise reduction stantially constant gain. Such characteristics may be
system in 1965-1966 [4] the author found that a two- distinguished from other types of characteristics,
path configuration and a maximum dynamic action of namely:
the order of 10 dB, placed some 30 dB below the nominal 1) A logarithmic or nonlinear characteristic with
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either a fixed or a changing slope and with no linear connection shows that they not only have the previously
portion: the gain changes over the whole dynamic range, discussed advantages but further ones as well, namely,

2) A characteristic having two or more portions of a way of solving the high compression ratio problem
which only one portion is linear, and a way of dealing with the larger overshoots which

An advantage of a bilinear characteristic is that the accompany greater overall compression.

threshold can be set above .the input noise level or Note that the superposition of the high- and low-
transmission-channel noise level in order to exclude level linear regions does not increase the compression

the possibility of control of the circuit by noise; the ratio in these regions (since by definition the compres-
low-level region is a reliable "gain floor," which con- sion ratio is 1). The compression ratio is increased
tributes to overall stability of the signal. The high- only in the limited region in which dynamic action
level portion of substantially constant gain avoids the takes place. Therefore it becomes possible to separate
nonlinear treatment of high-level signals which would the areas of dynamic action of the two stages in such
otherwise introduce distortion, either by rapid modu- a way as to obtain the required overall increase in com-
lation of the signal or by overshoots and subsequent pression without altering the overall maximum
clipping. In the region of dynamic action, at inter- compression or expansion ratio significantly. A further
mediate levels, relatively long attack and recovery times feature is that the overall result is bilinear, with all of
are used in order to reduce modulation distortion. The the attendant advantages. Thus the action staggering
attack and recovery times are progressively reduced possibility of bilinear compressors and expanders rep-
with increasing amplitude steps, the high-level portion resents a further advantage of this type of device.
providing a region within which to deal with the over- At any given frequency, the thresholds and dynamic
shoots, which in a dual-path system are suppressed by regions of the compressor or expander stages are set
clipping diodes acting upon the noise reduction signal to different values so as to stagger the intermediate-
only. levelportionsof the characteristicsof the stages. This

Thus with 10 dB of dynamic action spread over an results in a change of gain over a wider range of in-
input signal level range of about 20-25 dB, so that the termediate input levels than for each of the stages in-

maximum compression ratio does not substantially ex- dividually, an increased difference between the gains
ceed 2:1, it is possible to set the threshold at a level at low and high input levels, and a maximum compres-
high enough to be well clear of input signal noise and sion or expansion ratio which is substantially no greater
recorder noise, that is, in the region of 40 dB below than the maximum compression ratio of any single stage.
the nominal peak level. This leaves a high-level linear The thresholds of the overshoot suppressors are also
region of some 20 dB for the suppression of overshoots, staggered along with the stagger of the syllabic thresh- '

Note that bilinear compressors and expanders de- olds. The overshoots of the low-level stage are cor-
termine the two end regions of constant gain by means respondingly reduced.
of fixed, preset circuit elements, such as resistors and Fig. 2 shows the basic block diagram of the staggered
capacitors, which are inherently stable and cannot cause action method. A high-level bilinear compressor feeds
dynamic errors, waveform distortions, and the like.
Only in the transitional area can any dynamically active

portions of the circuits introduce signal errors. ._
In contemplating the possibility of a multistage cir-

cuit, it shouldbenotedthatpriorattemptshaveresulted ,,%
in a multiplication of the maximum compression ratios
of the individual stages with the consequence of an -_0 INPUT(dB) ,,,X_.d3_

overall high compression ratio, which is not very useful i ,.q,'Yl
_x,3,fv

in a practical noise reduction system (for example, one 2't
circuit with a compression ratio of 2:1 and the other _ "--FINISHPOINT
with a compression ratio of 3:1 will yield an overall DYNAMICACTION

ratio of 6:1). Other cascaded approaches have utilized COMPR[S$ION F_j//_ 00TPUI(dB)compressor stages operating in mutually exclusive fre- _/ 7quency ranges. While such an arrangement may not THRF_5140LD///

necessarily result in any increase in the maximum q_?_,xX// EXPANSi0 N

compression ratio over that of a single stage, it cannot
provide an overall increase of noise reduction at a par-

ticularfrequency. ,,?q)'%Experience has shown that with a compression ratio .Ax,
of much more than 2:1 it becomes increasingly difficult ,,_"
to ensure complementarity between the compressor and ..X,x

the expander;in particular,level errorsorerrorsin the -60
frequency response of the recorder lead to correspond-
ingly multiplied errors at the output of the expander.

An examination of bilinear circuits used in a series Fig. 1. Bilinear compression and expansion characteristics.
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the low-level bilinear compressor connected in series, level stage modifies the input signal to the low-level
During playback a pair of series-connected bilinear stage as a function of'signal level. The overall char-
expanders receives the input from the signal channel acteristic produced is the left-hand portion of curve 1,
and provides an overall noise reduction system output the section from la to 2a, and the right-hand portion
at the output of the high-level expander, of curve 2. Analogous considerations apply in the case

For overall complementarity of the system, the order of the expanders depicted on the lower half of the figure.
of the stages in the compressor is reversed in the ex- Thus even with two compressors or expanders in
pander. Thus the last stage of the expander is comple- series, the end regions of operation still remain fixed,
mentary to the first stage of the compressor (and likewise the maximum compression and the maximum expansion
the first stage of the expander to the last stage of the ratios are not increased beyond those of single devices,
compressor) in all respects, both steady state and time and the advantages of single bilinear devices are re-
dependent, tained. Consequently, the maximumerror in level oc-

The separation or staggering of the high- and low- cutting within the range of dynamic action caused by
level stages is depicted in Fig. 3, which plots compres- the devices in series should not substantially exceed
sion ratio versus input amplitude (horizontal axis) for the maximum error of a single device. With the con-
the compressor or expander stages operating at a par- tinually changing levels of real signals, however, the
ticular frequency. The top curves are those of corn- time-probability of a level error is increased because
pressors, the bottom curves those of expanders. In this of the greater range of dynamic action of the cascaded
example the areas of action as a function of input level devices over that of a single device.
are separated such that the product of the two curves Note that in the representation of Fig. 3 the dynamic
results in an overall characteristic having a compression action of a logarithmic compressor or expander becomes
ratio or expansion ratio which does not exceed 2:1 a horizontal line; line 3, for example, is the characteristic
(1:2) between the two maximum compression points of a 2:1 compressor, and line 4 is that of a 1:2 expander.
la and 2a (lb and 2b) of the two devices. For clarity, It is clear that there is no opportunity for separating or
the curves are shown in idealized form; as a practical staggering the actions of such devices.
matter the curves may be somewhat asymmetrical. The To obtain a first-order approximation of the parameter
compressor portion of curve 2 represents the variations relationships in action staggering, it is useful to idealize
of the compression ratio of the high-level stage as a Fig. 3 even further. Assume that each compressor (and
function of the input level to the high-level stage, while expander) immediately reaches its maximum compres_
the compressor portion of curve 1 is the variation of sion ratio at a threshold level and holds that ratio until
the compression ratio of the low-level stage as a function it reaches a finishing point at a higher level where its
of the input level to the high-level stage, as if the high- dynamic action abruptly stops.
level stage had a constant gain. In practice, the high- Based on observations of the resulting transfer char-

INPUT --- BILINEAR --- BILINEAR _( BILINEAR BILINEAR --'-OUTPUT
COMPRESSOR COMPRESSOR EXPANDER EXPANDER

Fig. 2. Basic block diagram of staggered-action bilinear noise reduction system.

t
cz:

OVERALLCI4ARACTERISTIC

F 3 ira 2a
2:1 /" MAXIMUMCOMPRESSIONRATIO

-_ I LEVEL

INPUT

1:2 t,,.4 _lb k-Zb EXPANSIONRATIO

><

Fig. 3. Action-staggering principle.
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acteristics (Fig. 4), the following equation sets forth in improved noise modulation performance of the low-
the relationship between threshold level T, finishing level stage; there is little virtue in keeping the two
point F, compression ratio C, and gain G of the stages: areas well separated.

The two stages of the C-type system are each of the
T = F CG (1) sliding band type, similar to that of the B-type circuit

C - 1 ' [1], [2]. The first stage of the compressor is set for op-

Using this equation is straightforward for the first eration at levels similar to that of the B-type circuit,
stage. For the second stage, the first-stage threshold and the second stage is set for operation at lower levels.

In this order there is a useful interaction between thebecomes the second-stage finishing point. However,
the calculated threshold is the overall threshold, referred stage gains and the areas of dynamic action; the area

of action of the downstream stage is partly determinedto the first-stage input. To obtain the threshold of the
second stage referred to its own input, the low-level by the signal gain of the preceding stage. Thus with

10 dB of low-level gain per stage, the control amplifiersignal gain of the first stage is taken into account. The
equation can also be arranged to give the finishing point gain requirement of the second stage is reduced by 10

dB. When a high-level signal appears, the i0 dB gainF, the compression ratio C, or the gain G.
Consideration of the above equation and Fig. 4 shows of the first stage is eliminated from the overall effective

that for the case of a 2:1 compression ratio, half of the amplification used to derive the control signal of the
second stage. This improves the noise modulation per-threshold staggering is provided by the signal gain of
formance of the second-stage sliding band.the first stage and the other half must be provided by

If the arrangement were reversed, with the low-levelthe control circuitry of the second stage.
As previously mentioned, a 2:1 compression ratio stage first, there would be reduced interaction. The

appears to be about the maximum that can be used in control amplifier of the first stage would need a high

cassette recording systems, because of error amplifi- gain in order to achieve the required low threshold.
This high gain and low threshold would then applycation effects during decoding. A lower compression
even in the presence of high-level signals, which inratio (such as 1.5:1) would permit an expander to track
the case of a sliding band system would result in poorerthe compressor more easily, but on the other hand, the

dynamic action would have to extend down to lower noise modulation performance. Thus the arrangement
levels, resulting in greater susceptibility to noise mod- actually used takes best advantage of the prevailing
ulation for a given maximum amount of noise reduction, signal gains of the individual stages, namely:
Hence there is a trade-off between undesirable effects 1) Under very low level (sub-threshold) signal con-

ditions the control amplifier gain requirement of thecaused by both high and low compression ratios.
second stage is reduced by 10 dB over what wouldSimilar considerations apply in arranging the stag-
otherwise be required to achieve the desired staggering.gering of a dual-stage system. Once the maximum al-

lowable compression ratio has been decided, then it is 2) A signal-dependent variable threshold effect is

best to employ the minimum amount of staggering con- achieved, which with sliding band stages reduces noise
sistent with keeping the overall ratio within the design modulation effects.
goal. Squeezing the area of dynamic action of the low-
level stage up close to that of the high-level stage results 2 NOISE-REDUCTION CHARACTERISTIC

The maximum amount of compression and expansion
.8o -7o -6o -so -4o -3o -zo -to J to be used in the C-type system was more or less ar-

t I t t t _ t '0 bitrarily set at 20 dB. This seemed a natural goal, neitherINPUT J

d8 _ too little nor too ambitious, moreover offering the pos-

'N_'5 -to sibility of adapting existing B-type integrated circuits_,._. C_ before dedicated C-type integrated circuits would be-

' J''___i'"'_../_ --z0 come available Nevertheless, it was necessary to de-

C2

termine an optimal spectral distribution of the noise
--30 reduction. If the frequencies to be treated were restricted

t' to as narrow a range as possible, compatibility would
--40 be improved, noise-modulation performance enhanced,

and there would be fewer troubles caused by recorder
0trr_'r response irregularities at the frequency extremes.

dB -so In connection with the development of the B-type
system, beginning in 1967, listening tests were made

C0MP .-t0 to determine what range of frequencies had to be treated
to bring the noise of 33/4-in/s (9.5-em/s) open-reel re-

.-70 cording into subjective spectral balance using moderate

Fig. 4. Idealized construction to show parameter relationships to high listening levels, such that the tape hiss, with
(Eq. 1), C--compression ratio; T_threshold; F--finishing noise reduction, was discernible but not excessive. Thus
point; G--stage gain. the high-pass filter cutoff frequency used in the B-type
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circuit was set at 1.5 kHz. This cutoff frequency was quency the audible noise, relative to noise at higher
retained in adapting the circuit for use with cassettes frequencies, is negligible with C-type noise reduction
in 1969, although the filter configuration was changed switched in, from either the amplifier or the tape.
to provide more noise reduction in the 300 Hz to 1.5
kHz range, as well as improved noise modulation per- 3 SPECTRAL CHARACTERISTIC--HIGH
formance. FREQUENCIES

The same kinds of listening tests were made in the During the tests to determine the low-frequency
development of the C-type system, using high-quality characteristics of the system, attention was also directed
Type II cassette tape, 70 txs equalization, a quiet res- to the high-frequency end of the spectrum. Consider-
idential listening environment, and volume settings ation of the shape of the CCIR noise-weighting char-
corresponding to rather loud listening conditions; that

acteristic (Fig. 5), which was established for wide-
is, as in the B-type tests, the volume was set such that

band, relatively low noise audio systems, shows that
tape noise with noise reduction was perceptible but not there is a significantly reduced need for noise reduction
annoying. Many filter configurations and combinations at extremely high frequencies (above about 10 kHz).
were tried; in the early stages of the development it Cassette tape recording has problems with record/
had been hoped that one of the two stages could be left playback frequency-response reliability and tape sat-
as a standard B-type circuit, for easy switchable cum- uration in this frequency region. Moreover, with certain
patibility between B-type and C-type operation. How- kinds of signals, compressor/expander tracking accuracy
ever, the spectral distribution tests eventually proved is affected. It seemed that the introduction of a new

that this placed too heavy a burden on the second stage; noise reduction system could be used as an opportunity
it was required to produce substantially more than l0

to optimize the overall performance of the cassettedB of noise reduction in the several hundred hertz to
medium, including the noise reduction system, using

2 kHz region. The solution to this problem was to the above facts.
abandon the attempt to retain one stage as a standard
B-type circuit; both circuits had to be nonstandard. 3.1 The Midband Modulation Effect
Unfortunately, this approach increased the switching
and component complexity, but it yielded a system in Compressor/expander complementarity requires not
which the dynamic action burdens are more evenly only that the expander have the inverse characteristics
shared between the two stages. The listening tests ul- of the compressor, but also that the transmission channel
timately set the filter cutoff frequencies of the two cir- between the compressor and the expander preserve rel-
cults equal, at two octaves below that of the B-type ative signal amplitudes, and preferably also phases, at
circuit, namely at 375 Hz. all frequencies within the bandwidth of the signals cum-

The use of equal cutoff frequencies yields a full pressed. As received by the expander, changes in level
compounding of the frequency discriminations of the caused by the transmission channel are indistinguishable
two circuits, giving a steeply rising overall character- from signal processing by the compressor. The resulting
istic. This results in leaving the low-frequency region, errors in the expanded signals can be significant and
in which little treatment is necessary, essentially un- audible, depending on the spectral content of the signals.
touched while providing substantially the full amount With the sliding band B-type system, the most audible
of noise reduction above about 500 Hz. The resulting error is not the direct effect on very-high-frequency signals
noise reduction begins at about 100 Hz (3 dB), is about themselves, but rather the modulation effect on mid-fie-
8 dB at 200 Hz, 16 dB at 500 Hz, and is essentially quency signals, such as in the several hundred hertz region.
20 dB above about I kHz. This characteristic was de- For discussion purposes, this effect will be referred to

termined using several types and qualities of loud- as the midband modulation effect.
speakers and headphones, with both daytime listening In wideband companders an amplitude error at the
and late night listening, when the ambient noise level controlling frequency will manifest itself to the same
(in San Francisco) is significantly reduced.

The cassette recorders used in the tests were standard +to

productionmodelsselectedfor low humlevels. The -_
selectionprocessrevealed suchwidevariationsinhum 0 J
level and character that only the best recorderswere J

used in the final tests, so that hum reduction would not qo ._

be a factor in determining the noise reduction char- J
acteristic. It was abundantly clear that it is possible to dB /

design recorders which are free of audible hum; a spec- J

ification simply had to be established for allowable _30 /
levels for the power line fundamental and each of its /

harmonics. Thus the shape of the low-level noise re- _40 ,-"
duction characteristic-was set only on tape noise con- z0 50 f00 200 s00 _k zk $k _0k Z0_
siderations; with good head preamplifiers, tape noise Hz
predominates down to about 200 Hz. Below this fre- Fig. 5. CCIR noise-weighting characteristic (CCIR/ARM).
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degree in all other portions of the spectrum; this may rather surprising in its simplicity, and is termed spectral
or may not be acceptable. In sliding band companders skewing. Advantage is taken of the fact that the high-

(B-type and C-type) an error at a dominant high fre- frequency signals which cause the problem are usually
quency is substantially multiplied at mid-frequencies, complex in nature; that is, they occupy a relatively
(Conversely, if the controlling frequencies are at mid- broad band of frequencies and are not at single discrete
frequencies_ as they usually are, then any errors at the frequencies. The method used is to subject the signals
high-frequency extreme are reduced; this is an advantage to be processed by the compressor to an abrupt high-
of sliding band companders.) The midband modulation frequency drop-off which is within the useful bandpass
effect is rare with normal music sources; it may, for of the system but somewhat below the frequency at
example, be audible with intermittent high-level high- which the record/playback response becomes highly
frequency signals such as brushed cymbals in combi- unreliable. A corner frequency of 10-12 kHz fulfills
nation with a more or less continuous low-level mid- these conditions. In this way the distributions of th'e

frequency sound, such as background violins. In such signals processed by the compressor are altered or
a case, the violins may be modulated in amplitude, skewed such that the compressor action is significantly
even after decoding, because the cymbals cause the less susceptible to the influence of signals beyond the
encoder band to slide without a complementary sliding abrupt roll-off frequency. Signals processed by the ex-
of the decoder band. This effect is basically a frequency pander are subjected to a complementary boost so that
response error effect, as opposed to a tape saturation an overall flat frequency response is maintained. The

effect; it might be caused by inaccurate biasing and spectral skewing network is situated at the compressor
equalization or by gap loss, poor azimuth, and the like. input; the de-skewing network, with complementary
However, the effect will be worse if there is also sat- characteristics, is located at the expander output.
uration in the controlling frequency region. The spectral skewing principle as applied to sliding

Reduction of the midband modulation effect is one band companders can best be understood by reference
reason for the incorporation of sharp low-pass filters, to Fig. 6. Fig. 6(a) shows the spectrum of a signal that
popularly known as multiplex (MPX) filters, in audio might provoke the midband modulation effect (such a
products using the B-type noise reduction system. Such signal might be generated by a wideband percussive
band-limitation filters have corner frequencies at the sound). The compressor control circuit preemphasis
edge of the useful bandpass of the system (about 16 results in an energy spectrum as shown in Fig. 6(b).
kHz) in order to avoid limiting the system bandwidth After rectification, the peak in the preemphasized ac
unduly. Such filters have several functions: control signal spectrum provides the dc signal that

1) Attenuation of subcarrier components and the 19 controls the sliding band action of the compressor.
kHz pilot tone used in FM broadcasting, in order to Fig. 6(c) illustrates the different frequency responses
avoid bias "birdie" beats (whistles), impairment of of four tape recorder channels, a, b, c, and d. The
the noise-reduction action, and encoder/decoder mis- effect on the spectrum of Fig. 6(a) is to cause four

tracking, differentspectra [Fig. 6(d)]tobe presentinthecontrol
2) Attenuation of tape recorder bias which may leak circuit of the expander, resulting in the four dc control

into the signal circuits, in order to avoid encoder/decoder signals shown; clearly, errors in decoding will result.
mistracking. An idealized spectral skewing characteristic [Fig.

3) Attenuation of supersonic signal components or 6(e)] causes the compressor and expander to generate
of spurious radio frequency components in the encoder the same dc control signal in each case, as shown in
input signal which may otherwise result in audible in- Fig. 6(f), which results in accurate decoding not only
termodulation products and/or bias birdies, of the high-frequency signals, but also of any other

4) Attenuation of supersonic tape noise or other signals at lower frequencies. Note that the network
transmission channel noise at the decoder input, in does not eliminate the sliding of the frequency band.
order to avoid encoder/decoder mistracking. Indeed, it may be only slightly reduced. However, the

5) A signal bandwidth definition to promote corn- sliding now becomes recoverable during playback.
plementarity of the encoder/decoder--that is, to reduce The spectral skewing characteristic used in the C-
the midband modulation effect, type system has a simpler and more economical form

Strictly speaking, if an ideal channel exists between than the idealized curve of Fig. 6(e). A 12 dB notch
the encoder and the decoder, then the input filter to the characteristic is formed by combining the input and
decoder should be disconnected, as its inclusion the- output signals of a resonant notch filter with a center
oretically results in a slight noncomplementarity (the frequency of 20 kHz and a Q of 1. The resultant char-
encoder signal is subjected to one stage of filtering, acteristic within the audio band can be seen in Fig. 7.
the decoder to two). However, removal of the decoder Compare this with Fig. 8, which shows representative
input filter must be done with caution because of the measured high-frequency response curves for several
considerations listed above, typical cassette recorders. These curves show that, for

levels below saturation, the typical recorder in good

3.2 Spectral Skewing adjustment has little deficiency in response below 10-
20 kHz. Hence, at most levels the spectral skewing

The solution to the midband modulation problem is network will ensure that there will be a significantly
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Fig. 6(a). Representation of spectral distribution of signal Fig. 6(b). The signal of (a) after control amplifier preemphasis
having a significant wideband component, in the compressor.
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Fig. 6(c). Four different tape recorder frequency responses Fig. 6(d). The signal of (a) compressed and then sent through
(a,b, c, d). recorderchannelsa, b, c, d, resultingin theabovesignal

distributions at the point of rectification in the expander;
different dc control signals a, b, c, d are thereby produced.

-- SIGNALLEV
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Fig. 6(e). Idealized spectral skewing characteristic. Fig. 6(f). As (d), but with spectral skewing treatment at the
input of the compressor; the same dc control signal is produced
in the expander with the four different recorder responses a,
b, c, d.

Fig. 6. Example showing how spectral skewing tends to desensitize the noise reduction system to recorder errors at very
high frequencies.

I _ { reduced discrepancy in the decoder controlsignal caused
SPECTRAL

SKEWING) I by uncertainties in response at extremely high fie-
..,.,_ [ _)I ANTISATURATION 0 quencies.r

-""_'-hV/- _ The spectral de-skewing network used during de-

- SPECTRALI/_\SKEWii4Gff M _ coding results in about a 12 dB loss of noise reduction

+ANTISATURATION _/ _ in the 20 kHz region, leaving only about 8 dB of noise
-l0 -_ reduction. However, reference to the CCIR weightingv

I _ curve (Fig. 5) shows that the frequencies above 10 kHz
- I...-

g, are on the steeply declining portion of the curve; in
the 20 kHz region the ear is some 30 dB less sensitive
to noise than in the 5 kHz region; this fact makes the

-20 spectral skewing technique possible.to 5o too 2oo soo ,ooo 2ooo smo ,ooooZ0k
r_QUE_CV(,z) The reduced psychoacoustic need for maintaining

substantial noise reduction at frequencies above 10 kHz
Fig. 7. Spectral skewing and antisaturation characteristics is the high-frequency counterpart of the ordinarily ob-used in C-type system. Overall antisaturation effect is pro-
duced by combination of the two characteristics, served ability of the B-type noise reduction system to

J. Audio Eng. Soc,, Vol. 31, No. 3, 1983 March 105



DOLBY PAPERS

provide a subjectively useful amount of noise reduction ration. Thus the network not only desensitizes the

even though the low frequencies are not treated at all. compressor to the frequency components likely to cause
Good engineering can eliminate hum, which, as men- trouble during decoding, but it also reduces the chance

tioned previously, is the only low-frequency noise which for recording deficiencies at those frequencies, cum-
is subjectively troublesome in cassette tape recording, pounding the advantage. The significant improvement

Note should be taken that the use of a spectral skewing observable in single-tone frequency response curves
network does not obviate or replace an overall band- is likely to be interpreted as the advantage of the tech-

limitation filter (MPX). As discussed, band-limitation nique; the improvement is easy to demonstrate graph-

filters used in both recording and PlaYback have several ically. The spectral skewing network, by itself, improves
functions in addition t° reducing the midband modu- the high-frequency saturation performance of cassette
lation effect. Therefore, even in the case of the highest tapes by several decibels in the 10-20 kHz region.
quality recorders, it is essential to have band-limitation However, cassette tapes suffer from saturation problems
filters and to use them. Cleaner, more accurate re- down to frequencies as low as 2 kHz. To accommodate
cordings will be the result. It may be noted, however, this it is not possible to increase the bandwidth of the
that when spectral skewing and de-skewing are em- spectral skewing notch, or to extend the effective cutoff
ployed, as in the C-type system, then the band-limitation frequency downwards significantly, for two reasons:
filters may have comparatively high cutoff frequencies 1) the noise reduction effect would be audibly impaired,
(such as 20 kHz), without provoking the midband and 2) the effectiveness of the spectral skewing network
modulation phenomenon (but a switchable 19 kHz notch in treating the midband modulation effect would be
should be provided for recording FM broadcasts), reduced. The CCIR weighting curve (Fig. 5) shows

that full noise reduction action must be maintained up
4 SATURATION REDUCTION to about 10 kHz. Moreover, the efficiency of the spectral

skewing action is dependent upon a relatively abrupt
Inspection of Fig. 8(d) shows that high-frequency characteristic [Fig. 6(e)]. On the other hand, at least

saturation is a serious problem in cassette recording, in approximately the 2-8 kHz frequency range, the
Usable peak levels at lower frequencies are some 8- saturation characteristics for typical cassette tapes are
10 dB higher than shown in this particular graph, with comparatively gradual, as can. be seen in Fig. 8(d) (0
an even further deterioration of performance at high dB curve).
frequencies. The above considerationspoint to the need for a

A useful by-product of the use of the spectral skewing different method of solving the saturation problem in
network is the reduction of very high frequency satu-

the mid-high-frequency area. A changed tape equali-
zation characteristic could be used, but this would have
a direct bearing on the overall noise level. An equalized

-ts -25 _.J' high-frequencylimiter could be employed, but this

woutdbecostly andinadditionrequirecomplementarytreatment during decoding. Headroom extension [3] is
-30 -30- --

da a_ relevantbutalsohasthe drawbackof cost.
The following antisaturation method, which is both

simple and effective, is incorporated into the C-type
noise reduction system. Note that in a dual-path com-
pressor or expander circuit the output at very low signal
levels is provided mostly by the noise reduction path.

Jo zo 2 s l0 z0 For 10 dB of dynamic action, the contributions of thek_lz kHz
main and the noise reduction paths are in the ratios of

(a) (b) 1and2.16, respectively.Athigh signallevels theroles

_.,,,,,q of the two paths are reversed: the main path provides

the predominant signal component, and the further path
-z_ /_ contribution is negligible.

0ds The saturation-reduction method is based on the above

-30 \_v-c' observations; namely, an equalizer providing the re-

as dB \_! quired attenuation of high-frequency drive is placed in

_20 the main path of the compressor, as shown in Fig. 9._d8 At high signal levels essentially the full effect of the
equalization is obtained, with a consequent reduction
in high-frequency saturation. However, at low levels

5 _0 2o s _0 20 the equalization effect is reduced, since the contributionkHz kHz
of the noise reduction path becomes significant, If, for

(c) (d) example, the antisaturationnetworkprovides for a 3

Fig. 8. Measured high-frequency responses of four typical dB attenuation at a particular frequency, then, ignoring
cassetterecorders, phase considerations, the low-level effect will be:
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0.71 × 1 + 2.16 = 2.87 (9.2 dB) . 5 BLOCK DIAGRAM--C-TYPE CIRCUIT

That is, a 3 dB reduction in high level recording drive Based on the principles discussed, Fig. 10 shows
is obtained for a 0.8 dB loss in noise reduction effect, the basic block diagram of the C-type compressor and

It is necessary that a complementary correction be expander. The networks Nl and N 2 are the noise re-
provided on the playback side, so that the signal is duction side chains. The spectral skewing network is
restored. The type of correction required can be deduced placed at the input of the highrlevel stage of the corn:
from Fig. 9, whichshoWs a_syminetrical compressor pressor, thereby affecting the operation of both the
and expander configuration, including the placement high- and the low-level compressor stages. Note that
of networks in the main signal path. Let the input signal the de-skewing network, being situated at the output
to the compressor be x, the signal in the recorder channel of the whole system, has no effect on the operation of
be y, and the output signal of the expander be z. Let either of the expander stages; its only function is to
F1 and F 2 be the transfer characteristics of the noise restore an overall flat frequency response. For simplicity
reduction path of the compressor and expander, re- and economy the antisaturation network is placed only
spectively, and FAS the transfer characteristic of the in the low-level stage.
antisaturation network. Let F}s be the required eom- Fig. 11 includes more complete diagrams of the in-

pensating characteristic in the decoder, dividual stages and also shows the distinctions between
the B-type and C-type systems. The figure shows the

y = (FAs + Fl)X (2) function changes necessary to provide a switchable
record/play circuit with either B-type or C-type ca-

and pability.If desired,furtherswitchingcan be provided
so that one spectral skewing network and one antisat-t t

z = yFAs -- zF2FAs . (3) uration network can serve in both the record and the

Thus play modeswith the requiredcomplementarycharac-
teristics.

F_sF^s + F_F_s For B-type operation the low-level stage and spectral

z = 1 + F2F_s x . (4) skewing and de-skewing networks are switched out of
the circuit; the filter frequencies, overshoot suppression

Inspection shows that z = x if F1 = F2 and if level, and controlcircuitsmoothingtimeconstantsare
F_s = 1/FAs. set to the B-type values.

The above shows not only that the two noise-reduction For C-type operation, the spectral skewing and de-
networks should be identical, as is known in the A- skewing networks are switched in. The low-level stage
type and B-type systems, but also that the antisaturation is connected in series, with its preset low-level area
compensation network in the decoder should have an of action, including overshoot suppression; the variable-
inverse characteristic to that of the network employed filter quiescent cutoff frequency is preset to 375 Hz;
in the encoder, andthe antisaturationnetwork is connected in the main

The antisaturation network used in the C-type system signal path. In the high-level stage the fixed and variable
is a simple shelf network (two resistances and one re- filter frequencies are both lowered to 375 Hz. The latter
actance) with time constants of 70 and 50 txs, corre- changes, together with the retention of control circuitry
sponding to turnover frequencies of about 2.3 and 3.2 with B-type characteristics, result in a modified spectral
kHz, respectively. High-frequency attenuation is pro- distribution and slightly higher level at the side chain

vided in the encoder, with a corresponding boost in output. Overshoot suppression for these conditions is
the decoder. Referring to Fig. 7, this results in a sat-
uration reduction of about 1 dB at 2 kHz, 2.3 dB at 5

kHz, and 2.8 dB at 15 kHz. _ At frequencies above 10 ' Thanks are due to K. J. Gundry for reviewing the saturationproperties of contemporary high-performance cassette tapes
kHz, the spectral skewing network augments the overall and for recommending this 50 IXS/70Ixs characteristic for
antisaturation effect, as shown in Fig. 7. use in the C-type noise reduction system.

ANTISATURATION ANTISATURATION
INPUT NETWORK -- :OUTPUTNETWORK

(FAs) _ 9 (F,A5}

COMPRESSOR EXPANDER

Fig. 9. Placement of antisaturation networks in main signal paths of compressor and expander.
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optimized by setting the suppression threshold 3 dB quency signals (which generate the largest control sig-
higher than in B-type operation. The potential maximum hals). The attack time constants are also reduced, which

overshoot is therefore somewhat greater than in the B- tends to offset the higher overshoot suppression level
type system, of thehigh-levelstage, as wellas the (somewhatlower)

In the development of the C-type circuit, the op- overshoot contribution of the low-level stage. As shown
portunity was.taken to incorporate full-wave rectification in Fig. 1I, the smoothing time constants of the high-
in the control circuitry of both stages (for economy, level stage are made switchable in order to retain eom-

half-wave rectification is normally used in the B-type patibility with the B-type characteristics.

circuit). This significantly reduces distortion caused A minimum amount of staggering is used in separating
by control signal ripple modulation and makes it possible the areas of action of the two circuits, consistent with
to decrease the smoothing time constants used. Halving maintaining the overall compression ratio at a maximum

the time constants eliminates the last vestiges of noise of about 2. Fig. 12 shows the single-tone compression
tails upon abrupt cessation of high-amplitude high-fre- characteristics of the high-level stage; spectral skewing

r NIGH-LEVELSTAGE LOW-LEVELSTAGE -'

I "- -[-_]

'1I

__ I = +_

INPUT I ' ANTtSATURATION
I " - NETWORK
I
I J I_

LOW-LEVELSTAGE HIGH-LEVELSTAGE7

I
I
I

I , SPECTRALI
COMPLEMENTAR '.1 OE-SKEW,,G--OUT= ANTISATURATION- =

NETWORK I - NETWORK_ UT

I (COMPLEMENTARY)JI
L... __j ._j

Fig. 10. Basic block diagram of C-type compressor and expander. N, and N 2 are the noise reduction networks.

RP (B) FROM
o o_ PLAY

5lA -- _C) AMP.

½COMPLEMENTARY
-- ANTISATURATION

,- ---_ NETWORK
lSa)l_z575Nz 758_ 375Mz +)dE, Ni I
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I I
I t (c)_zTC.o I
I I
L (B) L

HIGH-LEVEL STAGE LOW-LEVELSTAGE

SPECTRAL
MO_.. DE-SKEWING

NETWORK
OUT) COMPLEMENTARY

t lION

(c)o_B) NETWORK

S EW,NG
NETWOR.K _ = RECORD(B) AMP.

Fig. ! 1. Switchable record/play and B-type/C-type processor.
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is omitted for clarity. Note that the frequencies from cross-coupling of the transient components of the low-
about 1 Hz to 8 kHz include areas which have compres- level stage control signal to the control circuit of the
sion ratios in the region of 2. Thus the low-level stage high-level stage. Audible distortion under transient
must have an action area arranged to be well clear of signal conditions is thereby avoided, but some transient
these. Above and below this frequency range the spectral alterations are an unavoidable by-product on
compression ratios are generally lower, so that some some kinds of program material. Nothing is done to
overlapping of the characteristics is possible in these lower the overshoot suppression level of the low-level
ranges, stage, but this does not cause anyaudiblysignificant

Staggering is achieved by increasing the effective effects. Thus there is a certain incompatibil!ty between
amplification employed in generating the'control signal the recordings made with early (1981-1982) dual B-
of the low-level stage. As previously discussed, this type integrated circuit embodiments and the subse-
increased gain is provided partly in a fixed way and quently phased-in dedicated C-type integrated circuit
partly in a variable way, by virtue of the low-level designs (1982-). The incompatibility is in the direction
signal boosting of the high-level stage, of subjectively favoring dedicated C-type circuit re-

Fig. 13 shows the fixed and variable elements of the cordings which are decoded with early dual B-type
amplification difference used in the low-level stage of circuit adaptations: on some program material the sound
the C-type system. In the development of the system, is boosted or brightened on a transient basis; the reverse
the variable-gain component was taken as given, and combination produces a dulling effect.
the fixed-gain component was experimentally deter- In adapting the C-type design initially to the available
mined to provide the best overall fitting together of the B-type integrated circuits and generally to integrated
characteristics, circuit technology, it was also necessary to match the

For convenience and flexibility, the development of external impedances used in the variable filter to the
the C-type system was done with discrete components variable-resistance characteristics of the integrated
and FETs. However, the design was organized around circuits. The many B-type integrated circuit manufac-
the possibility that existing B-type integrated circuits turers have always had difficulties in designing and
could be used, in a dual integrated-circuit layout, during manufacturing variable resistances to function ac-

the introductory phases of the new system. Such adap- curately over a ratio of some 1000:1. Therefore, it
tations would not be ideal, but they would be useful was essential to specify C-type filter impedances which
and also generally demonstrate the capabilities of the would be as compatible as possible with such integrated
new system until dedicated C-type integrated circuits circuit resistance characteristics, especially bearing in
could be developed and introduced. Interim perform- mind the increased requirements of the C-type circuit.
ance compromises would include higher circuit noise, Referring to Fig. 11 and references [1] and [2], the
incorrect overshoot-suppression levels, and an extension fixed filter is simply a series capacitor and shunt resistor;
of the operating conditions of the variable resistance there is no problem with this stage. The variable filter
elements into ranges not originally designed or specified is a series-connected parallel combination of a resistor
in B-type integrated circuits (resistances a factor of 2 R and a capacitor C (with a turnover frequency of l/2_x
higher than those normally used, together with those RC) which is shunted by the variable-resistance Rv:
a factor of 2 lower), this combinationprovides a variable shelf characteristic.

To compensate for incorrect overshoot-suppression In the B-type circuit there is a one-octave difference
level in the high-level stage, the dual B-type integrated between the turnover frequencies of the two sections
circuit versions of the C-type system have included (1500 and 750 Hz), which yields a quasi two-pole filter

........_.,_ _ ----,--'- '--'"--- _,..___ I _ ITOTA_
....------_ IOdB '_ m

_ - ID +20

·"""--,--.. _. × ,., vVvx/.

_. .___ _."_...--:r'__ -_ -2o _ ' +lo

J } _J _ - :50 020 50 IOO zoo _,oo Jooo 2000 5000 IOOOO20k
2o so ioo zoo soo Jooo 2ooo 5000 _oooo 2ok

FREQUENCY(Hz')

FREQUENCY(Hz) Fig. 13. Control-circuit amplification difference between high-
level stage and low-level stage. The low-level stage has a

Fig. 12. Input-output characteristics of high-level stage only, fixed gain increase which is augmented by a variable increase
without spectral skewing, causedbythe signal-processingactionof the high-levelstage.
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with a more steeply rising noise reduction characteristic 6 PERFORMANCE

in the presence of signals than a simple single-pole 6.1 Characteristic Curves
filter might provide.

In lowering the fixed filter cutoff frequency in the Fig. 14 shows the overall input-output transfer char-

C-type circuitby two octaves; the available integrated acteristic of the C-type compressor at 1 kHz. The high-
circuit characteristics made it seem unlikely that the level stage by itself is also shown, in order to dem-

variable-filter turnover frequency could be lowered by onstrate how the actions of the two stages blend together
a similar amount. For this reason, and a further reason without increasing the maximum compression ratio.
to be discussed, the variable-filter turnover frequency In Fig. 15 the overall single-tone compression char-
was lowered by only one octave (to 375 Hz). acteristics can be seen. The reduced drive to the tape

The component values used in the variable filter are at ,v.ery high frequencies and high levels significantly
a compromise which stretches the capability of Rv at extends the frequency response which can be obtained
both ends of the range, regarding limiting values and routinely. High-frequency distortion under test and real
their repeatability, as well as repeatability within the signal conditions is also notably reduced.
range (especially at high resistances). Attention in
dedicated C-type integrated circuit designs has been

directed to these matters. INPUT LEVEL (dB)
Using the same turnover frequency (375 Hz) for the %0 -40 -20

fixed and variable sections causes this particular filter
configuration to perform in the same manner as a single-
pole variable filter. 2 Replacement of the combination
with a single-pole filter saves a resistor and a capacitor;
thissavingcanberealizedin thelow-levelstage,which
does not have to be switchable to B-type operation. -20

Theperformancelimitationsof availableintegrated >circuitvariableresistancesthuswasoneconsideration ,_
....3

in selecting a C-type filter arrangement which, by itself,
i..-

is not as efficient as the filter of the B-type circuit with -40 _=
respectto noise modulation.However,the steepness _-
compoundingeffectof the two-stagearrangementused o
in the C-type system more than compensates. The re-
sulting noise modulation margin of safety, while not
quite that of the B-typesystem, is adequate, if not -60
good, on nearly all program material, especially taking 1k_z
into account the lower real noise level achieved in the

presence of signals.
Even if available integrated circuit characteristics Fig. 14. Input-output transfer characteristic of C-type com-

had made it possible [o lower the variable-filter turnover pressor at 1 kHz. High-level stage also shown.
frequency by a full two octaves to retain quasi two-
pole performance in each stage, it is unlikely that such [

a choice would have been made. Throughout the de- -_.J

velopment, the midband modulation effect, transposed + l0d_ _ _ +_0
two octaves lower than in the B-type system, was a

hazardbornein mindat least as muchas noise mod- 0 0d_
ulation (thereby stimulating the development of the _"'-"-'_1 _
spectral skewing technique). It is inevitable that a - -10

_ '--'-"- -- -10

steeply rising noise reduction characteristic (in each _ -zo __'""_
stage)resultsin a greatersusceptibilityto the midband _ '_- _

-30modulation.effect. Even with the advantages afforded - -4_ d ?,__ -z0

by spectralskewing,it wouldbe difficultto predictall __ }
thepossibilitiesforerrorin themassproductionof C- f--

type machines and prerecorded tapes. Thus it is to be / -40
hoped that the modest filter characteristics used in the f
C-type system will in due course prove to have been a
gooddesigncompromise. -so

_J/
--_ -60

zo 50 Joo 200 500 I000 2000 50oo I0000 20k Hz

FREQUENCY(Nz)
2Thanks are due to the audio group at Sony Corporation

forpointingthisout. Fig. 15.C-typecompressioncharacteristics.
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The corresponding expansion curves are given in be boosted. The complementary attenuation provided
Fig. 16. While the curves of Fig. 15 and 16 do not by the expander then produces whatever real noise re-
appear to be symmetrical, or complementary, it should duction action is possible under those signal conditions.
be noted that the expander is normally not fed by an The curves of Fig. 18 were obtained by mixing a
unprocessed signal; rather it is always supplied with a sweeping probe tone at a level of -65 dB into the
signal from the output of a compressor. Consideration compressor input signal and detecting the tone at the
of these curves will show that the expander characteristic output with a tracking wave analyzer.
restores the compressed signal to its original state. Fig. 19 shows the operation of the compressor in
Reference to Eq. (4) shows that the restoration is the- response to a 500 Hz signal over a range of levels; the
oretically exact in all respects: frequency response, corresponding expander characteristic is given in Fig.

phase, and dynamic properties. This ideal can be 20. The compressor and expander progressively slide
achieved in practice to any extent desired in the tol- the frequency band upwards with increasing signal
erancing and matching of components and operating levels; the masking effect, working in cooperation with
conditions. However, from Figs. 14 and 15 it should the expander, creates the overall illusion of a low, vir-
be noted that the maximum compression ratio of the tually unchanging noise level.
C-type system prevails over a significantly greater range
of amplitudes and frequencies than in the B-type system.
For optimal reproduction it is thus essential to maintain
high standardsof tape recordergain setting and fre- 60MPRE$SOR_- i _, +20

In Fig. 17 the sub-threshold frequency responses of
the compressor and expander are shown. The expander

curve determinesthe maximumnoisereduction effect I
of the system,whichis obtainedwithnosignalinput.

Thepresenceof signalsreducesthe noisereduction /
effect attributable to compression and expansion. /'f

However, this real noise reduction merges into the J OVERALL
subjective noise reduction provided by the masking -_ 0dB

effect, on which all compressor/expander noise reduc- _ I
tion systemsdepend.Fig. 18 showsthe effecton the _ N, [
noise reductionfrequencyband of severaldifferent _ _

frequenciesappliedat a highsignallevel, in thiscase Xx __

at the nominalmaximumlevel of the system,0 dB I _ _

(referencelevel). It is, of course,impermissibleto
boost a signal at such a high level, so the band slides

upwards to eliminate the boosting action Low-level
, - 20

signal components at higher frequencies continue to EXPANDEI_
/

ZO :50 100 200 500 t000 7.000 5000 10000 20k Hz

FR[QUEt4CY {t4z)

+10 _ /
i *10 Fig 17. Low-level (sub-threshold) frequency response of C-

_-- type compressor and expander

odB _ OdB

__ +20 dB-io

-" +30

J'^
-50

_' _ -'-'"' ZO 200 2000 20000 Hz

·-....._ - 40 _ - 60 FREQUENCY(Hz)
20 50 I00 200 54)0 I000 2000 SO0O I0000 20k Hz

FREQUENCY(Hz) Fig. 18. Sliding band action of compressor in response to
high-level (0 dB) signals at the frequencies shown ( -65 dB

Fig. 16. C-type expansion characteristics, probe tone).
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Figs. 12-20 have shown the response to a single tone the original input signal. The compatibility of this or
or to the simulation of a dominant signal together with that kind of C-type encoded program material (with B-
other signals at much lower levels. Often, however, type reproduction, or with a tone control, or with noth-
the signal will comprise a complex combination of fre- ing) is a matter of opinion. It may well be possible
quencies and levels. The action of the spectral skewing that the single-inventory producti6ri of certain types
network in tilting or altering the spectrum of very of C-type recordings or signal sources is workable·
high,frequency signals-has been-discussed. A similar, However, in relation to the various potential applications
but variable, type of skewing action affecting the op- and markets, this matter must be judged on a case-by-
eration of the system also takes place at lower fre- case basis.
quencies, by virtue of the two-stage sliding band layout.
With complex input signals the high-level stage alters 7 CONCLUSION
the spectral content of the signal. Thus the low-level
stage is actuated by a signal which is not only different A new high-performance noise reduction system,
in level but different in spectral balance. This has the designated C-type, has been developed for consumer
tendency of spectrally spreading out the chance for applications. Primarily designed for use with cassette
error in the decoding function. If the high-level stage tapes, the system is switchable between the B-type and
is controlled by signal components in a certain frequency C-type modes.

The new system avoids many of the problems as-range, then the low-level stage will tend to be controlled
sociated with large amounts of dynamic action through

by signal components somewhat higher in frequency, the use of a dual-level staggered action arrangement
Thus the spectral shifting effect reduces the overall
dynamic and frequency response errors of the decoded of series-connected compressors and expanders. Specific
result when the tape recorder has an uneven frequency problems relating to cassette recording are addressed:

an antisaturation method extends useful high-level high-
response, frequencyresponseandreduces distortion, anda tech-

nique called spectral skewing further reduces saturation
6.2 Compatibility

In the design of the B-type system, the subjective
acceptability of encoded recordings when used with

conventional players was a matter of some concern; +20d8

the dual invent°Fy pr°ducti°n °f cassettes was n°t judged ,_?.__to be commercially feasible. Thus the B-type system

representsathree-waybalanceof: 1) operatingchar- _li' __v i..._- _

acteristics which are practical, economical, and tech-
nically safe in implementation,2) a noisereduction +a0
effect which is sufficient to be acknowledged as useful,
and 3) an amount and type of dynamic action which

could be judged as "compatible" on simple players.
Theconditionsrelatingtothe developmentoftheC- 0

20 200 2000 20000 Hz
type system were somewhat different. For one thing,
the majority of listeners were already adequately catered FR[OUEHCYIHt)
to with the B-type system, which gave greater latitude
in the design of the new system. At least in the begin- Fig. 19. Sliding band operation of C-type compressor with

500 Hz signals at the levels indicated (-65 dB probe tone).
ning, the C-type system would be an audiophile or
critical listener system. Therefore the main consider-
ation had to be the provision of a usefully increased

amount of noise reduction without provoking undesir- _
able side effects under full encode/decode conditions, J c_· L

taking into account the strengths and deficiencies of [ _-._-_ _ 0dBpractical production model tape recorders and tapes.

Thus no specific design concessions were made to the '_ _ _O_issue of Compatibility (except to the further consid- dB \\\ Xi

eration of providing a circuit which would be B-C \\' X.' -10
switchable). However, a certain compatibility happens
to be auseful by-product of the design philosophy used

in producingthese noise reductionsystems, namely, -20
that the best treatment of the signal is the least treatment. 2O 200 Z000 20000 nz
If the action of the syste m is constrained to the bare
minimum, with respect to the signal levels handled and FR[QUENCY(.z_

the frequency ranges covered, then an inevitable con- Fig. 20. Sliding band operation of expander with 500 Hz
sequence is that the bulk of the encoded signal is simply signal at the levels indicated ( -45 dB probe tone).
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A NEW ANALOG RECORDING PROCESS FOR USE WITH
CONSUMER RECORDING FORMATS

Stan Cossette
Dolby Laboratories, Inc.

San Francisco, California 94103

Abstract

A new analog recording process intended for use with
consumer recording formats is described. The process,
designated S-type, uses compression during recording and
complimentary expansion during playback to increase the
dynamic range of the recording system. The resulting
system provides up to 24 dB of noise reduction above
400 Hz and up to 10 dB of noise reduction below 200 Hz.
Design goals for the new process are discussed and
performance results are presented. Performance
improvements of the new recording system when applied to
the compact cassette format are presented as well.

1. Introduction

The Spectral Recording process was introduced by Dolby Laboratories in
1986 and has found great acceptance in professional format recording and
transmission. Shortly after its introduction, requests were received for a
consumer version of the process. Since the Spectral Recording (SR) process
circuitry involves some 1,600 components as well as an extensive alignment
procedure, it was not clear whether this request could be met. It was also
questionable whether the resulting circuit would be inexpensive enough to
allow widespread consumer use.

The initial experiments were conducted using modified SR circuits and gave us
encouragement to continue. From our past experience with consumer noise
reduction systems we compiled a list of required performance attributes for the
new system.

1. Dynamic range improvement of consumer recording formats allowing
subjectively noise and distortion-free reproduction at normal listening
levels.

2. Low noise modulation.

3. Tolerance to record/play-path level and frequency response errors.
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4. Subjectively good results when improperlydecoding encoded program
material.

5. The resultingsystemmustbe inexpensive(mustbe lC-based).

Design of the new system involved the use of psychoacoustic principles,
computermodeling,andadvancedanalog integratedcircuittechniques.

The resultingsignalprocessor,labeledS-type,is an attempt at realizingthese
goals. The processorinvolvesthe use of well knowncompandingtechniques
whereby the useful dynamic range of a recording device is increased by
compressing the signal before recording and expanding the signal in a
complementarymannerduringplayback. The expansionprocessrestoresthe
inputsignal dynamic range and suppresses Iow-levelartifacts added by the
recordingprocess such as noise and distortion, The S-type encoder uses 5
compressorstages to separatelytreatsignals of different level and frequency.
For high level signals, the encoder acts as a passive filter stage which
attenuates signals at the audio frequency extremes thereby increasing
headroom. Low-level signals are boosted by up to 24 dB by the encoder
which leadsto up to 24 dB of noisereductionduringdecoding.

2. Principles of Design

2.1 Least treatment

S-type employsan importantdesignprinciple,expressedby R. M, Dolbyin his
reporton SR as the principleof leasttreatment[1]. Thisprinciple,appliedto an
encoderdesign,can be illustratedas follows: Take the case of a simplesine
wave signal at frequency Fl. While the signal is at Iow levels, the encoder
simply providesconstant signal boost. As the signal increases in level, the
encoder boost must be reduced at that frequencyto prevent overloadingof
the recordingmedium. Figure 1 showsa simplecompressorresponsein the
presence of a high-level signal. In the simple compressor the boost at all
frequencieshas been modifiedor "treated"due to the presence of this tone.
The premise of the least treatment principle is that there is great benefit in
applyingsignaltreatmentonly when andwhere necessary. Figure2 showsa
compressorresponsewhich morecloselyadheresto this principle.

The benefits of applying this principleare many and take on different forms
depending on whether one is discussing encoder or decoder performance.
The benefits to an encoder are that it results in a very dense, compressed
signal which is relatively free from negativeside-effects normallyassociated
with such compression. Normally, the most objectionable side-effect of
compression is the level-modulationof one part of the spectrumby another,
more dominant, part of the spectrum. Application of the least treatment
principleminimizesthis effect. Anotherbenefit is thatsignals encoded in this
way are "easy" to decode. This is due to the spectrally-independent



compressionwhich makes errors in one part of the spectrum less likely to
affect signal levels in other parts of the spectrum.

To appreciatethe benefitsas applied to a decoderone must think now of the
complement of the action describedfor an encoder. That is, a decoder will
attenuateor suppressnon-dominantsignals as much as possible. In a typical
record path, these signals includenoise, print through,distortion harmonics,
modulation noise,and hum. Therefore a decoder that follows this principle
shouldprovidea steadynoisefloor evenin thepresenceof signals.

The results of designing a compandor according to this principle are Iow
distortion, Iow noisemodulation,and excellenttoleranceto level or frequency
responseerrors in the recordingor transmissionchannel. Furthermore when
there are errors during decoding, due to errors in the recording path or
perhaps due to improper decoding (using another, similar process), the
program material remains quite pleasant and relatively free from audible
artifacts. In these cases, careful comparison to the original source material
would reveal a differencebut without this comparisonitis unlikely a problem
wouldbe noticed. This claim,of course,dependson manyfactorssuch as the
nature of the error, the type of program material,training of the listener and
type of decoding used. However,this claim is basedupon extensivelistening
testsusing manydifferenttypesof sourcematerialdecodedin the presenceof
common errors which were known to cause problems with previous
compandingsystems.

2.2 Bilinear Compression

Whilethe goal of least treatmentis easilyvisualized,its attainment,especially
under economic constraints, is difficult. The S-type recording process
achieves its performance by borrowing and modifying some of the circuit
techniques used in previous noise reductionprocessorsdevelopedby Dolby
Laboratories.The circuit usesdynamicsignalprocessinginsignalside-chains
which are summed with a passive main path (see figure 3). This puts less
performance demands on the side-chain itself since its effect will be
increasinglydiluted as signal levelsincrease. Thisallowsa morecost effective
design. It also allows abilinear compressioneffect to be achievedwhich has
many advantages[2-3]. A bilinearcompressorprovidescompressionover a
limitedrangeof input levels. Outsidethis rangeit has fixedgainor attenuation.
Furthermore, the processor uses two staggered-actionbilinear stages to
achieve the requiredcompression. This allows increasedcompressioneffect
(boost) to occurwithout increasednegativeeffectsfromthe side-chain.

Figure4 showsthe responseof the compressorof figure3 to a fixed frequency
signalwhichis swept in levelfrom -60dB to +10dB. Byplottingtheoutput level
of the compressor versus input level, the bilinear characteristics can be
illustrated. At Iow inputsignal levelsthe compressorprovidesa fixed 10dB of
boost. At a certain level,the side chainoutputbegins to fall. This is knownas
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the compressorthreshold. As the side chainoutputcontinuesto fall, a point is
reachedsuch that the sidechaincontributionisan insignificationfractionof the
compositeoutput. This is markedon the graph as the finishingpoint. As the
input signal is increased above the finishing point, the compressor curve
becomes linear again with a gain of 0 dB. The region betweenthe threshold
and the finishingpoint is called the compressionor "active" region. The side
chain output is shown at the point V2 to illustrate how the side chain output
beCOmesa very smallfractionof thecompositeoutputsignal at high levels. 0
dB on the chart is known as the processor reference level. Since the
compression effect is dependent upon signal level, a complementary
expandormustbecalibratedto this referencelevel.

2.3 ActionSubstitution

The S-type process uses techniques known as action substitution and
modulationcontrol to further improve _tsperformance. As described in the
paperby R. M. Dolby [1],actionsubstitutionis a wayof combining a fixedand
sliding band such that the advantages of each is retained while the
disadvantagesare minimized.

Figure5 shows a familyof curvesthat representthe responseof a fixed band
compressor. The compressoris intendedto treat frequenciesabove 400 Hz.
Each response curve shows the compressor gain in the presence of a signal of
a differentlevel. As the signallevel increases the compressorgaindecreases.
It can beseen that the characteristicof a fixedband is that it providesthe same
amount of boost throughout its passband. Unfortunately,_tfollows that any
signals within the bandthat requirereductionof this boost will cause loss of
boost for the entireband (hencethe problemwitha widebandcompandor).

A sliding-bandcompressorwill slide in responseto a dominantsignal untilthe
boost is correct at the dominant signal frequency. Figure 6 shows the
response of such a compressor to a signal which is increasing in level or
frequency. The quiescentor "nosignal" responseis identicalto thefixed band
compressor of figure 5. Its response in the presence of signals is quite
different, however. The fourth response curve from the left represents a
reasonableresponseto a highlevel,500 Hz signalbecausethere is nogain at
500 Hz. On this same responsecurve, however,there is 11 dB ofgain at 10
kHz. It can be seen from figure 6 that a high-frequency sliding band
compressor provides boost primarily at frequencies above the dominant
signal.

Figure 7 shows the block diagramof an action substitutioncompressor. The
outputsignalcan be expressedas:

V3(s)= Vi(s)[Hi(s)+ H2(s)- Hl(s)H2(s)]



-5-

In this type of compressor, the greater output of either stage dominates and
the resultant response is effectively improved over either stage alone. Figure
8 shows the response of a fixed and sliding band combined in this manner.
Note that the high frequency boost has been improved over that of the fixed
band alone, while the midrange boost has been increased over that provided
by the sliding band alone.

In the S-type process, a Iow-pass filter is added at the fixed band output. This
allows a significant amount of midrange boost to occur in the presence of
dominant high frequencies. This filter also minimizes the effect of very high
frequencies, which are the most difficult to reproduce, on the attenuation of the
fixed band. This in turn provides the circuit with more resistance to high
frequency response errors during playback (see figure 9). Use of action
substitution provides a very frequency-selective compression effect in a very
cost effective manner.

2.4 Modulation Control

Modulation control, introduced in the Spectral Recording process, is also used
in the S-type process to minimize the effect that high level signals have on the
compressors. Modulation control takes advantage of the side-chain/main-
path configuration in that once the amount of attenuation required in the side-
chain is attained, no further attenuation is necessary. This requires that the
control signal depart from its normal, directly proportional, relationship with the
compressor output signal. This is accomplished by creating modulation
control signals which oppose the control signals under proper conditions.

Figure 10 shows a family of response curves for a high frequency fixed band
compressor in the presence of a 100 Hz tone. The number associated with
each curve indicates the level of 100 Hz tone which produces the response
shown. In figure lOa note that the compressor gain has been reduced to only
I dB at I kHz due to the presence of a +20 dB, 100 Hz tone. When modulation
control is added, the same compressor provides 5 dB of gain at 1 kHz under
the same condition (see figure lob).

Figure 11 shows a family of response curves for a high-frequency sliding band
compressor in the presence of a 100 Hz tone. The level of the 100 Hz tone is
indicated on each resultant response. Without modulation control, the band
continues to slide even after the gain at 1O0 Hz has been reduced to 0 dB (see
figure 1la). This results in a gain of only 4.5 dB at 1 kHz in the presence of a
20 dB tone. Figure 1lb shows an improvement in the gain at 1 kHz under the
same condition to 8.5 dB. By reducing the amount of gain reduction, or
modulation, that a compressor proauces in response to a signal, the goal of
least treatment is more closely attained.
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2.5 Anti-Saturationand SpectralSkewing

These techniqueswere introducedin the C-type process [3]. Anti-Saturation
provides attenuationfor high-levelsignals at the extremesof the audio band
which reduces the chance of overloadingthe medium. Spectral skewing is
also provided at the audio frequency extremes and desensitizes the
compressorsto signalsat thesefrequencies. This meansthat the compressor
action will be controlled by the area of the spectrum which is most reliably
reproduced.

The S-type processoruses two stages of high-frequencyanti-saturationand
spectral skewing. This has the disadvantageof requiringmore components
but has the advantage of reducing high frequency compressionratios and
desensitizingthecircuit to signalsabovetheaudio range.

3. Circuit Block Description

The signal processingaspects of S-typecan be understoodby examiningthe
block diagrams. In these diagrams, only the major elements are shown.
Practicalelementssuchas signalbuffering,gain, attenuationand D.C.biasing
circuitryare omittedto enhanceclarity.

3.1 The S-typeProcessor

The S-type processorblock diagram is shownin figure 12. The processor is
designedso thata decodercanbe createdby simplyputtingan encoderin the
feedback path of a high gain amplifier. This assurescomplimentarityas can
be seen by the compandortransferfunction.

Hc(s)--He(s) Ha(s)

Hd(S)= 1 _ 1 (forA _ oo)
1/A+ He(s) He(s)

so

Hc(s) = 1 (for large A)

where: He(s)= Encodertransfer function
Hd(s) - Decoder transfer function
A = Amplifiergain

Considerthe case where S1 is in the encodeposition. The signal first passes
through the high-levelstage which providesup to 10dB of boost for signals
below 200 Hz and up to 12 dB of boostfor signalsabove 400 Hz. There are
three compressors in the side chain: the Iow-frequencyfixed band (LF/FB),
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the high-frequencyfixed band (HF/FB) and the high-frequencysliding band.
(HF/SB). The HF/FBand HF/SBare combinedto form an actaon-substitution
compressor. The mainpathof the high levelstage containsthe anti-saturation
filterwhich hasthe characteristicshownby its block. The side chainsignal is
amplifiedand summed withthe mainpath signal to form the high-levelstage
output.

The Iow-level stage providesan additional 12dB of boost for signals above
400 Hz. The side chain containsa fixed-bandand sliding-bandcompressor
in an action-substitutionconfiguration. The main path includes the Iow-level
antisaturation network which is a simple Iow-pass shelf with the characteristics
shown. The side chain signal is amplifiedand summed with the main path
signalto form the Iow-levelstageand encoderoutput.

The encoder output is fed to the modulationcontrol (MC) block where four
controlsignalsare created. MC1is fed in oppositionto thesliding-bandcontrol
signal. MC2 is fed in opposition to the sliding-bandovershoot suppression
signal. MC3 andMC4 are fed in oppositionto the steady-stateand overshoot
suppression control signals in the high-frequency and Iow-frequency fixed
bandstages respectively.

3.2 High Frequency Stage

There are two high-frequencystages in the S-type side chain: the high-level,
high-frequencystage and the Iow-level,high-frequencystage. The Iow-level
stageprovides compression(or expansion)for signals roughly in the range of
-60 dB to -30 dB. Signals above this range receive a fixed, frequency-
dependent attenuation from this stage. The high-level stage acts as a
compressor(or expander) for signals roughly between -30 dB and 0 dB.
Signalsoutsidethis range receivea fixed gainor attenuation.

Exceptfor the levels at which they operate,the stages are so similar that their
operatingprinciplescan be describedas if they were identical. Inthe following
block diagram description, the stages will be treated as one except where
noted. The highfrequencystage blockdiagramis shownin figure 13and has
two main sub-stages, the fixed-band compressor and the sliding band
compressor. Eachsub-stagecan be subdividedintoan audio signalpath and
a control signal path.

3.2.1 The Audio SignalPath

The input to the stage first passes through a band-definingfilter with corner
frequenciesat 400 Hz and 12.8kHz. The filter slopes are 6 dB per octave
except in the LLS where the Iow-passfilter has a 12dB/octave slope. The
high-passfilter defines the operating frequencyband for the stage, while the
Iow- pass filters keep the operation within the audio band and provide a
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spectralskewingeffect for highaudio frequenciesas well as desensitizingthe
controlcircuitsto super-audiofrequencies.

The filter output is fed to the inputof the fixed and sliding band compressors
whichare connectedin an action-substitutionconfiguration. The outputof the
sliding band thereforerepresentsthe stage output. The high-frequencyfixed
bandstage (HF/FB)acts as a variableattenuatorwhoseattenuationincreases
with increasingsignallevel. The high-frequencysliding band (HF/SB)acts as
a variable single-pole, high-pass shelf whose corner frequency rises with
increasingcontrolsignal. The stopbandattenuationof the slidingband fallsat
6 dB per octave down to 200Hz. The fixed band output is fed to a Iow-pass
shelfwith corner frequenciesof 3.2 kHz and 12.8kHz. This filterdesensitizes
the fixed band compressor to very high audio frequencies which allows the
compressor to provide mid-frequency signal boost even in the presence of
relativelyhigh-level,high frequencies.

3.2.2 The Fixed-BandControlSignalPath

As previouslymentioned,the amountof attenuationin the fixed band and the
amountof "slide"of the sliding band increasesas the magnitudeof the control
signalincreasesin eachband.

Given this relationship, it is interesting to note that if the principle of least
treatment is applied to each compressorcircuit, it results in a desire to keep
the control signal at the minimum possible value at all times. It is useful to
analyze the control paths from th_spoint of view and may help to further
explainsome of the circuitfunctions.

The controlpath signalfor the HF/FBis taken fromthe HF/FBoutput. It is first
high-passfiltered to desensitizethe control path to out-of-band signals. The
signal is then split into two paths, the main rectifier path and the passband
rectifier path. The main rectifier path full-wave rectifies the signal and
subtractsthe results from MC3(also full-wave-rectified).After subtraction,the
signal is fed to one inputof the maximumselectorcircuit,whose output is the
greater of its two inputs. The passband rectifier path is similar to the main
rectifier path except it is high-pass filtered and is not subtracted from MC3.
The passband rectifier is requiredfor complexsignal conditions which would
result in a large MC3 signal. Underthese conditions,it is necessaryto create
anothercontro! path signalwhich can still providethe ap..propriateattenuation
for signals within the band. The 800 Hz high-pass filter at the passband
rectifier inputprovides the appropriatefrequencyweightingto insurethat only
signals substantially,above the high frequency stage corner frequency of
400 Hz are used to determinethe correct attenuation.

The output of the maximumselector is passed through two integratorstages
with time constants of 8 ms and 160ms respectively. The dual integrator
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dProvidesa well-smoothed control signal which in turn keeps modulation
istortion at very Iow levels.

After integration, the signal is passed to the non-linear stage which determines
the control voltage vs. attenuation characteristics. In the fixed bands an
exponential law was chosen of the form:

VIn - Vos
Vout = exp ( Vt )

where: Vos = scaling constant

Vt =_- =,26mY (at 300°K)

This law provides three advantages in the design of a fixed-band compressor.

aL It has a slow, smooth onset of compression. This is valuable in
controlling compandor errors due to level mismatching.

b. The compression ratio rises with input level. This allows for a well-
defined finishing point and allows the threshold to be as high as possible.

The term Vos allows the shape of the curve to be changed to provide
excellent staggered stage combining.

3.2.3 Transient Signal Handling

The previous paragraphs describe the operation of the circuit under steady-
state or slowly changing conditions. When the input signal changes level
rapidly by 10 dB or more, there is a lag in the response of the integrators and
the overshoot suppression (O/S) circuit begins to act. This circuit operates
very much like a diode which can directly charge the final integrating capacitor.
This diode will conduct whenever the peak voltage at _ts anode rises
sufficiently above the integrated average on the second integrating capacitor.
This threshold behavior has two advantages:

1. It prevents the O/S from operating on slowly changing signals or signals
which exhibit small, rapid changes that would not lead to much
overshoot.

2. Due to the fact that its conduction is based on the voltage across it, the
circuit will respond more aggressively to high-level transients than Iow-
level transients.



-10-

MC3is fed in oppositionto the O/S signal so that the resultantO/S will track
the behaviorof themain rectifierpath.

For large signalswhich havea rapiddecay, a conditioncould exist wherethe
attenuationof the band remainsexcessivelyhighfor tens of millisecondsafter
the cessationof the signal. To preventthis,a fast recoverydiode is connected
to dischargethe second integratingcapacitorto thefaster decayingvoltageof
the first integrating capacitor. Again, the threshold behavior of the diode
causesit to conductonly duringvery largetransients.
3.2.4 The SlidingBandControlPath

The HF/SB control is taken from the high frequencystage output. Sincethe
stage output is the combined fixed and sliding band output, a portion of the
HF/FBoutputsignalis subtractedfromthe controlpath input. This subtraction
raises the sliding band threshold,as long as the HF/FB output is not greatly
attenuated, which is helpful in controlling the circuit's sensitivity to high
frequencynoise. This causes the HF/SB control signal to be proportionalto
the signalacrossthe HF/SBvariableresistorratherthanthe stage output.

After subtraction,thesignal passesthrougha single-polehigh-passfilter. This
filter basically determineshow the HF/SB corner frequencyvaries with input
frequency. The corner frequency of this filter is a trade off between high
frequency attenuation vs. excessive sensitivity to super-audio signals.

The signalthen passes througha full wave rectifier,is opposed by'MC1,and
then onto two stages of integration. A singlecontrolpath sufficesin thesliding
band because,unlikethe HF/FB,there is nofixed, definablepassband. Also,
there is a fundamentaldifference in the way in which SB modulationcontrol
operatesvs. FBmodulationcontrol.

The non-linearcontrolelementin the HF/SBis a fixed powerlawdescribedby:

Your = KVin n

where: n ---powerlaw
k scaling constant

This is preferablefor a sliding band stage because the compressionratio is
constant with frequency.

There are two O/S signals in the HF/SB,the primaryO/S and the secondary
O/S. The primaryO/S signal is derived from the main rectifieroutputwhich is
opposedby a smoothedversionof MC1 called MC2. It is necessaryto use a
smoothed modulation control signal in order to provide a reliable bucking
effect. The secondaryO/S signal is derived fromthe HF/FBO/S output. This
signalis usedto improvethe O/S effectfor signals in the 200- 800Hz region.
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3.3 Low FrequencyStage

The Iow frequencystage block diagram (see figure 14) is very similar to the
high frequencyfixed band (HF/FB). The audio path is simply comprisedof a
singlepole,200 Hz, Iow-passfilter followedby a variableattenuator. As in the
HF/FB, the attenuator is such that its attenuation increases as the control
signal increases.

The controlpath input is again taken from the compressorstage output. The
signal is first passedthrough a Iow-passfilter to further desensitizeit to high
frequencies. The signal is then split into mainand passbandrectifierstages.
MC4 is used to oppose the main rectifier signal. The control signal is again
smoothedby a double integratorwith somewhat longer time constants tllan
the HF/FB stage. An exponential control law is used and provides the
advantagesdescribedfor the HF/FB. The O/S circuitswork in a mannervery
similarto those in the HF/FBand requireno furtherexplanation.

3.4 ModulationControl

The modulationcontrolcircuits,shown in figure 15,are fed from the encoder
output. The filterblocksshownwereempiricallyfound to producethe required
effect. The rectifiersare full wave rectifiers. The circuitoutputsare fed to the
destinationsnotedon the righthandside of the diagram.

4. Processor Performance

4.1 EncoderResponse

There are a numberof ways to characterizethe performanceof a compressor.
The simplest way is to measure its output responsewhen given a constant
level,sweptfrequencysine waveinput. It is usefulto producea seriesof these
response sweeps over a range of input levels. This type of measurement
revealshowthe processorrespondsto signalsof a given frequencyand level.
The results are useful for estimating the amount of boost or attenuation
steady-statesignalswill receiveduringencoding. Compressionratios can be
observedby lookingat the curvesas well. Verticalspacingof adjacentsweeps
is directly related to compressionratio. Since the input signal was varied in
10 dB steps, a spacing of 10 dB in the output curves indicates no
compressionwhile curves spaced5 dB apart indicate a compressionratio of
2:1. See figure16.
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4.2 Compression Ratio Versus Level

A better way of examining the compression ratio of the encoder is to apply a
fixed frequency, swept level sine wave as the input. This type of response was
illustrated in figure 3, Compression ratio is defined as:

., AVin(dB)
Compression Hallo -- AVout (dB)

where: AVin(dB) = A specified change in input level in decibels
AVout(dB) = The change in output level in dB due to AVin (dB)

This can be easily calculated from the results of a fixed-frequency level sweep.
The results can be plotted versus the input or output level.

It is important to recognize that proper operation of a compandor system is
dependent upon the hnearity of the recording medium. An advantage of the
bihnear compression characteristic is that it only requires that the medium be
linear over the signal range that is being actively processed. Outside this
active range, no compression is taking place so non-linearity of the medium
does not lead to further errors. One goal of the design of the S-type system
was to control this active range to be below the hmits of linearity of the
recording medium and above the noise floor. In order to examine the
processor's performance in this respect, it is most useful to plot the
compression ratio versus the output level since this is the level which will be
recorded.

FigL_re17 shows this type of plot for an S-type encoder at several frequencies.
Compression ratios below 1.2:1 can be considered essentially linear (no
compression). The results reveal that compression starts in the -40 dB to
-30 dB re,lion and ends in the -10 dB to 0 dB region. Note also that the 1 kHz
compression ratio curve becomes linear at a higher level than the lower or
higher frequency compression ratio curves. This corresponds well to the
headroom characteristics of consumer formats (see figure 22). The 0 dB
processor output level is defined to correspond to a reference recorded
fiuxuity of a given format. The highest compression ratios are confined to a
small output level region where all consumer formats are quite linear.

4.3 Noise Reduction Effect Versus Frequency

At signal levels below threshold the compressor provides a fixed, frequency-
dependent boost and the decoder provides a complementary attenuation. By
examining the Iow-level boost of the encoder, a noise-reduction effect versus
frequency plot can be created. This is shown in figure 18.
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4.4 Response to Non-Dominant Signals

The previous performance graphs show the response of the processor to
dominant signals at the frequency of the dominant signal. This does not
indicate the response of the system to Iow-level, non-dominant signals. This
can be examined by summing two si.gnalsand applying them to the processor,
one which is above threshold and is hxed in level and frequency and one which
is below threshold and fixed in level but swept in frequency. By examining the
output versus frequency and rejecting the dominant signal, the non-dominant
signal boost characteristics are revealed. In figure 19 the results are displayed
in a manner which shows the relative gain received by the sub-threshold
signal. A family of curves illustrates how the characteristics change as the
fixed-frequency signal level changes. Each curve is labelled with the level of
the fixed frequency signal. Note that while encoder boost is lost near the
dominant signal, it is retained at other frequencies. This illustrates the
application of the least treatment principle.

4.5 Computer Model

Because the S-type process is based on simple transfer functions which are
easy to implement with conventional analog technology, it is possible to define
the steady-state transfer function and predict its response. A mathematical
model for an S-type encoder has been constructed and is being used as a
reference to predactcircuit performance. The model was written in C language
and can simulate a theoretically perfect processor. Both dominant and non-
dominant signal responses can be examined. Discrete and integrated circuit
performance has been found to match the model perfectly to the extent that
the circuitry performs according to its design equations. We have chosen to
define the steady-state response of the S-type process as the result obtained
from this model. All graphs of processor performance in this section were
generated using this model.

5. Compandor Performance with the Cassette Recording Format

While the S-type process was not designed solely for cassette recording, it is
useful to examine its effect on this common format. In this way, some of the
improvements that have been previously discussed can be quantified and
their benefits illustrated. The cassette deck used for the following tests was a
good quality, 3 head deck equipped with Dolby HX. The tape used was IEC
type IV (metal) and the deck was aligned to have a flat frequency response
(_+1.0dB) with this tape. Playback sensitivity was adjusted so that 200nWb/m
fluxivity played back at processor reference level (0 dB). Record sensitivity
was adjusted so that encoder reference level was recorded at 200nWb/m.
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5.1 HeadroomImprovementfrom Anti-Saturation

The headroomof a recordingformatis oftendefinedas a level which produces
a certain amount of 3rd harmonic or total harmonic distortion. This
measurement is really only useful for frequencies up to about 6 kHz since
above this frequency the 3rd harmonic will not be reproduced. Another
method is to measurethe input level at which the output level falls below the
input level by a certainamount. This measurementcan be easily madeat all
frequencies. Sincethe natureof magneticrecordingis such that saturationat
any frequencycan affect the tinearity at all frequencies,one must be aware
how this headroom changes with frequency. In figure 20 the 1 dB loss or
1 dB "squashpoint" is plottedversusfrequencywith and withoutS-type. The
resultant headroom versus frequency curve conforms well to the expected
peak levelversusfrequencyfor mostpopularmusic [4].

5.2 DistortionReduction

The S-type process reduces distortion in two ways - it decreases the level
during recording and it suppresses harmonics during playback. Figure 21
shows this improvement for a 0 dB (200nWb/m),200Hz signal. While it is
arguable that the graph illustrates an ideal case since there are no other
signalspresent; it can also be argued that a morecomplexsignal wouldmask
the harmonicsso thatdistortionreductionis not necessaryin thatcase.

5.3 DynamicRangeImprovement

Figure 22 is a composite of two different measurements. The headroom is
measuredas in figure20. The noisefloor is measuredwitha sweptfrequency,
1/3rd octave filter with and without S-type for type IV (metal) tape and
referenced to 200nWb/m. The graph is intended to illustrate the relative
dynamic range improvement versus frequency and cannot be used to
determinethe actual signal dynamicrange. For instance, the headroomhas
been improved by 6 dB at 10 kHz and the noise floor has been lowered by
21 dB for a 27 dB dynamicrange improvementat that frequency.

5.4 Dynamic Range Versus Hearing Threshold

In order to quantify how well the resultingrecordingsystemwill perform, the
dynamic range of the recording system can be compared to the dynamic
range of the human auditory system. In order to do this, one mustbe able to
quantify the ability of a listener to detect noise in the absence of a music
program. This measurementis knownas the thresholdof hearingandcan be
expressedas a soundpressure level (SPL) versus frequency. By choosinga
certainmaximumpeakSPL for playbackof a recording,the dynamicrange of
the recordingsystemcan be superimposedover the hearingthresholdcurve.
The noisefloor of the recordermust be further processed to accountfor the
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difference betweenthe bandwidthof the measurementfilter and theapparent
detectionbandwidthof the ear versusfrequency(criticalbandwidth)[5].

The results of this processare shown in figure 23. A peak playback level of
100dB SPL waschosenas a typical playbacklevel. Higheror lowerplayback
levels would move the recorderdynamicrange limitsup or down respectively
whilethe hearingthresholdcurvewouldremainfixed. Noisewhich is belowthe
thresholdof hearingon this graph shouldbe inaudible.

These curves, of course, say nothing about the audibility of noise in the
presenceof signals. Underthese conditions,the processortakes advantage
of the psycho-acoustic phenomenon of masking whereby the presence of
noisein a certainfrequencyband is masked(madeinaudible)by audiosignals
in the same frequencyrange. This phenomenonis fairly well understoodfor
the case of a single sinewavemaskingbands of noise. In this case, a rough
generalizationcan be made that maskingextendsfrom 1/2to 1 octave below
the tone to approximately 1 to 2 octaves above. The masking effect of
complex tones is not wel/understood making the audibility of noise in the
presenceof programmaterialdifficultto predict. It is our experience,however,
that the noise floor of the resultant recording, if audible, remains at an
apparentlyconstant level regardlessof program material. The lack of noise-
modulationwas oneofthe design goalsof the S-typeprocessorand hasbeen
mentionedas an expectedbenefitof the principleof leasttreatment.

6. Conclusion

A new signal processor that extends the usefuldynamic range of consumer
recordingformatshas beendescribed. The designgoalof least treatmentwas
described and results were presented to show how well the new process
achieves the goal. The processor reduces many of the undesirable side-
effects of recordingto inaudible levels. The processor is also tolerant of level
and frequencyresponseerrorsand is designedto minimizemistrackingunder
those conditions. Furthermore, the processor is designed to minimize the
audibility of mistracking or improper decoding should it occur, resulting in a
rugged system capable of good results in a wide variety of recording and
playbackenvironments.
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