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1. A method for digitally encoding an audio signal 

represented by an initial series of pulse-code modulated (PCM) 

data values occurring at a first rate, said audio signal 

including low frequency components of high amplitude and high 

frequency components of relatively low amplitude, said method 

comprising the steps of:

(a) extracting from said PCM data values a series of 
representative values occurring at a second rate substantially 
lower than said first rate, half of said second rate being at an 
intermediate frequency in tha audio spectrum,

(b) offsetting said PCM data values in accordance with 
corresponding values in said series cf representative values to 
obtain a series of adjusted PCM data values, and
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(c) converting the adjusted PCM data values to a series of 

floating-point data values by extracting exponents, so that the 

combination of said series of representative values and said 

series of floating-point data values encode said audio signal at 

a substantially lower data rate than said initial series of PCM 

data values, and thereby preventing the low frequency components 

of high amplitude from having a destructive effect upon the high 

frequency components of relatively low amplitude.
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A

FIELD OF THE INVENTION

This invention generally relates to digital techniques for 
the representation, transmission and reproduction of audio 
signals. More particularly, this invention relates to digital 
audio signal processing systems which use companding techniques 
in connection with encoding, recording, transmitting or decoding 
broadcast-quality audio signals.

ί » SUMMARY OF THE INVENTION© ««9
β « ♦ β Ο© 0 S 0

β » * ©
’»e’ J A primary object of the invention is to provide an improved 

0 0 0
β.β«» "method for digitally encoding and decoding stereo broadcast
© 0© ©0 ““’quality audio signals.

A related object of the invention is to provide such an0 © 0 ©© ©
improved digital encoding and decoding method which does not

0 © 0

produce distortion of upper frequency signals as a result of non-
00 Wt
S ’ «\iniform energy distribution across the frequency spectrum.

A further object of the invention is to provide a digital
» 0 0 «

««recording or transmission system for stereo broadcast quality 

audio signals which has a wide dynamic range, uniform amplitude 

response, and enhanced noise immunity despite the fact that the 

audio signals are recorded or transmitted using a reduced data 

rate.
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A further object of the invention is to provide an improved
audio transmission system which is particularly applicable to the 
transmission of an increased number digitally sampled stereo 
audio signals over a conventional cable television channel. A 
related object of the invention is to provide such an improved 
audio transmission system which uses a decoder that is economical 
to mass produce.

The present invention in particular concerns the encoding of 
an audio signal which is represented by an initial series of 
pulse-code modulated (PCM) data values occurring at a first rate, 
and which includes low frequency components of high amplitude and 
high frequency components of relatively low amplitude. In 
accordance with the invention, the audio signal is encoded by 
extracting from the PCM data values a series of representative 
values occurring at a second rate substantially lower than the 
first rate, half of the second rate being at an intermediate 
frequency in the audio spectrum;* offsetting the PCM data values 
in accordance with corresponding values in the series of 
representative values to obtain a series of adjusted PCM data 
values; and converting the adjusted PCM data values to a series

·» of floating-point data values by extracting exponents, so that 

the combination of the series of representative values and the 

series of floating-point data values encode the audio signal at a 

substantially lower data rate than the initial series of PCM data



values, and thereby preventing the low frequency· components of 
high amplitude from having a destructive effect upon the high 
frequency components of relatively low amplitude.

According to a preferred embodiment of the invention, a 
digital audio transmission system accepts a stereo audio signal 
in the form of 16-bit pulse code modulated (PCM) data. An

i encoder converts the PCM d^ta to a pseudo-floating-point format
i which is then transmitted over a transmission link to the end

user. At the user end, a decoder reconstructs the received data 
into a 16-bit PCM format in order to yield the originally encoded 
stereo audio signal.

The pseudo-floating-point conversion performed by the 
encoder preferably compresses the PCM data fed to it by 
processing the data in blocks, each of which consists of a 
plurality of samples. The sample values obtained for each block 
are centered about a zero reference level by extracting and

* subtracting a common offset value so that data within a block 
extend over an equally distributed range, since the centering

!
 * process is performed before conversion of the PCM data to the

• pseudo-floating-point format, any large common offset for the

block, such as is typically caused by a high amplitude low 

frequency audio signal, is substantially eliminated prior to 

conversion. This centering process limits the normally 

destructive effect that low frequency signals of a high amplitude
-3-
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have upon high frequency signals of relatively low amplitude.
The audio frequency below which cancellation occurs is 
preselected to be an intermediate frequency in the audio spectrum 
by preselecting the number of samples within a sample block. 
Moreover, since the offset for each block is transmitted to the 
decoder, the low frequency component of the audio signal is 
always represented by a relatively high degree of precision.

t ft
«e- * ft

-3A-
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1

A binary exponent of the pseudo floating-point 

representation for a given block is chosen in accordance with the 

largest absolute magnitude found among all samples within a block 

after the centering process. In particular, the exponent is 

selected so that the largest sample is representable in

floating-point representation with the maximum amount of 

precision.

Preferably a few bits of error correction data are included 

in the pseudo-floating-point format to protect the integrity of

10 the binary exponent and the common offset value for each block

and thereby insure proper decoding, even if there is substantial

J*. noise in the transmission channel. Preferably a parity bit is•.♦tt'
provided for each floating-point value for noise protection in

·”"< the usual manner.• · <
• · t « · c* »*

ί**.., DESCRIPTION OP THE DRAWINGS

The invention and other objects and advantages thereof may 

»’·**· best be understood by referring to the following description 

.... along with the accompanying drawings in which:

PIG. 1 is a simplified block diagram illustrating the audio

20 transmission system of the invention?
0

-4-
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FIG. 2 is a block diagram representation of an encoder for 

one audio channel of the audio transmission system of FIG. 1;

FIG. 3 is a block diagram representation of a decoder for 

one audio channel of the audio transmission system according to 

the invention;

FIG. 4 is a graphical schematic representation of variation 

in amplitude of samples within a selected data block with respect 

to sampling time for illustrating the extraction of the block 

offset according to the invention;

FIG. 5 is a representation showing in detail the data frame 

format for a given data block according to the preferred 

embodiment of the invention;

FIG. 6 is a schematic diagram of a specific embodiment of an 

encoder according to the invention which uses a numerical 

processor;

FIGS. 7A and 7B comprise a flowchart of the procedure 

executed by the numerical processor of FIG. 6;

FIG. 8 is a schematic diagram of a specific embodiment of a 

decoder according to the invention; and

FIG. 9 is a schematic diagram of a shift register used by 

the decoder of FIG. 8 for format translation.

-. * »

«
t β S β
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DESCRIPTION OP THE PREFERRED EMBODIMENT

10
ft ft o e«> * » <

ft » ft ft 
»ft ft ft ft

ftβ ft ft ft » «ft ·
ft « ft 

ft ft ΐ 
ft · ft

ft ft ft *ft ft ft 4

ft ft ft ftft ft ft ft
ft ft a:ft *■ ft • ft ft

ft. ft ft V ft ft ftft ft ft 
20

'••ft*ftft ft ft*
ft ft ft ft ft ft ft ft*

Referring now to the drawings and specifically to FIG. 1, 

there is shown in simplified block diagram form a stereo audio 

signal transmission system embodying the present invention.

The audio encoding and transmission system 10 is shown 

subdivided into its most basic components. An audio signal 

source 12 supplies audio signals to an encoder module 14 for 

encoding prior to transmission. The audio source 12, for 

instance, supplies dual audio channels (left and right) of a 

stereo broadcast video channel to the encoder module 14. The 

encoder module 14 samples the stereo audio signals, converts the 

samples to digital form, and further encodes the samples in a 

compression process which, for instance, allows an increased 

number of audio channels to be fit within a single video 

broadcast channel.

As a prelude to the encoding procedure, the signal in each 

audio channel is converted into 16-bit pulse code modulated (PCM) 

data. During encoding, the PCM data are converted into a 

pseudo-floating-point format, through a compression process which 

processes the PCM data in the form of a series of blocks each 

consisting of a predetermined number of consecutive samples. In 

this process the data for each block are adjusted by a common

-6-



1

offset value which is calculated as the mean value of the maximum 

nnd minimum sample values in the block, so that the adjusted data 

are evenly distributed or centered within a certain range for 

floating-point representation. The preferred encoding scheme and 

the details involved therein will be described in detail below.

Encoded data from the encoder module 14 are transmitted over 

a conventional broadcast link 16 such as a cable link for linking 

together a plurality of subscribers to a cable television 

channel. The transmitted encoded data are received by a decoder

10 module 18 which converts the pseudo-floating-point representation 

of the encoded data back to the PCM format. For reconstructing 

the stereo audio signals, the PCM data for the left and right 

stereo channels are fed to separate digital-to-analog converters. 

Finally, the stereo audio signals from the decoder provide stereo 

output 20 which, for example, is reproduced by a conventional 

stereo high-fidelity amplifier with speakers.

Referring now to FIG. 2, there is shown a more detailed 

block diagram of a single audio channel 30 of the encoder module 

(14 in FIG. 1) for use with the system of FIG. 1. It should be

20 understood, therefore, that the encoder module 14 of FIG. 1■£t
includes two of the channels as shown in FIG. 2 for encoding the 

stereo signals. Audio signals are received through an analog-to- 

digital converter (ADC) 32 which samples the analog signals and

-7-
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converts them into corresponding digital values. For using the

encoder in a cable television channel network, the ADC 32 is fed 

directly from the audio channel corresponding to a particular 

video channel to be transmitted. According to the illustrative 

embodiment for cable television, the ADC samples the audio

signals at a periodic rate of 56.8 kHz and provides 16-bit PCM 

values.

The sampled 16-bit PCM data from the ADC 32 are fed to a 

digital signal processor DSP 34 which essentially performs a 

low-pass filtering operation upon the digitized audio signals 

along with a decimation/interpolation operation which brings 

about a desired sampling frequency change. The DSP changes the 

original sampling frequency to a lower frequency which preferably 

is most compatible with the video chrominance frequency 

components associated with the video channel with which the 

processed audio is to be broadcast. Specifically, the DSP brings 

about a change in the ADC sampling frequency from 56.8 kHz to 

37.879 kHz. The low-pass filtering operation performed by the 

DSP 34 is selected to have good stop-band rejection qualities to 

reject frequencies above 18.939 kHz since a change of sampling 

frequency requires the removal of all "image" energy from the 

input audio signal to prevent non-linear "aliasing" distortion. 

This allows the encoding and transmission of the full audio

-8·



bandwidth associated with cable television channels (which 

generally is 18 kHz). The low-pass filtering performed by the 

DSP ensures that no image signal energy is included within the 

pass band of the filtering operation and hence the associated 

non-linear distortion is avoided.

It should be noted that the ADC 32 followed by the DSP 34 is 

a preferred alternative to an anti-aliasing analog low-pass 

filter followed by an analog-to-digital converter sampling at the 

37.879 kHz rate, since the digital low-pass filtering provided by

10 the DSP can be superior to that of an analog low-pass filter.

The ADC-DSP technique for analog-to-digital conversion is further 

described in A. Oppenheimer, Applications of Digital signal 

Processing, Prentice-Hall, Englewood Cliffs, N.J. (1978) pp. 6-7.

Compact audio discs (CDs) could also be used as a source of 

16-bit PCM audio data. Standard CDs provide 16-bit PCM data at a 

rate of about 44.1 kHz. For providing a source of a plurality of 

stereo audio signals, a number of CD player units could be used 

with their time base oscillators willed together to provide 

synchronized PCM data.

20 The 16-bit PCM data from the audio source is provided to an
«

encoder 30. The encoder converts the PCM data fed to it into a 

pseudo-floating-point representation before transmitting the data 

by using one of the many conventional data transmission
«*4»

_9_



techniques, such as raised cosine pulse shaping. The 

transmission and reception of multi-channel PCM data over a 

television channel using such a conventional transmission 

technique is further described in F. Mazda (editor), Electronics 

Engineer's Reference Book, 5th ed., Butterworths, Boston MA 

(1983), pp. 54/21 to 54/22. Actual transmission is performed via 

amplitude modulation (AM) over the transmission link to the 

subscriber.

Compression of the PCM data is obtained by processing it in 

10 the form of blocks, each containing a plurality of samples. A

common offset value "K" and a common floating-point exponent is 

determined for each block. The preferred embodiment uses blocks 

consisting of 16 audio samples.

In order to prevent any large common offset in the 16-bit 

PCM data for eacih block from being included in the floating-point 

representation, the sampled values for each of the sample blocks 

are centered by extracting the common offset value K. More 

specifically, the offset value K is calculated as the median

. value between the maximum value and the minimum value found

20 within the sample block. Subsequently, the offset value K is

subtracted from each of the 16 samples in the block in order to

t. * « 'ε
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effectively center the samples about a zero reference level. At 
this stage, the block data extend over an equally distributed 
range from the maximum value to the minimum value.

The extraction of the common offset is performed within the 
encoder module 36 by an offset extractor 38 and increases the 
effective resolution of the encoding procedure by preventing 
large low frequency signals from overriding any low amplitude 
high frequency signals. The offset extraction forms an important 
feature of this invention and directly contributes to the non-

10 destructive characteristics of the illustrative encoding 
procedure, as described below.

The number of samples within a block to be encoded 
determines the extent of cancellation of distorting low frequency 
components produced by the encoding procedure. Specifically, the 
centering procedure functions as a single pole high-pass filter 
with a cut-off frequency equal to the Nyquist frequency divided 
by the number of samples per block. For the above-mentioned 
sampling frequency of 37.879 kHz, the Nyquist frequency is 18.939 
kHz. Therefore, for 16 samples per block, the cut-off frequency

20 is 1.184 kHz. In other words, the centering procedure cancels a 
1.184 kHz signal component by a factor of 3 dB. The cancellation 
factor increases for lower frequency components and almost total 
cancellation (by more than 20 dB) occurs for low frequency

<
·'· t
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components having frequencies of 100 Hz or less. Although the

low frequency components are removed prior to companding, they

are encoded separately in the offsets and are replaced during the

decoding process. The extraction of the common offsets hence

provides the encoding procedure with a relative independence

between audio signals of extremely low and extremely high

frequency without any loss of precision that would be associated

with a filtering operation.
I
4 Returning now to FIG. 2, after the common offset is

10 extracted from the 16-bit PCM data for a given sample block, all

samples within the block are effectively centered. Floating- 

Γ·,». point representation of the centered samples within the block is

* then obtained on the basis of the largest absolute sample
A »A ©

·»■»* Ϊ magnitude found within the block after centering. This largest 
*

*.*«·' sample value is truncated from its 16-bit value to an 8-bit value
9 9

ϊ *♦·♦ after left-justification, if possible, by up to 7 binary places. 

The number of possible binary places for left-justification
©tt*
i indicates the common binary exponent for the block. This process

*♦%»* is performed by the exponent extractor 40 within the encoder 

*••£0 module 36. As is apparent, a significant degree of data

compression is obtained since a 16-b£t sample is represented only 

by an 8-bit value and the corresponding common binary component
A A *

» .

“*·· for the block. In the illustrative embodiment the common binary
©A A

» » A

t
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component is a 3-bit value. Subsequently, the encoder module 

performs the actual format translation from the 16-bit PCM to a 

corresponding pseudo-floating-point representation through a 

format translator 42 by effectively left-shifting all of the 

centered 16-bit PCM values by a number of places specified by the 

exponent and truncating to eight bits per value. Finally, the 

encoded data is transmitted over the transmission link (16 in 

FIG. 1).

The encoded data can be transmitted in any convenient form. 

10 Although the offsets and the exponents are preferably transmitted

in digital form to ensure virtually error free transmission, the 

floating-point values do not require as much error protection as 

the offsets and exponents. The floating-point values, for 

example, could be transmitted as analog pulses (as in Shutterly 

U.S. patent 4,295,223) or as an analog waveform or waveform 

segments. If analog waveform segments are transmitted, the 

beginning and ending portions should be extended (so that the 

first portion of a following segment must repeat the last portion 

of a preceding segment) since the extreme beginning and ending

20 portions become slightly distorted due to band-limiting effects 

and therefore should not be used for conveying values.

-13-
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Referring now to FIG. 3, there is shown a block diagram of 

one audio channel 50 of the decoder module (18 in FIG 1). For 

use in a cable television system, a tuner and demodulator 52 

accepts the transmitted encoded data and demodulates it before 

presenting it to a decoder 54. The decoder includes a format 

translator 56 which functions to reconvert the audio signals from 

their pseudo-floating-point representation (as produced at the 

encoding stage) back to fixed-point representation. The fixed- 

point data is next processed by an offset injector 58 which

10 combines the fixed-point data with the corresponding block

offsets in order to obtain the complete audio data representation
ftft
* »Z». for a given simple block. The decoded output signals of the

,,,, decoder module 54 are then passed on to a digital-to-analog• · ·ft* *
, .. converter 60 which translates the digital values into• ft ft • ftft

♦. corresponding analog signals which are used to generate an
• ftft t

audible output by interfacing with the subscriber equipment (e.g. 

,, a stereo hi-fi amplifier and speakers) at the decoder end.
ft ftft ft ft ft
, ,, Referring now to FIG. 4, there is shown a graphicalftft ft • ft ft

representation 80 of the variation in quantization amplitude of 
• <’& samples within a sample block with respect to sampling time. The

samples can possibly range from a negative value of 8000 (HEX) to 

*;** a positive value of 7FFF (HEX). (Signed integer representation
ft ft ft ♦ '

♦*·« ! is used as a matter of convenience; for example, if the original 
♦ «*

-14-



PCM samples range from 0000 (HEX) to FFFF (HEX), a value of 8000
(HEX) can be added to each of the original PCM samples to convert
to signed integer representation.) As introduced above, the PCM
data at the input of the encoder is processed in sample blocks
consisting of 16 samples each and, as shown, the common value K
is determined as the median value between the maximum value P and
the minimum value Q within the block. The median or common
offset value K is then subtracted from the value of each sample
within the block so that each of the 16 samples within the block

10 is at this stage centered about the value K, so that the audio

ft ft ft ftft ft··
ft·*·ftftft ft ft

• ftft·ft ft »• ft «
ft ft«ft ft »

data extend over an equally distributed range from the maximum
value P to the minimum value Q. Since the block centering
procedure occurs before conversion to the floating-point format,
the above scheme prevents the floating-point representation from

ft ft ftft ft ft ftft ft «<
including any large common offsets as is typically caused by
large amplitude, low frequency signals.

ft ftft ftft « « c
ft ft* ft ft *ft ftft

After offset extraction, which results in each of the
samples within the block being centered about a zero reference
level, the normalized sample having the largest absolute

• ««ft magnitude within the 16 samples in a block is used as the basis
for determining the common 3-bit binary exponent for the pseudo-

ft ftft* ftft··*ft ft ftft ft ftft ft ft

floating-point representation of the block. In effect, the
encoding system of this invention employs eight ranges to

-15



compress from 16 to 8 bits, and the selection of a particular 

range is made by examining the 8 most significant bits of each 

sample and determining a 3-bit binary exponent which best 

indicates the highest range required by each group of 16 samples. 

In numerical terms, the exponent is indicated by the number of 

binary places, up to a maximum of 7, that the 16-bit normalized 

data can be left-shifted without overflow.

Data compression is obtained as part of the conversion to 

the floating point representation for a sample block by means of

10 a shift operation upon the 16-bit value representing the

magnitude of each sample. The binary exponent for each group of 

16 samples provides an indication of which 8 bits of each 16-bit 

sample value are to be discarded by controlling the shift 

operation in such a way that the desired number of bits are 

deleted from appropriate positions within each 16-bit sample 

value.

Due to the compression effect of the encoding process, the 

precision of the floating-point representation is relatively 

independent of the low-frequency signal amplitude and increases
t

20* with decreased high-frequency signal amplitude. Samples having 

centered values that are higher in level than half the maximum

«“ permissible peak amplitude are coded to a precision of 8 bits.
« . .

·,» On the other hand, if all samples in a block have centered values

-16-
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ft
20

ftft
I

ft * ft ft 
ft· ft·

ft ftft ft
ftft ft• ft

that are less than l/128th of the maximum allowable peak
amplitude, coding accuracy is retained at the maximum possible 
resolution of 16 bits per sample.

At the decoder end, an inverse operation is performed.
After demodulation, the decoder module is loaded sequentially 
with the 8-bit value representing the magnitude of each 
compressed sample. The 3-bit binary exponent is then used to 
perform in effect an arithmetic right-shift operation by the 
number of binary places indicated by the exponent to reproduce 
substantially the original 16-bit magnitude of a sample.

The fixed-point to floating-point conversion procedure is 
better understood by considering a numerical example. For 
instance, consider the case where the largest value of all the 
centered samples within the 16-sample block is 3CFA (HEX). This 
value is normalized by a shift operation in the left direction by 
one position resulting in a value of 79F4 (HEX) which represents 
the largest positive value that can be contained in a 
predetermined positive limit of 7FFF (HEX). The truncation 
process thereby yields an 8-bit number represented by the value 
79 (HEX). The binary exponent value is set to -1, since one left 
shift was used. The truncated representation, when converted 
back to 16-bit PCM format at the decoder, has a value of 3D00 
(HEX).
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‘ By following the above procedure, a given block of 16 data 
points can be expressed by a common 8-bit offset value K, a 
common 3-bit binary integer exponent having a value of zero to 7 
for representing the magnitude of the exponent, and an 8-bit data 
value for each of the samples within the block. This is 
illustrated clearly in FIG. 5 which is a representation of the 
data frame format for a sample block consisting of 16 audio 
samples. The data format includes a 5-bit error correction code 
for the offset K and the binary exponent, the 3-bit binary 
exponent for the block, the 8-bit offset value K, and the 9-bit 
data values for each of the 16 samples within the block. Each of 
the 9-b.it data values comprises 8 bits of data for the sample 
along with an added bit for parity checks. As is conventional, 
the decoder uses the parity check to isolate erroneous data 
values and replace each erroneous value by either the previous 
value or an interpolated value.

The representation shown in FIG. 5 requires a total of just 

16G bits in order to represent every block of 16 audio samples. 

More specifically, the chrominance frequency associated with 

conventional cable television system is 3.579545 mHz and this is 

used by the encoding system to generate a transmission baud rate 

having a value of twice the chrominance carrier frequency or 

7.159090 raegabaud. The chosen baud rate when divided by the
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selected changed sampling frequency yields the corresponding bit 
rate for the transmission system. The choice of the sampling 
frequency of 37.879 kHz along with the 7.16 megabaud rate yields 
a data bit rate of 189 for a single sampling interval, and 
correspondingly allows the transmission of 3024 bits in the 16 
sampling intervals of the selected 16 sample block. Hence, upon 
the basis of the transmission baud rate described above, a single 
television channel possessing a bit capacity of 3024 bits spread 
over the 16 sampling intervals can accommodate up to 18.9 
channels (3024 t 160 = 18.9 channels).

In effect, the representation of FIG. 5 permits the 
transmission of nine stereo audio channels over a single video 
channel along with the provision of a partial channel for 
additional information, such as a frame synchronization code and 
housekeeping data. The audio data is compressed from the 
original 16 bits for each of the 16 samples within a block, i.e., 
an original total of 256 bits, to a compressed total of 139 bits 
including the 3-bit binary exponent, the 8-bit offset K value and 
8 bits for each of the 16 samples for the sample block. The 
overall compression ratio obtained is hence 1.8417.

Turning now to FIG. 6, there is shown a specific embodiment 
of an encoder for encoding audio data in the compressed format of 
FIG. 5. The encoder, generally designated 80, includes a 16-bit
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numerical processor 81 for performing the computations and 
comparisons required for the encoding process. The processor 81 
operates on a periodic or interrupt basis to process in real time 
each audio sample provided by an analog-to-digital converter ADC 
82 and a digital signal processor DSP 83 operating in the fashion 
previously described.

Due to the compression process, the encoded data rate is 
different from the sampling rate provided by the ADC 82 and the 
DSP 83. These rates, however, must be precisely related to each 
other according to the ratio of the number of audio samples 
processed per frame (for example 16) to the number of encoded 
data bits per frame (for example, 160 as shown in FIG. 5). In 
order to synchronize the audio sampling with the transmission of 
the encoded data, the encoder 80 includes a sync generator 84 
including a PCM bit counter 85 counting at the PCM bit rate and 
the audio sampling rate, and a frame counter 86 counting the 
transmitted·bits as they are transmitted. To insure proper 
synchronization of the sampling, encoding and transmitting 
process, the sync generator 84 includes means for synchronizing 
the PCM bit counter 85 and the frame counter 86 so that they are 
in effect phase-locked at the frame rate.

20-



For the sake of illustration, the synchronizer 84 is shown 
for a simplified system in which the encoded data includes data 
for only a single audio channel and in which a 32-bit frame 
synchronization code is appended to the data frame format of FIG. 
5. Due to this simplification, the ratio of the PCM bit rate to 
the encoded data rate (including the 32-bit frame synchronization 
code) is 256/192 or a ratio of 4/3. Therefore, the frame counter 
86 is synchronized to the PCM bit counter 85 by clocking them 
from a common transmitter data clock 87 oscillating at four times

10 the encoded bit rate, and by clocking the PCM bit counter 85 by a
.» divide-by-three counter 88, and clocking the frame counter 86 by
0 0 0 0

«··« a divide-by-£our counter 89.
• 00 0

/··*. In order to synchronize the frame counter 86 with the PCM
»» »

,»/·, bit counter 85, the PCM bit counter is reset when the frame• · β
Γ*#»» counter "rolls over". For this purpose, a delay flip-flop 90 and 

a NOR gate 91 are wired as a transition detector to sense the
j·, high-to-low transition of the most significant output QM of the
»·„··. frame counter 86. Immediately after each transition, the NOR'000

gate 91 generates a reset pulse which resets the PCM bit counter
00 0 0

» 0 *
**20 85. To synchronize the transmission of frames of encoded data

with the counting of the frame counter 86, there is provided a
.♦IF" shift register 92 which Is clocked in synchronism with the frame

***’#! counter 86 and which receives the reset pulse from the gate 91 to

-21-
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perform a parallel load of a frame of data. These data include 

the frame sync code, which is wired into the parallel inputs 93 

of the shift register, and also data from a number of latches 

which comprise in combination a frame buffer 94. Therefore it is 

necessary for the 16-bit processor 81 of the encoder to 

periodically store encoded data in the frame buffer 94 prior to 

the parallel loading of the shift register 92.

Although the encoder 80 in FIG. 6 is shown for encoding and 

transmitting a single channel of audio data, persons of ordinary

10 skill in the art readily appreciate that a number of audio 

»»a channels are transmitted merely by increasing the length of the

* « « » 1»
♦

shift register 92 and increasing the clocking rate of the frame 

counter 86 to accommodate the higher encoded data rate required

«*.**» for transmitting encoded data for a number of audio channels from$ 1 ί .
the shift register. In such a scheme, the frame synchronization 

code is preferably interleaved with the encoded data for the 

various audio channels. In this fashion, nine stereo audio
9 t« *
,*,··, channels, along with a frame synchronization code and other • » ·

housekeeping data, can be transmitted over a single video channel 

as described above. Moreover, in such a scheme, it is readily 

appreciated that the components other than the sync generator 84
• * * ·

.,,: and the shift register 92 are merely duplicated for each audio

*» ‘,5 channel in such a multi audio channel system.
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The frame buffer 94 corresponds to the data frame format of 
FIG 5. Specifically, there is provided a 16-bit latch for 
receiving the 5 bits of error correction code, the 3 bits of the 
block exponent, and the 8 bits of the block offset K. There is 
also provided sixteen 9-bit latches generally designated 96 for 
receiving the 144 bits of the block data.

For interfacing the numerical processor 81 to the frame 
buffer 94, the sync generator 84 and the ADC 82 and DSP 83, there 
are provided interface logic circuits generally designated 97.
The DSP 83 is connected to a bidirectional data bus 98 via a 16- 
bit latch 99. The latch 98 is clocked at the PCM word rate 
indicated by the output Q4 of the PCM bit counter 85. The 
numerical processor 81 is interrupted at this rate via an 
interrupt line 100 to periodically process the 16 bit PCM value 
received in the latch 99.

In order to synchronize the numerical processor to the frame 

rate of the sync generator 84, the outputs Qq—Qs, defining a 

pointer value POINT ranging from 0 to 15, are fed to the data bus 

98 through a tri-state buffer 101. The buffer is configured so 

that the outputs Qq-Q5 are fed to the data inputs D3-DQ of the 

numerical processor 81, and so that zeros are fed to the more 

significant bit inputs D15-D4. Therefore, the numerical 

processor 81 may read a pointer value POINT as a 16-bit number

»
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ranging in value from 0 to 15. As will be described below, the 

pointer value is used as an index to reference circular buffers, 

as well as to indicate the beginning and ending of the loading of 

the frame buffer 94 for each frame.

So that the numerical processor 81 may request the input of 

a PCM sample from the latch 99 or the pointer value from the PCM 

bit counter 85, there are provided address decoding circuits 

generally designated 102 for selectively addressing and enabling 

the tri-state outputs of the latch 99 or the buffer 101. The 

address decoding circuits 102 include an address comparator 103 

for detecting a pre-programmed high address, and respective NAND 

gates 104, 105 which are strobed by the address comparator 103, a 

certain low order address line, and a valid memory address signal 

(VMA) and a read-write signal (R/W) from the numerical processor 

81.

In a similar fashion, the address decoding circuits 102 
include circuits! for strobing a selected latch in the frame 
buffer 94. The latches 96 are addressable as an array, with the 
four lowest order address b4ts A3-A0 being applied to a four-bit 
input, 16-line output decoder 106, The decoder is selectively 
strobed by a NAND gate 107 responsive to a certain address line, 
the output of the address comparator 103, and an inverter 108
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which inverts the read-write signal from the numerical processor 
81. In a similar manner, the 16-bit latch 05 is selectively 
enabled by a NAND gate 109.

It should be noted that certain truncation and translation 
operations are automatically performed due to the fact that only 
certain ones of the data lines on the data bus 98 are received by 
the data inputs to the latches and the frame buffer 94. In 
particular, each one of the latches 96 has its upper eight data 
input lilies tied to the most significant inputs D15~Dg of the

10 numerical processor 81. The least significant or ninth data 

input lines of the latches 96 receive the output of a parity 

generator 110, for example, a standard TTL integreted circuit 

part number 74180. In a similar manner, code generator logic 

111, such as a read-only memory or preferably a programmable 

logic array, is used to generate the eyror correction code from 

the exponent EXP and the common offset value K transmitted by the 

numerical processor 81 to the latch 95. In order to simplify the 

transmission of the exponent EXP and the common offset value K, 

the exponent is transmitted along the least significant data

20 lines D2-Do, and the exponent is transmitted over the most 

significant lines D^g-Dg.
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As shown in FIG. 6, the numerical processor 81 uses a PCM 
buffer 112 and a normalized value buffer 113 during the encoding 
process. In general terms, the individual PCM samples from the 
latch 99 are processed sequentially in a pipeline fashion by 
transfer from the latch 99 to the PCM buffer 112 for a first 
frame, and from the PCM buffer 112 to the frame buffer 94 during 
the following second frame. During the transfer from the latch 
99 to the PCM buffer 112, the minimum and maximum values are 
found in order to determine the common offset value K and the

J‘,10 exponent EXP. The common offset value K is used to adjust the< β fe β
data and the exponent EXP is used to translate the data as the 
data are transferred from the PCM buffer 112 to the frame buffere# » '

« fe*

;*·«». Turning now to FIG. 7A, there is shown a flowchart generally

designated 120 of a specific procedure for execution by the 

numerical processor 81 to perform the encoding process. This

*«*»»* procedure is executed in response to the interrupt signal (from 

line 100 in FIG. 6) which signals that the latch 99 receives a
B » ·fe *- ♦

new PCM value representing an audio sample.

20 In the first step 121 of the encoding procedure, the PCM

»»«ί value is read from the latch 99, and also the pointer value POINT 

% ·» is read from the PCM bit counter 85. In order to test for the

start of a new frame of encoded data, the pointer POINT is
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compared to zero in step 122. If POINT is zero, a few 
initialization functions are performed in step 123.
Specifically, in step 123 memory locations MIN and MAX are set to 
zero. (For maximum computing speed, it is also desirable to 
perform step 138 in step 123 instead of at the end of the 
procedure.)

In order to find the PCM sample in the frame having the 
minimum value, in step 124 the current PCM value is compared to 
the value MIN. If the PCM value is smaller, then in step 125 MIN

10 is set to the value of the PCM sample. Similarly, to find the 
maximum PCM value in the frame, in step 126 the PCM value is 
compared to the value MAX. If the PCM value is larger, then in 
step 127 the value MAX is set equal to the value of the PCM 
sample. In step 128, the PCM sample is stored in the PCM buffer 
at the memory location indicated by the pointer POINT. Before 
storage, however, the pre-existing value at that location is read 
out and stored in a register NORM.

For adjusting the data from the PCM buffer 112, in step 129
«

the common offset value K is subtracted from the value of NORM
20 to obtain a centered value.

*'* In order to perform a format translation operation upon the

‘,j value NORM a number of left-shift operations are performed as

indicated by the exponent magnitude previously determined (in

ji
I

27-



step 138) for the corresponding frame. The exponent magnitude 
corresponding to the frame for the value NORM is found in the 
memory location EXP. To selectively perform the shift 
operations, the number of shifts is indicated by the value of a 
memory location SHIFT.

The format translation operation begins in step 130 by 
setting the value of SHIFT to zero. Then, in step 131, the value 
of SHIFT is compared to the value of EXP. When they become 
equal, the shift operation has been completed. Otherwise, in

10 step 132, the value of NORM is shifted left by one binary place, 
and the shift is indicated by incrementing the value of SHIFT by 
one in step 133. Execution then jumps back to step 131 to 
continue shifting until the required number of shifts have been 
performed. Then, in step 134, the translated value of NORM is 
transmitted to the frame buffer and specifically to the latch 
indicated by the value of POINT.

Execution of the encoding procedure is completed for the 
current interrupt cycle, unless all of the latches 96 have been

8 filled with new data. This condition is tested in step 135 by
20 comparing the value of POINT to 15. Once the value of POINT 
!“ reaches 15, then encoding for the current frame is completed in 
·,· step 136 by performing a logical AND between the value of K and

EXP, and outputting the result to the 16-bit latch (95 in FIG, 6)
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of the frame buffer. After this is done, a number of data 
transfers and computations are performed in step 170 to set up 
values corresponding to data stored in the PCM buffer (112 in 
FIG. 6). Specifically, the value of the newly computed maximum 
MAX is stored at a location P. Then a new value of the common 
offset is computed by arithmetically shifting right both MAX and 
MIN by one binary place, and adding the shifted values together 
to calculate a median or arithmetic mean value which is stored in 
the memory location K. The lower eight bits of the median value

10 are truncated by performing a logical AND of the mean value with
♦ *

.1,. a value of FF00 (HEX). Then, the value of P is decreased by the ' »
.... value of K to determine the centered maximum value for the frame © » ·
4» * *

. «. of data in the PCM buffer. Since K was truncated, the value of P
0 o ** ·«
·♦ is also the centered value having the maximum magnitude.
* 9 » «

Therefore, in step 138, the exponent is determined based on the 
»» value of P.
• 9
9 « · «. ., In general, the exponent for representing a value in

9 · · '

floating point is related to the range which includes the value
» 9 « »

{ “.»* ♦ as shown in Table I below:
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TABLE I. EXPONENT EXTRACTION

RANGE (HEX) EXPONENT (MAGNITUDE)

4000 - 7FFF 0

2000 - 3FFF 1

1000 - 1FFF 2

ft ft •ft ftft*
0300 - OFFF 3

ftft·* 0400 - 07 FF 4
·»·*

ft ft ftft ft ft ftftft ft 0200 - 03FF 5
ft ftft ft ft ft 0100 - 01FF 6
• ftft

»•*10 FF00 - OOFF 7• * ft ft
FEOO - FEFF 6

ft ftft ftft ft·» FCOO - FDFF 5
ft ftft ft' ft ft F800 - FBFF 4
ft ft ft

FOOO - F7FF 3
ft ft ft ft
• ft ft EOOO - EFFF 2

COOO - DFFF 1
ft ft» ft. ftftft·· 8000 - BFFF 0

ft ft ft ft ftftft ftft

ί;
ί’
ί
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Turning now the FIG. 7B, there is shown a detailed portion 

of the flowchart for the step 138 in FIG. 7A. The exponent for 

the positive value P is found by searching through a binary 

decision tree which results in the selection of a particular one 

of the eight possible exponent values. Specifically, in step 143 

the value is compared to 0800 (HEX) to split the range of 

positive values into halves, to 2000 (HEX) in step 144 and 0200 

(HEX) in step 145 to break the halves in quarters, and finally to 

4000 (HEX) in step 146, to 1000 (HEX) in step 147, to 0400 (HEX)

10 in step 148, and to 0100 (HEX) in step 149 to select a particular 

one of the eight positive ranges corresponding to exponent 

magnitudes from o to 7. The particular value of the exponent 

magnitude is assigned to the memory location EXP in a particular 

one of steps 150 to 157.

At this point the entire current frame has been encoded, and 

values have been set up for further encoding of the next frame 

based on data stored in the PCM buffer (112 in FIG. 6).

Turning now to FIG. 8, there is shown a schematic diagram of 

a decoder generally designated 180 for receiving and decoding

20 data from the encoder 80 of FIG. 6. It should be apparent that 

the decoding process is very easily performed in comparison to 

the encoding process, in particular, the numerical operations 

are very easily performed by hard-wired logic.
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The decoder has a sync generator 181 for synchronizing the

audio sample or PCM rate to the rate of the encoded data. The

sync generator 181 operates at a master frequency set by a

receiver data clock 182 operating at four times the encoded data

rate. In particular, the receiver data clock 182 is a voltage-

controlled oscillator in a conventional data clock recovery

circuit (for example, in the tuner and demodulator 52 of FIG. 3).

Such a data clock recovery circuit phase locks the receiver data

clock 182 to the logic transitions in the encoded data. The sync

10© ··ft ♦ ft s
»» » V«• ftft*

ft ft ft« ft ft sft ft ¢:
ft ««ft ftft » fc

ft» ft ft
ft ft ’ ■

generator 181 includes a divide by four counter to provide a

signal at the encoded data rate which is used to clock a shift

register 184 to receive the encoded data. In order to

synchronize the sync generator 181 to the frame rate in the

encoded data, there is provided a frame sync detector 185 which

correlates data in the shift register with the predetermined 32

• ft ft ft ft 1 =
ft ft« ft ftft ft 0

bit frame sync code. The frame sync code is a bit pattern such

as ACFOFFOO (HEX) which has a sharp autocorrelation peak. When

ft ftft ft ft ft «ft ft ft
the frame sync detector detects such a correlation or match

between the prestored frame sync code and What is found in the

20 shift register 184, a frame sync pulse is generated and sent bo a
ft ft ft ft ft• ftftft

ftft ftft « ftft ft·

delay flip-flop 186 which is clocked at four times the encoded

data rate through an inverter 187. In order to generate a frame

synchronizing reset pulse, the output Q of the flip-flop 186 is
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fed to a second delay flip-flop 187 clocked at four times the 

data rate. The Q output of the second flip-flop 187 is fed back 

to the reset input of the first flip-flop 186 in order to 

generate a narrow reset pulse.

To provide signals at the frame rate and at the PCM sample 

rate in order to carry out the decoding process, the sync 

generator 181 includes a PCM bit counter 188 which is clocked at 

the PCM bit rate and which is reset by the reset pulse from the 

second delay flip-flop 187. The signal from the receiver data

o 10 clock 182 is passed through a divide-by-three counter 189 inft ·ft ftft*
.... order to clock the PCM bit counter 188 at the PCM bit rate.

ftftftft
,»♦·», The most significant output Q8 of the PCM bit counter 188

Indicates the receipt of an entire frame of encoded data into the

J*, shift register 184. In order to hold the data according to the
ft · »t

frame format of PIG. 5, there is provided a frame buffer 190 in 

the form of a 160-bit latch which is clocked in response to the
ft ft* ft
»****« Qa outPufc of the PCM bit counter 188. An inverter 192 assuresft ft ft °

that the latch is clocked to receive data from the shift register
F * ft ft

“ * when the PCM bit counter "rolls over" to zero.

20 To obtain the proper nine bits of floating-point

ί4’·“ representation and parity for the current audio sample indicated 

»***»» bY the PCM hit counter 188, there is provided a multiplexer 193

which selects the particular nine bits indicated by the outputs
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Q^-Qy of the PCM bit counter 188. To obtain the common exponent 
EXP and the common offset K for the current frame, error 
correction logic 194 processes the upper 16 bits from the latch 
191 to obtain an error corrected exponent EXP and block offset K. 
The error correction logic 194 is provided, for example, by a 
programmed logic array.

In order to provide format translation, the upper eight bits 
from the multiplexer 183 are arithmetically right-shifted by the 
g35number of times indicated by the block exponent EXP. For this

.. 10 purpose, there is provided an arithmetic right-shift circuit 195 

.... which is clocked at twice the PCM bit rate specified by Qo of the

,♦»*», PCM bit counter 188. The arithmetic right-shift circuit 195 isft* *
reset by a NOR gate 196 at the start of each PCM sample interval

ft 9 3

when outputs Q2 and Q3 of the PCM bit counter are all logic 

zeros.

»»t Turning for the moment to FIG. 9, there is shown a detailed
• 9 9 -

#*,·\ schematic drawing of the arithmetic right-shift circuit generallyft t £
designated 195. A fully synchronous counter 197 (such as a 

·* * standard TTL part number 74163) is provided to indicate the

20 number of times that a shift register 198 (such as two standard 

TTL part numbers 74194) has been shifted after being loaded with

♦Γ’.ί data values X and zero values. The values X are received from 

the multiplexer 193 in FIG. 8» and are received as the most
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significant eight input bits P15“Pg the shift register 198. 
Upon the occurrence of a positive-going clock transition when the 
reset signal is a logic high, the synchronous counter 197 is 
reset and the data values are loaded into the shift register 198. 
For this purpose the synchronous counter 197 and shift register 
198 are clocked by the common clock signal, and the reset line is 
fed to the reset input of the synchronous counter 197, the shift 
left input of the shift register 198, and also, through NOR gate 
199, to the shift right input of the shift register. It should

,* 10 be apparent, then, that the shift register 198 is of the kind
« 9

« which performs a parallel load upon the occurrence of a clock
ft S f K

transition when both its shift-left and shift-right inputs are at 

/ a logic high,ft
Ϊ So that the shift register will provide an arithmetic shift*

right, its most significant output is fed to its left serial 

... data input (DI>). Also, a shift-right enable signal is fed to the
t
( OR gate 199.

so that the shift register will perform only the number of 

’ right-shifts indicated by the value of the EXP, there is provided 

20 a numerical comparitor generally designated 200 which compares

the outputs Q2"% of thQ synchronous counter 197 to the value of 

»"·,· the exponent. As is conventional, the numerical comparitor 200

includes exclusive-OR gates 20l, 202, 203 and a NOR gate 204.
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The shift-right enable signal is therefore a logic high until the 

output of the synchronous counter 197 becomes equal in value to 

the exponent. Moreover, the shift-right enable output of the 

gate 204 is fed back to a clock enable (CE) input of the 

synchronous counter 197 to inhibit the synchronous counter 197 

from counting further. Therefore, the shift register 198 

performs a number of arithmetic shift-right operations specified 

by the exponent value, and then stops shifting.

Returning now to FIG. 8, the translated output Y of the 

»·, 10 arithmetic right-shift circuit 195 provides a format translated

*··» value for the decoding operation. In order to inject the offset 

,··;·, K, there is provided a binary adder 210 which computes the sum of 

#*»**» the offset K (in the most significant eight of 16 bit positions),

to the 16 bit value Y. The sum, therefore, represents the 

decoded PCM value. In order to hold this value steady for 

digital-to-analog conversion, the output of the adder 210 is

,·,··, received in a 16-bit latch 211. So that the latch receives the 

data at the end of each PCM sample interval, the latch 211 is«•90» *0 0 ft
*· * clocked by an inverter 212 receiving the Q3 output of PCM bit 

20 counter 188.
In order to inhibit clocking of the latch 211 when there is 

a parity error, the nine bite from the multiplexer 193, including 
the parity bit, are fed to parity check logic 213 (such as
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standard TTL part number 74180). The output of the parity check 

logic enables the latch 211 in such, a way that the latch is 

inhibited when a parity error occurs. In this fashion, each 

erroneous sample is replaced with the preceeding sample for which 

a parity error did not occur.

To reconstruct the encoded audio signal, the output of the

latch 211 is converted to an analog signal by a digital-to-analog

converter (DAC) 214, and the resulting analog signal is fed

through a low pass filter 215 to remove high frequency components

,. 10 above the audio sampling rate, and to restore the high end of the 
• aft ftftft

audio spectrum from the effects of sampling.*♦»»·»
·«*· From the above, it is apparent that the invention provides
• # 5

e»e*» an improved audio transmission system which is especially adapted• ft ft
·.% for transmitting digitally encoded stereo audio signals over aftftft·

conventional cable television channel. The decoder, in 
.. particular, is easily fabricated from hard-wirr d digital logic
ft ftftft

» and is therefore suitable for mass production as a custom
« «·

integrated circuit. Although the encoder is more complex in 
♦»* ? comparison to the decoder, only a few encoders need be produced

20 for each cable television system having a multitude of
*;·· subscribers. An economical decoder, therefore, insures that the ·*·»

digital audio transmission system of the present invention is 
economical to implement. Moreover, due to the data rate
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compression of the present invention, such a system can provide 
for the transmission of an increased number of audio channels 
over a single video channel. Since the audio is transmitted in a 
digital fora and the encoding process of the present invention 
insures a wide dynamic range and a flat frequency response, the 
reception of a high fidelity audio signal is assured. The 
encoding and decoding methods and apparatus of the present 
invention, therefore, are also suitable for the recording as well 
as the transmission of high-fidelity audio signals. The present

10 invention, for example, could also be useful for recording

compressed digital audio signals on magnetic tape, since the data 

rate compression provided by the invention would enable such 

digital recording to be performed at lower tape speeds and would 

permit an increased amount of program material to be recorded on 

a tape of a given length. Similarly, a greater amount of program 

material in the compressed format of the invention could be 

stored on a magnetic or optical disc.

t« * * IIII·
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ΊΗΕ CLAIMS DEFINING ΊΗΕ INVENTION ARE AS FOLLOWS:
1. A method for digitally encoding an audio signal 

represented by an initial series of pulse-code modulated (PCM) 

data values occurring at a first rate, said audio signal 

including low frequency components of high amplitude and high 

frequency components of relatively low amplitude, said method 

comprising the steps of:

(a) extracting from said PCM data values a series of 

representative values occurring at a second rate substantially 

lower than said first rate, half of said second rate being at an 

intermediate frequency in the audio spectrum,

(b) offsetting said PCM data values in accordance with 

corresponding values in said series of representative values to 

obtain a series of adjusted PCM data values, and

(c) converting the adjusted PCM data values to a series of 
floating-point data values by extracting exponents, so that the 
combination of said series of representative values and said 
series of floating-point data values encode said audio signal at 
a substantially lower data rate than said initial series of PCM 
data values, and thereby preventing the low frequency components 
of high amplitude from having a destructive effect upon the high 
frequency components of relatively low amplitude.

2. The method as claimed in claim 1, wherein said step (a) 
of extracting is performed by grouping a predetermined number of 
consecutive PCM data values into blocks, and computing a
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respective one of said representative values from the PCM data 

values in each block, so that said predetermined number is the 

ratio of said first and second rates.

3. The method as claimed in claim 2, wherein the 

representative value for each block is computed by selecting the 

maximum and minimum PCM data values in the block, and calculating 

said representative value as the mean value of said maximum and 

minimum values.
o©0 0a eee

4. The method as claimed in claim 2, wherein said PCM data 

85β’ β values are offset by subtracting from them corresponding values
co©

in said series of representative values.
G©0 Q
& G © G

5. The method as claimed in claim 2, wherein said

extracting exponents is performed for each block by selecting a 
aete . "© c
6ββ0 respective exponent in accordance with the adjusted PCM data 

00 0 value of maximum magnitude in the block.
a © g a© © ©©a

6. The method as claimed in claim 2, wherein said first 

*!*” predetermined rate is approximately 36 kilohertz to accommodate«©A©
an audio bandwidth of about 18 kilohertz, and said predetermined 
number of consecutive PCM data values is about 16.

7. The method as claimed in claim l, further comprising the 
step of transmitting the floating-point data values along with
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said series of representative values over a video-bandwidth 

channel to a remote location where an audio signal is decoded 

from the transmitted series of values.

8. The method as claimed in claim 1, wherein half of said 

second rate is approximately one kilohertz.

9. A method for digitally encoding an audio signal 

represented by an initial series of fixed-point pulse code

S’, modulated (PCM) data values occurring at a predetermined samplingft i
t,’ rate, each value being represented by a predetermined number of 

11
bits, said audio signal including low frequency components of

4
°< high amplitude and high frequency components of relatively low 
««
‘ amplitude, said method comprising the steps of:

dividing said series of fixed-point PCM data values into

blocks, each block comprising a plurality of consecutive PCM data• «
” values, each block including a predetermined number of said4 H ft I
“ ‘ consecutive PCM data values so that said blocks occur at a

S ‘ ♦* predetermined block rate being less than said sampling rate, half 

of said block rate being at an intermediate frequency in the

•J** audio spectrum,

«“*»«« centering the fixed-point PCM data values within each block
about a zero reference level by extracting a common offset value 
K for the data values within the block, the common offset value K 
being a median value between the minimum and maximum PCM data 
values in each block, and

ft
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transforming the centered fixed-point PCM data values within 

each block to a floating-point format in which the centered PCM 

data values are represented by a predetermined number of bits 

less than the number of bits of the PCM data values in said 

initial series, and in which a common exponent is determined for 

the block corresponding to a common scale factor for the 

floating-point conversion, so that the combination of the series 

of floating-point PCM data values, the common offsets K for the 

blocks, and the common exponents for the blocks, encode said 

audio signal at a substantially lower bit rate than said initial 

series of fixed-point PCM data values, and thereby preventing the 

low frequency components of high amplitude from having a 

destructive effect upon the high frequency components of 

relatively low amplitude.

10. The unthod as claimed in claim 9, further comprising 

the steps of truncating the common offsets K to 8 bits, 

truncating the common exponents ’to 3 bits, and truncating the 

floating-point PCM values to 8 bits.

11. The method as claimed in claim 9, wherein half of said 
second rate is approximately one kilohertz.

12. A decoder for decoding an audio signal which has been 
encoded from an initial series of fixed-point pulse code 
modulated (PCM) data values occurring at a predetermined sampling
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rate and representing samples of said audio signal, each value 

being represented by a predetermined number of bits, said audio 

signal including low frequency components of high amplitude and 

high frequency components of relatively low amplitude, said audio 

signal having been encoded by:

dividing said series of fixed-point PCM data values into 

blocks, each block comprising a plurality of consecutive PCM data 

values, each block including a predetermined number of said 

consecutive PCM data values so that said blocks occur at a 

predetermined block rate being less than said sampling rate, half 

of said block rate being at an intermediate frequency in the 

audio spectrum,

centering the fixed-point PCM data values within each block 

about a zero reference level by extracting a common offset value 

K for the data values within the block, and

transforming the centered fixed-point PCM data values within 
each block to a floating-point format in which the centered PCM 
data values are represented by a’ predetermined number of bits 
less than the number of bits of the centered PCM data values, and 
in which a common exponent is determined for the block 
corresponding to a common scale factor for the floating-point 
conversion, so that the combination of the series of
floating-point PCM data values, the common offsets K for the 
blocks, and the common exponents for the blocks, encode said 
analog audio signal at a substantially lower bit rate than said 
initial series of fixed-point PCM data values, and thereby
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*

limiting the normally destructive effect that the low frequency 

components of high amplitude have upon the high frequency 

components of low amplitude,

said decoder comprising, in combination,

means for receiving said common offset values K, said common 

exponent values, and the floating-point PCM data values,

means for transforming the received floating-point PCM data 

values in accordance with their respective received exponent 

values to recover fixed-point PCM data values,

means for de-centering the fixed-point PCM data values by 

adding their respective common offset values, and

means for converting the de-centered fixed-point PCM data 

values to analog form.

13. The decoder as claimed in claim 12, wherein said means 

for receiving includes means for receiving encoded data blocks 

consisting of 16 PCM data values, and a common exponent and 

offset value K for each block. ’

14. The decoder as claimed in claim 12, wherein said means 
for receiving includes means for receiving 8-bit common offset 
values K, 3-bit common exponent values, and 8-bit floating-point 
PCM data values.

15. The decoder as claimed in claim 12, wherein said means 
for transforming includes a shift register for performing an
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arithmetic right-shift by a selected number of binary places 

indicated by the exponent values.

16. The decoder as claimed in claim 12, wherein said 

predetermined sampling rate is approximately 36 kHz to provide an 

audio bandwidth of about 18 kHz, the de-centered fixed-point PCM 

data values converted to analog form are each represented by 16 

bits, and said means for converting the de-centered fixed-point 

PCM data values comprises a 16-bit digital-to-analog converter to 

reproduce sa,id audio signal with high fidelity.

17. The decoder as claimed in claim 12, wherein said means 

for receiving further comprises a cable television tuner and 

demodulator.

18. The decoder as claimed in claim 12, wherein said 
decoder consists essentially of hard-wired digital logic.

19. A decoder substantially as herein described with 
reference to the accompanying drawings.

Dated this X4th Day of March, 1990
FREDERIKSEN & SHU LABORATORIES, INC.
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