Low bit-rate coding of high-quality

audio signals

An introduction to the MASCAM system

G. Theile, G. Stoll and M. Link*

The article explains how the bit-rate of a digital audio signal can be reduced, without
impairing the subjective quality, by arranging to transmit only those details of the signal
which will effectively be perceived by the listener. There follows a description of
preliminary hardware exploiting these principles. Further bit-rate reduction possibilities
are then discussed, leading to a suggested codec configuration offering 16-bit linear
subjective quality with a bit-rate of less than 100 kbit/s per monophonic channel,
including an additional dynamically-varying bit-rate margin averaging about 30 kbit/s
which can be used for any purpose such as error protection and/or the transmission

of arbitrary data.

1. Introduction

Digital signal processing has progressed over the
past few years to the point where high-quality audio
signals can be recorded. There is a certain disadvan-
tage, nonetheless, owing to the relatively high data-
rate needed for the faithful representation of a
digitally-coded audio signal. A typical net bit-rate for
PCM recordings on magnetic tape or on Compact
Disc is of the order of 700 kbit/s for each
monophonic channel.

Whilst this problem is not unduly severe in audio
signal storage systems, difficulties can arise with
audio signal transmission because of the limited
capacity of the available channels. For the West
German DSR system for digital sound broadcasting
in 12-GHz DBS channels, the net bit-rate is reduced
to 448 kbit/s by using a sampling frequency of
32 kHz and a 16/14-bit scale-factor coding tech-
nique [1]. However, a much lower bit-rate will be
needed for digital sound broadcasting to portable
and mobile receivers and the question arises: how
low can we go? We know that the desired accuracy
of the received signal determines the minimum
bit-rate. However, two questions have to be
answered :
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If the desired accuracy of signal delivery is
known, how can the theoretical minimum bit-rate
of the signal be attained ? The answer, in principle,
is to delete all information which is not necessary
for the reconstruction of the signal with the desired
accuracy. The redundancy has to be zero. The
redundant elements of the signal, which are already
known at the receiver because of what has happened
in the past, need not be transmitted. Audio signals
generally exhibit stochastic characteristics, although
they can be anticipated, statistically, to a certain
degree. This is especially the case with speech
signals if the source is well-known. There are other
audio signals, however, which are entirely stochas-
tic. A further point to be considered is that the
sensitivity to bit-errors is a maximum for signals
having no redundancy. For these reasons, the re-
duction of redundancy is not very effective as a
means of reducing transmission bit-rate.

The second question is: what accuracy is desired
for the signal delivery? The answer, in principle,
will be based on consideration of the limited spec-
tral and time-related resolution capability of the
receiver — i.e., the human ear. We say that the
irrelevance has to be zero. The irrelevant parts of
the signal — those fine details of the audio signal
which cannot be perceived by the human ear —
need not be transmitted. This second question is
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therefore of a psychoacoustical nature, and it is
necessary to know exactly how the ear performs in
order to minimise the transmission bit-rate without
any perceptible loss of quality.

It will be shown here that the answer to the
second question is most valuable as the basis for the
design of a low bit-rate coding scheme for high-
quality audio signals. The required accuracy of
signal delivery is surprisingly low, although it is also
extremely frequency and time-dependent.

This implies that the quantizing error (quantizing
noise) of a digitally-coded signal ought to be fre-
quency-dependent. Ordinary (broadband) PCM sys-
tems (such as 16-bit uniform coding or the 16/14-bit
scale-factor technique) produce a broadband, al
most white, quantizing noise, the spectral distri-
bution of which is very different to the strongly
frequency-dependent sensitivity of the human ear.
Only a small reduction in bit-rate can be achieved
with broadband digital companding techniques
without excessive loss of quality, because the
broadband companding noise easily exceeds the
frequency-dependent masking-threshold of the ear.
A ‘““broadband PCM channel” is inherently mis-
matched to the *‘ frequency-dependent coded chan-
nel”’ of the ear.

In order to match the quantizing noise to the ear
characteristics, two different source coding tech-
niques are under investigation. They both use spec-
trum analysis techniques and frequency-dependent
bit-allocation and they both achieve a net bit-rate of
about 120 kbit/s per monophonic signal without
causing perceptible impairments.

Transform coding

This coding method [2, 3, 4] involves the
conversion of a block of consecutive samples into
the frequency domain (e.g. Fourier transform or
cosine transform). This strategy enables a reduction
in the redundancy of the audio signal and also a
matching of the quantization to the thresholds of
perception of quantizing errors. Only those values
of amplitude and phase that are relevant with respect
to the masking effects of the human ear are
quantized.

Sub-band coding

This coding method [5, 6] divides the broadband
signal into a number of sub-band signals with a
suitable filter bank [7, 8, 9] and into digital frames
between 2 and 8 ms long. Once in each frame, the
maximum level attained by each sub-band signal
(the ‘‘scale-factor’’) is quantized and transmitted.
Each sub-band is quantized with a bit allocation
based on the masking thresholds [10]. This method
avoids time-frequency-time conversion and there-
fore reduces the degree of signal processing com-
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plexity in the receiver. Also, it avoids problems with
time domain windowing and it optimises the distri-
bution not only of the quantizing noise but also of
the bit-error noise across the spectrum, again with
regard to the perceptibility.

The present article is concerned with this second
approach. It will explain the basic principles of the
so-called ‘‘ masking-pattern adapted sub-band cod-
ing and multiplexing ** (MASCAM) system, describe
prototype hardware and examine further refine-
ments to the system which are currently under
investigation.

2. Sub-band coding: an effective irrelevance-
reduction method

2.1. Principles of masking

The optimum adaptation of a sound transmission
channel to the human ear would involve simulation
of the internal coding process within the ear, but
this cannot easily be realised. Instead, we must use
coding techniques that are technically feasible and
which take advantage of the noise behaviour of the
ear. Such coding can be in the frequency or time
domain, may be fixed or adaptive, and may or may
not use memory. It can be regarded as truly opti-
mum only if the resulting noise spectrum conforms
to the masking threshold [10] of the ear. Thus, in
terms of signal theory, the frequency-dependence of
the masking threshold can be thought of as corre-
sponding to the spectrum of the coding noise of the
auditory communication channel.

Some masking thresholds are presented in Fig. 1.
The lower part of the figure shows the masking of
individual tones by masking narrow-band noise of
various sound pressure levels, whilst the upper part
shows this for narrow-band noise of three different
centre frequencies. It can be seen that loud low-fre-
quency sounds mask quiet high-frequency sounds
much more strongly than vice-versa.

A sound signal below the masking threshold of
the masking sound will not be perceived and is
therefore irrelevant as far as the ear is concerned.
This effect of ‘“ mutual masking’’ [10] is particular-
ly evident in broadband sound signals with well-
defined formant structures. If the mutual masking
is taken into consideration for the coding of an audio
signal, then it follows that the portion of the signal
lying beneath the masking threshold does not
need to be coded and need consume no transmission
capacity.

It is helpful to regard the ear as a communi-
cations channel and to consider a model in which
the ear splits the frequency spectrum into sub-
bands, the so-called *‘‘critical bands’’ [10]. The
critical bands are defined as characteristic portions
of the broadband audio spectrum within which
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Masking thresholds L; obtained with narrow-band noise
having:
top : a sound pressure level (SPL) of 60 dB and centre
frequencies f.,, of 0.25 kHz, 1 kHz and 4 kHz
bottom :

centre frequency of 1 kHz and various values of
SP

specific psychoacoustic regularities are valid, such
as frequency selectivity, the masking threshold, etc.
If we assume that an optimum coding is performed
in each ‘critical-bandwidth’’ sub-band, then the
complete spectrum of the signal-dependent ‘‘ coding
noise’’ will correspond, in principle, with juxtapos-
ed partial spectra of the individual critical-band-
width sub-bands.

From this, an optimum coding concept can be
derived. The coding noise can be masked optimally
by the sound signal if the signal is not broadband,
but instead narrow-band coded since, within each
sub-band, the coding can be adapted exactly to the
noise performance of the ear.

2.2. Detérmination of sub-band bit-rates

An example for the required guantizing of a
sampled tone is presented in Fig. 2. A 1-kHz tone
is present in a sub-band one-third of an octave
wide. The critical situation as regards the perception
of the quantizing noise occurs when the tone is at
the upper cut-off frequency of the sub-band filter,
because the slope of the low-frequency flank of the
masking threshold is very steep (about 27 dB/criti-
cal band) and at the same time is independent of level
(see Fig. 1, bottom). This critical case is depicted in
Fig. 2. The threshold between detectable
and undetectable sub-band limited quantizing noise
is determined by the point of intersection of the

Quantized signal

ik in sub-band i

ek (1-kHz tone)

&5 - l .
)
E_‘.[ -— ' - 77'(* S
o) 5dB
2
WiSE—— & | T ety —
¢ i
=Y
¥ 504 .
g _
‘g 20ig{v15.9q |

45+ _

v Detectable

U quantizing noise =

N A B | L 1

| |
) Undetectable
09— quantizing noise

_ Sub-band limited
"\ quantizing noise

-

20 T T T T T
01 a2z 0 | 2 5 10 16 kHz
1| Frequency
£l for
Sub-band i
Figure 2

Derivation of the minimum quantizing resolution Q) Within a sub-band.
The most critical case is shown, with a tone at the upper cut-off frequency
of sub-band i, one-third of an octave wide.
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masking threshold (low-frequency flank) and the
lower cut-off frequency of sub-band i. The differ-
ence between this threshold level and the signal level
will be called the ** critical signal-to-noise ratio ay; "’
of sub-band i. It can be calculated for the most
critical case as follows:

ag = 200 Ig (f,;/f,;) + 5 dB (1)

where f; and f; denote the upper (German oben)
and lower (unren) cut-off frequencies of sub-band
i.

For q; quantizing steps, according to [I1], the
signal-to-noise ratio is given by:

= 201g (V1.5 . q;) dB 2

The minimum quantizing resolution which is ne-
cessary for a sample if the quantizing noise is to be
masked can be determined directly from
equations (1) and (2):

Id Gigminy = 32 lg (foi/fy) + 1 bit/sample (3)

The minimum resolution of a sub-band signal
(bits per sample) depends only on the relative
bandwidth f,;/f, of the filter used, and if this
decreases towards the higher-frequency sub-bands
the required resolution of the corresponding sub-
band decreases. Equation (3) demonstrates that this
bit-rate could be reduced, in theory, by increasing
the number of sub-bands; nevertheless, it will be
shown in section 4 that there is another more
advantageous way of obtaining additional bit-rate
economies.

aqi

100 .

3. First MASCAM system

Working on the basis of equation (3), a first
MASCAM system has been designed and built. The
system described in this section is the one used for
the EBU demonstrations during the WARC-ORB 88
Conference in Geneva of advanced digital tech-
niques for UHF satellite sound broadcasting, in
conjunction with the OFDM transmission system
developed by the CCETT [22].

This prototype system uses 24-band partitioning,
as shown in Fig. 3. To simplify the construction of
the digital finite impulse response (FIR) filter (trans-
versal filter), only two different sub-band band-
widths were used for this first realisation. 16 filters
each of 0.5 kHz width cover the range from 0 to
8 kHz, and 8 filters each 1 kHz wide cover the
range 8 to 16 kHz. In Fig. 3 the critical S/N ratio
of each sub-band is shown (left ordinate), together
with the corresponding minimum bits per sample,
calculated using equation (3) (right ordinate). At the
changeover point between the 16th and 17th sub-
bands the absolute bandwidth of the filters is
doubled and there is a step in the function defined
by equation (3).

The hardware built for the EBU demonstrations
functions at a bit-rate of 112 kbit/s, excluding the
bit-rate needed for transmission of the scale-fac-
tors [1] (24 kbit/s) and for bit-error protection.
Schematic diagrams illustrating the send and receive

Number of sub-band

I <]
& 6 8 Rp M 5

T

dB

| G e 5 R

&

T
Bits - sample

Signal-to-noise ratio in a PCM sub-band

0

1 2 5 |'O
Frequency

kHz 20

Figure 3
Critical signal-to-noise ratio and reguired quantization of samﬁ)_les in the sub-bands

in a scheme with 24 sub-bands, as

erived from equation (3).

he preliminary scheme

has two constant sub-band widths of 0.5 and 1 kHz.

No. 230 - AUGUST 1988

161



I Transmission

Transmitter | Receiver
! path
el T
/ T —— —— —A ¥
= A
N\ - 1 ~— = = )
a -
E A \
F\ | ‘ | F
[\ — — —= —C;:} L
‘ s <l b
B = e = N
o H
=, mum = +— e St
32-kHz digital (‘ B 32-kHz digital
audio signal | g I:;_ = — —t audio signal
\ .‘—I::D— — —— o N\ i b
-f/cr‘"'-lzl— — — E’D %%
s, P = B e A
o e T —i —+- s = o
i e - +— i ——— P
d/,,/ﬂ:, = 3 [ _ > -
I:-—:i — —— i {:)“‘,D 1
q b= =l il w— = | :
- — - —— 0
< T — g == -
- ~ 3—— —t— = 4+ o
P == — —CohL
q’ I —— —_—— —_— Yy
SO L == o = | e — T4 <
e o P =
- o i =D -
atic bit- Static bit-
— —— - - e -
allocation allocation
Quadrature Inverse Inverse quadrature

mirror filters

Transcoding  Transmission

transcoding mirror filters

Figure 4
General structure of the preliminary MASCAM scheme, with static bit-allocation to 24 sub-bands.

functions are presented in Figs. 4, 5 and 6. The first
stage of the encoding process is filtering (Fig. 4).
The second stage is transcoding, in which the initial
data reduction takes place. The band-split audio
signal, now largely free of irrelevance, is then
transmitted (stage 3). Stages 4 and 5 take place in
the receiver, and consist of inverse transcoding and
inverse filtering, after which the 16-bit uniform
coded audio signal is again available.

3.1. Source and channel coding

3.1.1. Band-splitting

The splitting of the incoming audio signal into the
24 sub-bands is achieved using a quadrature mirror
filter bank (QMF) [7, 8, 12, 13]. These filters make
complete utilization of the sampling frequency pos-
sible, with a minimum of aliasing and exceptionally
small ripple. The sampling frequency required for
each sub-band filter is exactly twice as large as the
bandwidth of the filter. The aliasing distortions
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resulting from the selectivity of the filters are
completely eliminated by the inverse filtering at the
decoder, provided that there is uniform quantizing
in all the sub-bands [12]. In principle, this criterion
is not satisfied where different quantizing is used
for adjacent sub-band signals. However, measure-
ments relating to this problem have shown that the
differences in resolution in adjacent sub-bands, as
shown in Fig. 3, will only produce aliasing dis-
tortions which are masked due to the masking
threshold. This is valid for any programme signal.
With a view to reducing the complexity of the
MASCAM decoder, investigations are under way to
examine the suitability of the so-called wave digital
filter technique [9, 14].

The filter banks use a sampling frequency of
32 kHz and cover an audio base-bandwidth of
16 kHz. This sampling frequency has been chosen
only for convenience for the first MASCAM proto-
type using static bit-allocation. In the final version
using dynamic bit-allocation, a sampling frequency
of 48 kHz will be used to ensure compatibility with
the studio standard [15] (see section 7.2).

EBU REVIEW - TECHNICAL
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Block diagram of the MASCAM coder with static bit-allocation used for the
demonstrations at the WARC-ORB 88.

Bit-rate of multiplex signal: 168 kbit/s

Bit-rate of samples + scale-factors: 136 kbit/s

Sampling frequency: 32 kHz

3.1.2. Transcoding

The basic operations needed for the transcoding
process are shown in Fig. 5. After band-splitting,
a scale-factor is determined for each of the sub-
band signals and for a block of samples. The
block-length is 8 ms for sub-bands 1 to 16 (0
to 8 kHz) and 4 ms for sub-bands 17 to 24 (8 to

16 kHz). The scale-factor indicates the maximum
level attained by the sub-band signal within the
block. The transcoding of the 16-bit sub-band
signals depends on the scale-factor information
and on the number of bits allocated to each sub-band.
In the case of static bit-allocation, the allocation
control information for each sub-band established
according to equation (3) is held in a look-up table
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Figure 6

Block diagram of the MASCAM decoder functioning with the coder of Fig. 5.
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provided in both the transmitter and receiver (Figs.
5 and 6).

3.1.3. Error protection

In order to obtain an undistorted transmission
over a non error-free transmission channel, it is
necessary to apply greater protection to the scale-
factors than to other parts of the transmitted signal.
The prototype channel coder and decoder use a
channel code which provides equal error-protection
for all bits, so an additional error-protection is
implemented for the scale-factors in the source
coder and decoder. Furthermore, it has been found
that it is useful to apply greater protection to the
most-significant bits (MSB) of the lower, rather
than the higher, sub-band signals. Therefore the
MSBs of the five lowest-frequency bands are
protected (in sub-bands 1 and 2, the two MSBs are
protected and in sub-bands 3, 4 and 5 the MSB
alone is protected). As the maximum bit-rate of the
channel coder input signal is 168 kbit/s, the code-
rate (ratio of useful information-rate to total data-
rate) of the complete MASCAM multiplex signal is
0.81.

For the protection included in the source cod-
ing/decoding, a (23,12) Golay code [18] with a
Hamming distance of 7 is used. Thus correction is
possible for up to 3 bit-errors in a 23-bit word. To
achieve detection of up to 4 bit-errors, a party bit
is added to the 23-bit word. As shown in Fig. 7,
the scale-factors and the MSBs are put together in
12-bit words which are protected by the additional
11 bits of the Golay code and the parity bit.
The whole of this processing is performed inside the

SOURCE-CODER

signal processors by using several look-up tables, so
no additional hardware is needed for the error-pro-
tection.

3.2. Hardware complexity

The filter bank consists of 23 quadrature mirror
filters. In each filter the spectrum of the input signal
is divided into two data streams, each having
one-half of the bandwidth and one-half of the
sampling rate of the input signal. The 64-tap filter
elements process two input samples at a time to
provide one sample at each output; i.e. the average
processing effort is 32 multiplications and additions
for one input sample. Fig. 4 shows that all audio
data pass through four filter stages, and the lower
half of the spectrum passes through a fifth one. The
first stage is a single filter working at the full
sampling rate, the second stage comprises two filters
each working at one-half of the original sampling
rate, etc.

The total calculating effort for the filtering pro-
cesses is 4.5 times 32 operations for each input
sample. With a sampling rate of 32 kHz, about 4.6
megaflops (mega floating-point operations) are re-
quired in the filter banks of the coder. The inverse
filter elements in the decoder require the same
processing capacity.

After filtering, the following steps are required in
the coder:

- find the greatest absolute value among 8 samples,
for each sub-band;

SOURCE-DECODER
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Error-protection of scale-factors and MSBs.
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- classify these maxima to 1.5 dB accuracy (6-bit
scale-factor);

- classify 8 samples in a block with regard to the
scale-factor and to the sub-band-related accuracy
of linear quantization;

- protect the scale-factors and MSBs of the 5
low-frequency sub-bands with the Golay code;

- assemble a continuous data stream of scale-fac-
tors and numbers of steps from one and two-byte
locations in the signal processor’'s RAM.

In the decoder the data first have to be stored
in addressable RAM locations. The next step is
error correction and then the scale-factors and
numbers of steps must be transcoded to floating-
point values before they are passed to the inverse
filter bank.

The MASCAM coder and decoder are based on
the DSP 32 signal processor manufactured by
AT&T, within a development system designed by
Fraunhofer Gesellschaft Erlangen. One DSP pro-
vides 6.25 megaflops. In addition to the theoretical
demand of the filter banks for 4.6 megaflops, a
great many processor instructions are necessary for
setting up the filter bank structure and for data
transfer via the serial ports of the signal processors.
About 95 % of the capacity of a signal processor
is taken up by the complete filtering function
(transmitter and receiver), so a second processor is
used in the transmitter for the transcoding, Golay
error-protection and data stream assembly, and in
the receiver for the dis-assembly, error correction
and inverse transcoding. About 30 % of the second
processor in the transmitter, and about 20 % of that
in the receiver, are occupied by these functions.

The complete hardware therefore comprises four
signal processors in the stereo transmitter, and four
in the stereo receiver. The average occupation of the
processors in the transmitter is 63 %, and in the
receiver it is 58 %. This calculation effort could be
reduced in the future MASCAM systems by reduc-
ing the number of coefficients in certain filters,
reducing the number of sub-bands and using wave
digital filters (see section 7.4).

Additional hardware components in the proto-
type transmitter and receiver are a timing circuit
giving bit and word clock signals, and a frame
synchronizer to lock the MASCAM signal to the
modulation system provided by the CCETT for the
demonstration in Geneva. The audio data at the
source coder input and decoder output are delivered
via standard EBU/AES digital audio interfaces.

4. Optimizing the bit-rate reduction

It has already been shown that the elimination of
irrelevant detail in a signal is a powerful means of
achieving bit-rate reduction. The required accuracy
of signal representation is in fact surprisingly low,
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even without employing all the techniques that are
possible. In this section we will consider how the
reduction can be optimized to suit specific system
applications.

4.1. Codec used for simulations

The investigations on further bit-rate reduction
possibilities are based on the codec shown in Fig.
8. The following characteristics have not been op-
timized as they would be in a final real-time version,
such as that described in section 7:

- In order to achieve a frequency distribution of the
quantizing noise which can be matched optimally
to the masking threshold, a 24-band partition has
been realised using quadrature mirror filters. The
smallest sub-bands (125 Hz wide) are used over
the frequency range from 0 to 1 kHz, and 2-kHz
sub-bands are used from 8 to 16 kHz.

- The side information includes the scale-factors
but not the bit-allocation control data or the
channel coding status data. The bit-allocation
control data are determined at the coder and at
the decoder, on the basis only of the scale-factors.

4.2, Scale-factors

4.2.1. Temporal masking effect

A third step in the bit-rate reduction process may
be defined in terms of the temporal masking effects
of the ear [10]. In addition to ‘‘simultaneous’’
masking (masking of one sound by another occurr-
ing at the same time), two other phenomena may be
discerned:  pre-masking and  post-masking.
Exploitation of these phenomena allows the quan-
tizing noise to be spread over a certain time interval
without audible degradation. The maximum block
length for the validity of a certain scale-factor is
defined mainly by the pre-masking, which is the
period just before a masking signal appears (see
also [5]). The duration of the pre-masking period
is about one-tenth of that of the post-masking
period, and is typically between 50 and 200 ms.

4.2.2. Bit-rate reduction

Quantization of the scale-factors with 6 bits gives
a resolution over the whole dynamic range of a
sub-band signal which varies in steps of 1.5 dB. If
the scale-factors of every sub-band are transmitted
every 4 ms, the data rate is 36 kbit/s. These scale-
factors are especially important in the decoding
process, so they must be well protected against
bit-errors by the introduction of redundancy in the
channel coder. The application of bit-rate reduction
to the scale-factors is therefore essential, in view of
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General structure of the MASCAM codec using dynamic bit-allocation to 24 sub-bands,
used in the current simulations.

the large proportion of the total channel bit-rate
which they will otherwise consume. The temporal
masking characteristics of the ear are exploited for
this purpose.

In a time window having a length up to 64 ms
(this value depends on the specific application of the
MASCAM scheme), each scale-factor is examined
to determine its *‘ subjective importance *’. Scale-fac-
tors located at fast increases in signal level are the
most important ones to transmit because the ear is
especially sensitive to fast impulses [20]. The post-
masking effect is used by the scale-factor bit-rate
reduction algorithm. Generally, fast decay curves of
signal levels do not have to be reconstructed as
accurately in the decoder.

It is therefore not necessary to transmit all 24
scale-factors in every 4-ms block. A complete new
set is nevertheless required every 4 ms in the decod-
er, which is instructed to interpolate interim values
for those that are not transmitted, on the basis of
those that are.
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Fig. 9 shows typical temporal changes in scale-
factors for three sub-bands. Case A shows the
variations without data reduction, whereas in case
B the bit-rate was reduced from 36 kbit/s to
8 kbit/s. The strong impulses in the scale-factors in
the higher-frequency sub-bands represented in
Fig. 9 illustrate that a fast increase in signal level
can be reproduced accurately. The decreases in level
are reproduced only approximately and there is
some ‘‘ smoothing ** of the decay which nevertheless
corresponds to the post-masking effect [21].

Several algorithms for data-rate reduction of the
scale-factors have been devised. Listening tests are
necessary to determine the permissible degree of
data reduction. It can be expected from the first
results with various types of audio signal that a
bit-rate of about 15 kbit/s will be sufficient for the
transmission of 24 scale-factors, and in the remain-
der of this article this value will be assumed when
calculating the total bit-rate of MASCAM
processed signals.
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Figure 9

Temporal variations in the scale-factors (64-step resolution,
calculated every 4 ms) of three sub-band signals for an
excerpt of “pop" music.

A - without data reduction (36 kbit/s)

B - after reduction to 8 kbit/s.

4.3. Dynamic bit-allocation

4.3.1. Principles

A further reduction of the irrelevance within the
audio signal can be expected if, in addition to the
masking characteristics within each sub-band, the
masking effect of neighbouring sub-band signals is
also taken into account. The available information
processing capacity can then be allocated optimally
to the individual sub-bands.

To illustrate this, Fig. 10 shows the amplitude
spectrum (circles) and the ‘‘masking pattern’’ L
of a steady vowel | a | consisting of 20 harmonics
having a fundamental frequency of 200 Hz. The
masking pattern, which is the result of the mutual
masking of all the harmonics, is calculated by an
appropriate algorithm [19] based on psycho-
acoustical data representing the masking effects
of the ear.

Two important psychoacoustical phenomena are
apparent in Fig. 10 and these can be exploited in
the source coding procedure. First, all the harmon-
ics of the vowel which come beneath the masking
threshold do not need to be transmitted. This means
that any sub-band which contains masked — i.e.,
inaudible — components of the wanted signal can
be set to zero. Such sub-bands then make no claim
on the information processing capacity. Second, the
quantizing noise can be distributed across the signal
spectrum so that it always comes beneath the
resulting masking threshold as shown in the figure.
This gives a quantizing noise which is optimally
adapted to the masking pattern of the audio signal.

The criteria for the perception of aliasing dis-
tortions may be considered with reference to Fig.
11. As mentioned is section 3.1.1, aliasing dis-
tortions will occur when different quantizing is
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Figure 10

Amplitude spectrum SPL (circles) and masking pattern L. (full line) of the vowel | @ | containing 20 harmonics.
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applied in neighbouring sub-bands. This will be
especially valid in respect of any sub-bands that are
set to zero (sub-bands 3, 6, 14 and 15 in the case
in hand). Nevertheless, simulations have indicated
that the levels of the resulting aliasing distortions
in the sub-bands do not exceed the masking pattern
and that they are comparable with the level of the
quantizing noise. To illustrate the mechanism lead-
ing to this result, let it be assumed that the first
harmonic (in sub-band No. 2) ceased to exist; the
dynamic bit-rate allocation would ensure an ade-
quate bit-rate in the sub-bands that are carrying
relevant information. There would be no penalty as
regards the overall bit-rate reduction, because the
bit-rate available for the relevant information would
be increased by an amount corresponding to the bits
that are “‘saved’ in the sub-bands that are set to
Zero.

4.3.2. Bit-rate reduction achieved through dynamic
bit-allocation

Dynamic bit-allocation provides an additional
bit-rate reduction over and above that derived from
equation (3). The transmission bit-rate r; required
in each sub-band i varies over a limited range. The
minimum value is zero and the maximum depends
on the sub-band bandwidth, as formulated in
equation (3)

(4)

However, the greatest amount of net transmission
bit-rate r that is required is lesszﬁhan the sum of

r, =2k = £y + 1d Gy Ditds

the individual sub-band rates, Zr; because the
1

relevant masking threshold for sub-band i does not
result from sub-band signal i but, instead, from
sub-band signal i— 1. The relevant masking thresh-
old is therefore that on the high-frequency flank,
which is less steep (see Fig. [). Assuming the ratio
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Amplitude spectrum SPL
‘ of the vowel | @ | shown in
i Fig. 8, the masking pattern Ly
and the quantizing noise
| (hatched bars), with a bit-rate
of 16 kbit/s for the audio samples
and 20 kbit/s
| for the scale-factors.

|
[ Figure 11
|
|

20 kHz

Frequency

of the slopes of the upper and lower flanks to be
about 2, equation (3) has to be modified as follows :
Id Qj(miny = 1612 (f;/f,;) + 1 bit/sample  (5)
On this basis, the required net bit-rate can be
estimated for the signal containing the greatest
amount of relevant information. The estimated
value is r = 95 kbit/s. The value obtained from
equation (3) is 112 kbit/s. The dynamic bit-allo-
cation therefore offers a bit-rate saving of about
20 kbit/s.

The 24-band partitioning described in section 3
will serve as an example illustrating the advantages
of dynamic bit-allocation to individual sub-bands.
Fig. 11 shows the levels of quantizing noise in the
sub-bands (hatched bars), in relation to the masking
pattern, in the case if an available transmission
bit-rate of 16 kbit/s for the samples plus 20 kbit/s
for the scale-factors. A higher rate, for example 30
+ 20 kbit/s, would reduce the quantizing noise
enormously (Fig. 12). The fact that some sub-bands
can be set to zero — 12 sub-bands in the present
case — demonstrates that the relevant information
content of the audio signal is not very high. It also
shows that audio signals containing the greatest
amounts of relevant information will have the
smallest ‘‘ masked-to-noise’’ ratios. In most cases,
the masked-to-noise ratio in the sub-bands will be
much greater than zero [6].

Using this technique, the quality of the coded
audio signal, compared to that of a reference audio
signal, will not be impaired subjectively. This would
be true even with possible (future) digital audio
signals having better than 16-bit linear resolution,
such as an 18-bit linear system. The required bit-
rate of this source coding scheme is determined
exclusively by whichever audio signal contains
the greatest amount of relevant information.
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As Fig. 11, but with a bit-rate of 30 kbit/s for the audio samples
and 20 kbit/s for the scale-factors.

4.3.3. Dynamic bit-rate

The dynamic bit-allocation controller determines
the resolution necessary for the samples of each
individual sub-band, on the basis of the calculated
masking threshold. The quantizing is arranged to
ensure that the ratio of the masking threshold to
the quantizing noise level is approximately the same
in every sub-band. The so-called ‘‘ mask-to-noise”’
ratio will then be approximately frequency-indepen-
dent. If the noise levels are below the masking
threshold, there will be a ** mask-to-noise reserve "’.
To achieve a constant mask-to-noise ratio in the
case of signals that vary with time, the bit-rate of
every sub-band changes with each new 4-ms block.
The dynamic bit-rate therefore depends mainly on

the masking thresholds derived from the spectral
and temporal structure of the audio signal.

Narrow-band audio signals require only small
bit-rates. With such signals many of the sub-band
signals will be below the masking threshold and
need not be transmitted. Broadband audio signals,
and especially those with high levels in the high-fre-
quency range require a higher bit-rate because a
larger number of sub-bands will contain relevant
information that does need to be transmitted.

A critical case in which minimal masking occurs
is represented by a signal with spectral components
as shown in Fig. I3. This is an in-harmonic complex
tone consisting of 12 partials, and has been identified
as the ‘‘worst-case’ signal. The frequencies of
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Figure 13

Amplitude spectrum (stars) and masking pattern L; (line) of an inharmonic complex tone
of 12 partials occupying all 24 sub-bands (worst-case signal).
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this tone are situated just at the cut-off frequencies
of the sub-bands. The levels of the low-frequency
partials have been set to low values, so they create
minimum masking. The curve in Fig. /3 shows the
masking pattern of the complete complex tone.
Generally, the upper flank of a masking pattern has
a more pronounced masking effect than the lower
flank [10]. In the case of the complex tone of Fig.
13, the strong masking effect of the upper flank can
be exploited only to a limited extent because the
level increases towards the higher frequencies.

It can also be seen from Fig. 13 that a minimum
signal-to-noise ratio of about 25 dB is required. In
sub-bands at the high frequencies, however, the
values of signal-to-noise in the individual sub-bands
are lower. On the basis of these individual values,
the dynamic bit-allocation controller has to provide
individual bit-rates to each sub-band, with the total
amounting to 95 kbit/s. The controller provides an
additional bit-rate of 15 kbit/s for the side infor-
mation. Therefore, with a total bit-rate of
110 kbit/s, this critical audio signal can be trans-
mitted without any perceptible quality impairment.

In the case of natural microphone signals, the
necessary bit-rate varies with time. Figs. /4 and /5
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Figure 14
Reduced bit-rate of audio samples (excluding side
information) as a function of time.
top  : chamber music
bottom: “‘pop’ music.
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Examples of bit-rate variations with extreme variations.
top : speech (female newscaster)

bottom : solo piano.

show the variation of the required sample bit-rate
(excluding the side information) for various forms
of sound signal (chamber music, solo piano, pop
music and newscaster). Large differences are appa-
rent, and it is also seen that a bit-rate in excess of
90 kbit/s is seldom required.

In the example ‘‘ pop music’’, the bit-rate varies
only very slightly (Fig. /4, bottom). In contrast, the
examples ‘‘newscaster’’ and ‘‘piano’’ produce a
wide range of required bit-rate values (Fig. /5). For
example, the decay of piano chords is characterized
by a spectrum containing no high frequencies. Such
high-frequency components require a high amount
of bit-rate, so the resulting bit-rate is exceptionally
low in this case.

4.4. Buffering

It has been shown that the instantaneous data-
rate of the source-coded MASCAM signal will vary
quite widely. A data-rate of about 100 kbit/s will
occur only occasionally and for very short periods.
When a data buffer is used, the spread of the
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variable bit-rate can be averaged over a period of
time and the data channel capacity may be smaller
than that demanded by the peak demand of the
unbuffered signal from the transcoder. Typical var-
iations of bit-rate with time for various buffer sizes
(i.e. various delay times) are shown in Fig. 16. The
bit-rate variation in the one-second excerpt shown,
when no buffer delay is used, is 46 kbit/s. The
variation decreases to 37 kbit/s with a buffer length
of 20 ms. In this particular example an averaging
time of 500 ms provides an almost constant bit-rate
and a maximum bit-rate of only 60 kbit/s is requir-
ed (86 kbit/s without any buffer).

kbit/s
100

80
o0

Bit-rate

40 B
100

80 +
60 4

40

1 [ 1 N R e
BO4 — — At = 500 ms
60 4= - : | 1]
s S = R R e e
0.25s Time
Figure 16

Bit-rate variations with different buffer delays (At ms).

In Fig. 17 the maxima of the bit-rate are shown
for different buffer lengths. If there is no buffer,
the peak bit-rates are independent of the audio
signals at about 100 kbit/s. As the buffer length is
increased slightly, the peaks fall and certain differ-
ences become apparent in the bit-rates for different
audio signals. As expected, these differences be-
come more marked as the buffer length is made
longer. As shown in Fig. 17, the gain in bit-rate
reduction is already quite high (approximately
10 kbit/s) with a buffer giving a 40 ms delay,
compared to that which can be obtained with much
larger buffers.

Audio signals with high signal levels in the high-
frequency range, such as pop music or big-band
jazz, require higher bit-rates without buffer delay
than other examples without such large high-fre-
quency components (for comparison, see the steady
““ worst-case ’’ signal in Fig. 13). Other audio signals
which have short pauses or a relatively narrow-band
amplitude spectrum, such as piano chords or
speech, can save up to 30% of the bit-rate if a
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Maximum bit-rate of four audio signals as a function of
the buffer delay.

longer delay of up to 1 second is used. An analysis
of a radio drama has shown that the maximum
bit-rate of 95 kbit/s without a buffer can be reduc-
ed to 67 kbit/s when applying a 1-second delay. If
a long delay of 20 seconds is used, a bit-rate of only
41 kbit/s results. In the broadcast transmission
situation, the delay should perhaps be minimised,
whereas in a storage situation even longer delays
would be acceptable. In view of the different eval-
uations of certain parameters according to the
application, it seems appropriate to design a VLSI
MASCAM decoder chip which can be adapted to
a variety of MASCAM formats.

5. Exploitation of the dynamic bit-rate margin

As illustrated above, the necessary bit-rate of
MASCAM-processed audio signals depends on the
spectral and temporal distribution of the audio
signal energy, on the buffer delay, and on
the desired quality level. If the buffer delay is about
40 ms, the resulting maximum bit-rate is 90 kbit/s
(see Fig. 17). This maximum bit-rate will occur with
microphone signals containing the greatest amount
of relevant information. With the steady worst-case
signal of Fig. 13, the bit-rate is 95 kbit/s (excluding
15 kbit/s for the side information). Most audio
signals contain smaller amounts of relevant infor-
mation and the total bit-rate required is less than
110 kbit/s. Although the bit-rate of the MASCAM
source-coded signal is signal-dependent, the bit-rate
q,, of the MASCAM multiplex signal which is to
be transmitted should nonetheless be constant, say
at 128 kbit/s. A so-called ‘‘dynamic bit-rate
margin’’ results from this situation.
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The example for q(i) is derived from Fig. 15 (speech) with a buffer delay of 40 ms.
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transmission bit-rate of 128 kbit/s.

bottomn :

. Dynamic bit-rate margin (dotted area), averaging 60 kbit/s assuming a

Insertion of synchronization information and error-protection in the dynamic

bit-rate margin. The grade of error protection depends on q; and

varies step-wise.

As an example, Fig. I8 (top) shows the required
bit-rate q,, for the samples (test signal: female
newscaster, see Fig. I15), and the required bit-rate
q, for the side information. The difference between
4, and q,, shown as the dotted area, is the
dynamic bit-rate margin. It varies according to the
audio signal over a range from about 30 to
100 kbit/s. This dynamic bit-rate margin, averaging
about 60 kbit/s, may be used for various purposes :

to obtain a larger ratio of masking threshold to
guantizing noise level (increased ‘‘ mask-to-noise
ratio’”)

- for bit-error protection and the formation of the
multiplex signal (‘‘ dynamic bit-error protection’’,
““synchronization’’)

- for the transmission of additional information in
the multiplex signal, which are non time-critical
and are independent of the sound signal, such as
programme information or radio-text data (‘‘ ad-
ditional data channels’’).
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The dynamic bit-rate margin may of course be
attributed to any combination of these three possi-
bilities. In the following, increased S/N ratio and
dynamic bit-error protection will be described in
more detail.

5.1. Increased mask-to-noise ratio

Source coding schemes which eliminate all the
irrelevance of a digital audio signal (i.e. those which
fully exploit the pre-masking, simultaneous masking
and post-masking effects) can cause problems in
certain applications [5]. For example:

- Where such source coding systems are cascaded,
the quantizing noise can accumulate and exceed
the masking threshold. If, for example, both the
recording and the transmission of a radio pro-
gramme signal were to be done with such a coding
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scheme, the quality impairment could become
perceptible on critical sound signals.

- If the levels of certain parts of the signal spectrum
are raised or lowered at the receiver, the spectral
masking effects could be weakened to the extent
that impairments become perceptible in the quali-
ty. This may happen if the level of a sub-band
signal which normally serves to mask neighbour-
ing sub-band signals, is lowered at the receiver or,
inversely, if the level of a sub-band signal which
is completely or partially masked by a neighbour-
ing sub-band signal is raised at the receiver,

To prevent quality impairments in such circums-
tances, the dynamic bit-allocation scheme does not
function specifically to achieve the maximum possi-
ble reduction in bit-rate but rather to give a certain
amount of ** mask-to-noise reserve’’. This will vary
in a signal-dependent manner and is approximately
proportional to the bit-rate margin. If the audio
signal is so narrow-band, for example, that the
bit-rate in many sub-bands is set to zero, then an
appropriate increase occurs in the bit-rate of those
su™-band signals which evoke masking. Such in-
creases occur as far as the bit-rate margin permits.
Thus the resolution of the masking sub-band signals
is considerably higher, in certain circumstances,
than that required on the basis of the masking
threshold.

A further advantage of this form of dynamic
bit-allocation to the sub-bands resides in the fact
that sinusoidal signals, for example, are transmitted
with very high resolution (e.g. 16 to 18-bit linear).
The transmission of an isolated spectral line with
16-bit resolution in a sub-band 500 Hz wide
theoretically requires a bit-rate of 16 kbit/s,
although of course a bit-rate about twice as large
as this must in fact be considered, owing to the
aliasing distortion (see [5]).

5.2. Dynamic bit-error protection

An additional bit-rate is needed in the channel
coding to provide bit-error protection of the trans-
coded samples and the side information, and for
synchronization of the data transmission. The total
bit-rate of the MASCAM signal therefore comprises
contributions from both the source coding and the
channel coding.

The dynamic bit-rate margin may be exploited for
the channel coding in such a way that the degree
of error-protection of the multiplex signal is made
to be dependent on the instantaneously-available
bit-rate margin. This is called ‘“ dynamic bit-error
protection . It is advantageous to arrange for the
degree of error-protection to be determined in a
series of steps. For example, Fig. I8 (bottom) shows
a signal-dependent varying bit-rate q,, — q’(,
(dotted zone) which is used for the dynamic bit-
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error protection and for synchronization. The bit-
rate traced by the step-like curve q'(t) represents the
bit-rate available for the source coding, and it is
seen that it remains larger than the required bit-rate
Q¢ by a reasonable margin.

Dynamic bit-error protection leads to an increase
in the average degree of bit-error protection which
is governed by the average available bit-rate margin.
The probability of impairments due to bit-errors is
therefore reduced.

Furthermore, the dynamic error-protection
functions in such a manner that audio signals which
require a low bit-rate will be transmitted with a high
degree of bit-error protection; conversely, those
requiring a high bit-rate will have a lower degree
of bit-error protection. This characteristic is espe-
cially advantageous because signals requiring a low
bit-rate will give rather limited masking of the
bit-error noise, but it is precisely these sensitive
audio signals which will be given the greatest pro-
tection. This will be relevant, for example, in the
case of a speech signal (more especially during the
pauses) or during certain passages of music (such
as ‘““‘pp’’ passages on the piano, see Fig. 15,
bottom, or *“*silence’ in a concert hall); the requir-
ed bit-rate for such signals is particularly low and
the degree of bit-error protection is particularly
high.

It is a fortuitous feature of the system that the
degree of dynamic bit-error protection is determined
in such a way that, with a given bit-error rate, the
subjective impairment is almost independent of the
content of the audio signal.

6. Optimisation of the bit-error resistance

6.1. Source coding

One of the most important applications of
MASCAM will be digital broadcasting to portable
and car radios. The transmission path in such
circumstances is particularly hostile and the channel
coding principles must be chosen carefully, on the
basis of the path characteristics and the desired
failure characteristic, with a view to minimising the
channel bit-rate.

The bit-error resistance of the source coding
scheme should also be optimised, and examination
of this aspect has highlighted three significant fac-
tors.

6.1.1. Inherent insensitivity of audio samples to
bit-errors

Audio signal distortions do not occur in the
broadband spectrum but are instead restricted to the
narrow bandwidth of the sub-band containing the
defective samples. The narrow-band limitation re-

173



sults at the receiving end after the inverse filtering
operation. Bit-error noise in ordinary wideband
transmission systems is perceived as ‘‘clicks”’
whose intensity depends on the significance of the
erroneous bit. As the bandwidths of the MASCAM
sub-bands approximate to the “* critical sub-bands '
of the human ear, the loudness of noise resulting
from bit-errors is optimally limited. Furthermore, if
the scale-factors of all sub-band signals are given
a high degree of protection, the maximum ampli-
tude of the bit-error noise is limited by the scale-fac-
tor. The noise-level limiting effect occurs individual-
ly for each sub-band signal, so the overall bit-error
noise is masked under virtually all circumstances.
As an example, a bit-error ratio (BER) of 102 will
result in noise which is just perceptible, but not
annoying.

To illustrate the bit-error resistance of MASCAM
coded signals, we can consider a situation where all
the samples are totally distorted. In this case, the
system will ensure that the spectral curve of the
distortion noise coincides very closely with the
spectral curve of the undistorted audio signal. The
coder would operate like a 24-channel vocoder, in
which a broadband noise input is divided between
24 narrow bands which are amplitude modulated.
In such a situation, speech remains intelligible, even
if all the samples are totally distorted. This is
illustrated for the vowel | @ | in Fig. 19. A pre-
requisite for this characteristic is that there must be
no loss of side information or of synchronization
bits during the transmission.

6.1.2. Low number of important bits to be
protected

In the MASCAM signal the bits in the side
information are of paramount importance because
they carry all the information about the bit-allo-
cations to the different sub-bands. These bits must
be very powerfully protected. It has been found that
the importance of the most-significant bits (MSBs)
of the sub-band samples depends on the position of
the sub-band in the baseband spectrum: in sub-
bands below about 1 kHz the two MSBs of each
sub-band signal are important, in sub-bands
between 1 kHz and 3 kHz the MSB only is impor-
tant, and above 3 kHz the MSBs are less important.

Taken as a whole, the MASCAM multiplex signal
contains a small number of very important bits and
a large number which require no protection at all.
The scale of importance of the various bits is being
established by means of subjective evaluation of
signal quality.

6.1.3. Use of the dynamic bit-rate margin for error-
protection

As explained in section 5.2., dynamic bit-error
protection is a useful means of enhancing the
bit-error resistance. One approach to exploiting
this, assuming that constant and effective protection
is provided for all the important bits (see section
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Amplitude spectrum SPL of the vowel | @
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distorted but the scale-factors are perfectly protected.
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6.1.2. above), would be to use dynamic protection
to cover the remaining bits of less importance. This
would result in high transmission quality even where
the bit-error ratio is high.

6.2. Channel coding strategies

The channel coding strategy should be selected
not only with respect to the transmission path
characteristics and the desired degradation behav-
iour, but also with due regard to the characteristics
of the source-coded signal. This means that the
channel codec should be able to derive maximum
benefit from the source codec, although other fac-
tors such as low decoder complexity, additional
data channel capacity or easy adaptability to other
applications (e.g. recording) are also important.

As explained in section 6.1., a high degree of
bit-error resistance is achieved with MASCAM
source coding. Investigations of ‘‘source-adapted
channel coding ** are now under way with a view to
adding to these characteristics a channel code
offering optimum bandwidth economy and a
graceful degradation of performance in the presence
of high noise levels on the transmission path.
Particular attention is being given to the optimis-
ation of this concept for digital sound broadcasting
to vehicle receivers.

Another channel coding concept has been propos-
ed recently [22] which disregards the source charac-
teristics and aims to provide a ‘‘ virtually error-free
channel’’ allowing the transmission of any sort of
data by coding each bit in the same manner,
irrespective of its importance. Every bit will con-
sume the same redundancy. The ability of the
source codec to minimise the bit-rate to be transmit-
ted would not be fully exploited since the channel
bandwidth needed for a certain transmission perfor-
nance would not be minimised.

Summarising, a transparent channel provides
error-free transmission of arbitrary data even when
subject to high noise levels but the efficiency is not
optimum when transmitting audio signals, whilst a
source-adapted channel coding concept will allow a
more efficient transmission of audio signals with
good subjective quality even when subject to high
noise levels on the transmission path, but this
performance is unrelated to the BER performance
of the channel when transmitting arbitrary data.
This suggests that the optimum solution would be
a strategy tailored, above all, to give the most
efficient transmission of audio signals, despite high
noise levels, but allowing also the virtually error-
free transmission of arbitrary data. A number of
approaches to this question are being investigated.
Three of these will be presented briefly in order to
assess their likely capabilities and performance.
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They are all based on the use of the orthogonal
frequency-division multiplex (OFDM) modulation
system with coherent demodulation proposed
in [22].

6.2.1. Separate error-protection for source and
channel

This approach is used in the prototype MASCAM
hardware described in section 3. It is based on a
separation between the source and channel codecs,
and on a progressive performance degradation char-
acteristic of the channel codec when there are high
noise levels on the transmission path. The bit-error
resistance of the source codec comes into play in
this region of progressive degradation of the BER
performance.

As an example, we may consider a MASCAM
multiplex signal which is channel coded with a
convolutional code (4-PSK) using a constraint
length k = 7 and a code rate = 0.5. The
corresponding BER performance curves givenin [22]
show that the BER is degraded from 10 > to 10 !
over a range of values for E,/N, from 7 to 2 dB
in a Rayleigh channel.

The resulting subjective quality impairment de-
pends on the bit-error resistance of the MASCAM
multiplex signal, and it can be measured as a
function of the BER. With MASCAM signals, first
simulations have shown that ‘‘excellent’ quality
can be expected with a BER of 10~ * and ** good ”’
quality with a BER of 10 3, assuming there is
effective error-protection for the side information,
that dynamic error-protection corresponding to Fig.
18 (bottom) is used, and that the MASCAM multi-
plex signal bit-rate is 128 kbit/s.

The performance of this coding scheme can there-
fore be estimated as follows:

- channel bit-rate (excluding

synchronization bits) 256 kbit/s
- average bit-rate margin

available 0 kbit/s
- ‘““virtually error-free

channel ”’ E,/N, > 8 dB
- ““excellent ”’ quality E,/N, > 6 dB
- “good’ quality E,/N, > 5 dB
- “failure” (BER = 10 1) E,/N, = 2 dB

The subjective audio signal quality degrades over
a range of E, /N, from 6 to 2 dB, with the signal
remaining ‘‘intelligible’’ at values below 3.5 dB.

6.2.2. Additional transparent data channel

This approach is based on the error-free trans-
mission of any form of data, even with low values
of E,/N,, as proposed in [22]. Any additional

175



source-adapted error-protection will be superfluous
and to derive maximum benefit from the features
of the MASCAM source codec the dynamic bit-rate
margin should be used instead to provide an ad-
ditional transparent data channel. This could carry
a variety of broadcast-type services such as pro-
gramme information, traffic information, radio-text
or even still-picture delivery, without any need for
additional channel capacity.

Again taking an example of a channel codec
from [22], we will consider a concatenation of a
convolutional code and a Reed-Solomon code. The
resulting code-rate will be chosen as r = 0.437. The
corresponding BER performance curves for this
concatenated code suggest that the following chan-
nel performance will be attained :

- channel bit-rate (excluding

synchronization bits) 252 kbit/s
- average capacity of the

additional data channel

(useful bits) 30 kbit/s

- ‘““virtually error-free
channel E,/N, > 4.5 dB
- “failure”” (BER = 10~ 1) E,/N, = 3.5 dB

These values may be compared with those of the
first approach. Assuming that there is in fact a need
for an average useful bit-rate of 60 kbit/s accompa-
nying a stereophonic programme, this second
approach may be advantageous because the channel
bit-rate is not increased and because the bit-error
performance is “‘ excellent *’ at values of E,/N,, very
close to the failure point. If the degradation charac-
teristic is considered, however, the first approach
may be preferred because failure occurs at a value
of Ey/N, of about 2 dB instead of about 3.5 dB,
and intelligibility of speech is maintained over this
range of values, rather than abrupt muting.

6.2.3. Source-adapted dynamic error-protection

This approach is proposed in [23] in order to
obtain optimum bit-efficiency and fair subjective
quality at very low values of E, /N, (i.e., graceful
degradation) through the exploitation to the greatest
possible extent of the performance of the MAS-
CAM source coder. In this concept all the error-
protection is provided by the source-adapted chan-
nel coder and the MASCAM multiplex signal is
modulated without further channel coding. The
source and channel coders are combined in such a
way that the channel coder produces different
degrees of error-protection to individual bits of the
source-coded signal, in a manner dependent on the
importance of those bits and on the number of
redundancy bits available.

The channel coding is done with a convolutional
code and soft-decision Viterbi decoding. The con-
volutional code is designed to give sufficient bit-
error protection of the most-important bits. The
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desired degradation characteristic is obtained by
puncturing the code bits of the convolutional coder
according to the relative importance of the bits in
an information block. To ensure correct maximum-
likelihood decoding of the convolutional code, the
puncturing is done under rate-compatible res-
trictions [24]. By this means the same coder and
decoder can be used for all the bits, but the channel
coder remains extremely flexible and is able to
provide unequal error-protection to individual bits.
It can also provide equal error-protection to all the
bits, to permit the transmission of arbitrary data
(transparent data channel). The protection level
may be selected according to the desired value of
E,/N, for ““virtually error-free’’ performance.

To illustrate this, it will be assumed that all the
bits of one 4-ms block of the source-coded signal
are divided into five groups of differing importance,
and that each bit in the block can be allocated to
one of the five groups. Table I shows the code-rates
r chosen for each group, ranging fromr = 1/4 for
group 1 (most important) to r = 2/3 for group 5
(least important). Assuming that the ‘‘ worst case’’
signal (Fig. 13) requiring a source bit-rate of
110 kbit/s has to be coded, the source and channel
bit-rates for each group are shown in Table /. The
resulting total channel bit-rate is 255 kbit/s.

Table 1
Allocation of code-rates to five groups of source-
code bits of differing Importance, assuming a maxi-
mum source bit-rate of 110 kbit/s (worst-case signal)

Level of importance 1 2 (3|4 |5 (X

Code-rate r 1/4 | 1/3 | 215|112 | 213
Source bit-rate (kbit/s) 15[ 15|20 | 20 | 40 |110
Channel bit-rate (kbit/s) 60 | 45 | 50 | 40 | 60 | 255

This example illustrates the increase in efficiency
achieved with this graded error-protection scheme
The side information and the MSBs of the
MASCAM source-coded signal are given good pro-
tection so the graceful degradation characteristic is
shifted towards smaller values of Ey/N,.

Theoretically, failure (corresponding to a BER of
107 Y is at E,/N, = 0 dB. To obtain the same
performance with equal error-protection for all the
bits, the channel capacity would have to be
440 kbit/s instead of 255 kbit/s.

Extending this principle, the dynamic bit-rate
margin can be exploited even more effectively by
varying the code rates according to the instanta-
neous signal content. For example, if the instanta-
neous source bit-rate is 80 kbit/s, a suitable set of
code rates would be as shown in Table 2. It is clear
that the error-protection is enhanced by this pro-
cess. At very low values of source bit-rate such as
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Table 2

Allocation of code-rates to five groups of source-
code bits of differing Importance, assuming an
Instantaneous source bit-rate of 80 kbit/s

Level of importance 112 |3 4|5 (X

Code-rate r 1/5|1/4 | 1/3 [2/5 | 1/2
Source bit-rate (kbit/s) 15 (15|12 |12 | 26 | 80
Channel bit-rate (kbit/s) 75 | 60 | 36 | 30 | 52 |253

60 kbit/s or even 40 kbit/s (see Figs. 14 and 15),
the grade of error-protection could be extremely high,
even for the less-important bits.

However, it may not be appropriate to use all the
bit-rate margin for error-protection because the
improved code-rate allocation in Table 2 will in fact
have only a small impact on the subjective perfor-
mance. For practical reasons, failure will occur at
higher values of BER than suggested by the
theoretical BER performance curves in [22],
because the synchronization cannot be maintained
if there is a very high noise level on the transmission
path. The optimum solution would therefore in-
volve a trade-off between error-protection and the
provision of an additional data channel and/or
achieving a saving of bandwidth, discussed below.

As the channel coder produces different degrees
of error-protection to separate (groups of) bits,
some of the bit-rate margin could be used for other
purposes, such as the provision of an additional
data channel. The corresponding group of data bits
could be given good protection, for example by
using the code-rate 1/4, as for other parts of the
source-coded signal. Then, assuming an average
bit-rate margin of 30 kbit/s, the average capacity
of this additional transparent channel is 7.5 kbit/s.
This is obtained without imparing the channel
performance given by the arrangement of Table 1
and, more particularly, without increasing the band-
width,

An important way of optimising the channel
coder involves saving bandwidth by accepting the
use of a more economical code-rate allocation as
shown in Table 1. This may be found appropriate
if it is borne in mind that the worst-case source
bit-rate of 110 kbit/s will occur only very occasion-
ally. If the code-rates of Table I are applied to the
case where the instantaneous source bit-rate is
80 kbit/s, the channel bit-rate will be 198 kbit/s.
A saving of up to 50 % could be worthwhile, even
taking account of an increasing degradation of the
subjective quality at low values of E,/N,. Here
again a trade-off needs to be established with other
factors such as the desired performance of the
broadcast network, tolerable subjective impairment
at low values of E, /N, the performance of ad-
ditional concealment techniques, the synchroni-
zation performance, etc.
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In view of the above points, the strategy of
source-adapted dynamic error-protection appears
beneficial in comparison to the approaches consider-
ed in sections 6.2.1. and 6.2.2. The channel coding
is more efficient than that obtained with equal
error-protection to all bits, or that obtained with
separate protection for the source and the channel.
As far as the MASCAM scheme is concerned, the
dynamic bit-rate margin may be used in any manner
appropriate to the specific application. Where it is
used for dynamic bit-error protection, the resulting
BER performance may be unnecessarily high if a
channel bit-rate of 255 kbit/s is provided. The
required degradation characteristic of the subjective
quality, depending on E,/N_,, must therefore be
defined first with regard to bandwidth economy.
The flexible channel coder described in [23] would
be the ideal tool for these studies, since the failure
characteristic can be tailored to suit the require-
ments and any further developments in the source
coding technique can be implemented efficiently
without changing the channel coder hardware.

However, the final choice of channel coding
strategy will depend also on some other factors not
discussed here. To mention just one example, it
would appear advantageous to provide a defined
interface between the source and channel coding
sub-systems in order to simplify adaptation to other
applications (e.g., recording) by avoiding the need
for cascaded source codecs.

7. Future MASCAM hardware

Any MASCAM system for operational use will
need to be optimised with a view to achieving
minimum hardware complexity, particularly in the
receiver. Relevant parameters when establishing the
best trade-off in any particular application are:

- subjective quality

- bit-rate

- delay

- bit-error protection

- post-processing capability
- decoder complexity.

When evaluating these parameters, the specific
application of the MASCAM system must evidently
be taken into consideration. For example, as de-
scribed in section 4.4, the maximum bit-rate of the
MASCAM source-coded signal depends on the buf-
fer length. By increasing the delay to about 1000 ms
an additional bit-rate reduction of about 35 kbit/s
is achieved (see Fig. /7). For transmission purposes
the delay should perhaps be minimised; i recording
applications even longer delays may be acceptable.
In these contrasting circumstances, it would seem
appropriate to develop a universal VLSI MASCAM
decoder chip which can be adapted optimally to
different applications (digital audio broadcasting,
ISDN transmission, recording, etc.) and which is of
minimum complexity.
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7.1. Coding scheme

Functional block diagrams of the transmitting
and receiving ends of a more advanced MASCAM
system are shown in Figs. 20 and 2/ respectively.
The main differences compared to the preliminary
hardware system of Figs. 5 and 6 are:

a) The bit-allocation control data for each sub-
band are not provided in look-up tables based
on equation (3), but instead come from a con-
troller within the coder which monitors the
masking threshold. The instantaneous masking
threshold is calculated in a special sub-section of
the coder.

b) The scale-factors and the allocation control data
are coded and transmitted separately. This en-
ables the decoder to decode any bit-allocation
established by the coder. Hence the degree of
irrelevance reduction is governed only by the
performance and complexity of the coder, and
not of the decoder.

¢) Dynamic error-protection is provided. The
dynamic bit-rate margin is used (partially) to ex-
tend the bit-error resistance of the MASCAM
coded signal and the degree of protection is

governed by the allocation controller in the
coder.

d) There are fewer than 24 sub-bands. This is
possible because the required resolution of each
sub-band signal depends not on the sub-band
bandwidth according to equation (3) but, in-
stead, on the calculated masking threshold. A
certain number of sub-bands are needed in order
to match the spectral slope of the quantizing
noise to the masking threshold, and it is found
that at high frequencies this can be done with
relatively few sub-bands.

e) The channel coder is also controlled by the
dynamic bit-allocation controller, so the channel
coding can be adapted to suit the characteristics
of both the source coded signal and the channel.

7.2. Sampling frequency

To ensure compatibility with the EBU/AES digi-
tal audio standards, the future MASCAM system
will use 48-kHz sampling. Two aspects require
consideration in this context:

FILTERING TRANSCODING CHANNEL CODING
Filter I Data -
bank ™1 reduction =
( 2 -
g a
_ [ | 8| x5
| | o T |-
| | a =
| _48-kHz digital | \ = S
audio signal | T ‘ g =3
\ ‘ Determination D ‘ [}
| o] of = 48 —s——=! 2 ‘
| ‘ scalefactors reduction ‘ 3 .
| e —»f O ‘
. Scalefactors
Determination
—=1 of masking e
; RN Allocation
control
Y
Dynamic bit allocation
i i [} i
2 Signal Error
i Bit rate / /quafily / / Delay / prolectio:/
Figure 20

Block diagram of a MASCAM coder with dynamic bit-allocation. The auxiliary information includes scale-
factors, bit-allocation control data and channel coding status data. The expected bit-rate of samples + side
information is less than 100 kbit/s. Sampling frequency is 48 kHz.
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Block diagram of the MASCAM decoder corresponding to the coder in Fig. 20.

- Increasing the base-bandwidth from 16 kHz to
20 kHz will imply either an increase in the band-
width of the individual sub-bands, or an increase
in the number of sub-bands. If static bit-allo-
cation is used this will lead to an increased bit-rate
as determined by equation (3) corresponding to
the inclusion of additional sub-bands in the range
16 to 20 kHz. The increase in bit-rate would be
about 15 kbit/s.

- Where dynamic bit-allocation is used, the in-
clusion of four additional sub-bands in the range
16 to 20 kHz would barely increase the bit-rate
because the spectral components of a broadband
signal falling in this range will be masked [16,
17]; in other words, there is no relevant infor-
mation in these bands that needs to be transmit-
ted. If there is a narrow-band signal in the range
16 to 20 kHz, all the bits can be used for
transmission of this signal.

In principle, if an optimum irrelevance-reduction
coding scheme is used, the bit-rate of the coded
signal is independent of the sampling frequency. It
will be governed only by the amount of relevant
information in the source signal. Independence of
sampling frequency cannot in fact be achieved when
using static bit-allocation, but it will be very nearly
achieved in the final version of MASCAM using
dynamic bit-allocation.

7.3. Bit-rate

In the codec used for simulations (section 4), the
bit-allocation data have been determined as a
function of the scale-factors. It has been found that
this technique does not result in an optimum bit-
rate because a set of 24 scale-factors, renewed every
4 ms, can serve only approximately for the calcu-
lation of the instantaneous masking threshold.
Therefore, a more exact description of the masking
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audio signal is derived in a special sub-section of
the coder, as the basis for a more precise calculation
(Fig. 20); this takes account of all the relevant pre,
simultaneous and post-masking effects. By enhanc-
ing the performance of this sub-section of the coder
the number of bits allocated to the sub-bands is
minimised.

This type of bit-allocation control data cannot be
calculated in the decoder, however, so it has to be
transmitted from the coder. The bit-rate of the side
information increases accordingly. It has been
found, however, that this apparent disadvantage is
neutralized by two facts. First, the number of
sub-bands, and hence the number of scale-factors
to be transmitted, is reduced because the sole
remaining purpose of the filter bank is to match the
spectral slope of the quantizing noise to the instantan-
eous masking threshold. Second, the scale-factor
and allocation control together contain some redun-
dancy; this can be eliminated, for example by using
tables. The resulting bit-rate of the side information
is about 15 kbit/s.

The strategy of calculating the instantaneous
masking threshold as exactly as possible in the
coder, and transmitting the resulting control data to
the decoder, is advantageous compared to the bit-
rate reduction referred to in section 4. It is expected
that the bit-rate of the samples plus the side infor-
mation (scale-factors, bit-allocation control data,
channel coding status data) need not exceed
100 kbit/s. If the bit-rate of the MASCAM multi-
plex signal is maintained at 100 kbit/s, an addition-
al dynamic bit-rate margin of at least 30 kbit/s will
be available which can be used freely. In the case
of digital sound broadcasting, this margin would be
particularly useful for dynamic bit-error protection
and/or providing an additional data channel. The
resulting total transmission bit-rate of course de-
pends on the choice of channel coding strategy,
although values in the range 190-230 kbit/s per
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monophonic channel will be achievable in any case
(e.g., ‘‘transparent channel’’ or ‘‘source-adapted
channel coding ’* philosophy) where the MASCAM
technique is adopted.

Furthermore, if the delay of the coded/decoded
audio signal is not critical in some applications, an
additional bit-rate reduction can be achieved. For
example, a 64 kbit/s MASCAM multiplex signal
could be obtained by inserting a buffer of suitable
length (about 2 s) without impairing the subjective
quality of the decoded signal. In recording appli-
cations, even lower bit-rates can be expected, with
minimised dynamic bit-rate margin (see Fig. 16).

7.4. Decoder

In this future MASCAM concept, the hardware
of the source decoding sub-systems (inverse trans-
coding and inverse filtering in Fig. 27) will be less
complex than that discussed in section 3 because the
number of sub-bands and the number of coefficients
in certain filters is reduced. Also, if
wave digital filters [9] can be used instead of
quadrature mirror filters, it is expected that a
48-kHz stereophonic MASCAM source decoder
would require processing capacity equivalent to less
than one DSP 32.

Once the choice of filtering technique has been
made, a VSLI MASCAM source decoder chip could
be designed without limiting future progress in the
calculation and exploitation of the masking thresh-
old, and without restricting the range of possible
applications. The performance and characteristics
of the MASCAM source coding technique depend
only on the investment made in the transcoding part
of the coder (Fig. 20).

As regards demultiplexing and error-correction,
the hardware complexity will of course depend on
the channel coding strategy. For example, if a
virtually error-free channel is used, any error-pro-
tection is superfluous and a complete MASCAM
stereophonic decoder would require barely more
processing capacity than the equivalent of one DSP
32. On the other hand, if source-adapted dynamic
error-protection is used, as described in section
6.2.3., the complexity of the flexible Viterbi decoder
is almost identical to that of an ordinary Viterbi
decoder operating at a fixed code rate.

When using source-adapted dynamic error-pro-
tection, the performance and characteristics of the
channel coding again depend only on the properties
of the coder; i.e., on the puncturing of the code bits
of the convolutional code. The combined MAS-
CAM source and channel decoder hardware could
therefore be designed without restricting the flexibil-
ity to optimise the system with regard to specific
applications and performance targets.
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