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20. Abstract (Cont'd)

This report is written in two parts. Part I contains a description of
non-embedded and embedded MRP schemes. Detailed treatments on two em-
bedded algorithms, namely, the Linear Predictive Coding/Adaptive Pre-
dictive Coding with Adaptive Quantization (APC/APCQ); the Linear Pre-
dictive Coding/Split-Band Voice Coding (LPC/SBVC) are included. Wart
II contains the information on the real-time implementation of the'
LPC/SBVC coder on the government-owned Sylvania Programmable Signal
Processors (PSP). The hardware and programming aspects of the nigh-
:speed multiplier-accumulator in the PSP's are also discussed.
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I
ISECTION I

Summary

I
1.1 Summary of the Program

I In the DCA Wideband Speech Multiple-Rate Study (DCA 100-77-C-0054),
GTE Sylvania investigated the utility of multiple-rate processing

j (MRP) terminals in wideband/narrowband communications. Particularly,
two MRP schemes that employ embedded coding approaches were dealt
with in detail. Also, GTE Sylvania developed a real-time simulation

of the embedded Linear predictive Coder/Split Band Voice Coder which

operates at the data rates of 2.4, 8.0, 9.6, and 16.0 Kb/s. This

software was designed to run, in half-duplex mode, on the two GTE
Sylvania Programmable Signal Processors (PSP) already owned by theI
Defense Communications Agency.

The DCA Wideband Speech Multiple-Rate Study was motivated by the

unsatisfactory tandem performance obtained between a 2.4 Kb/s narrowband
terminal (e.g., STU-2) and a 16 Kb/s wideband one (e.g., Tenley).
The poor overall speech quality is generally attributed to the inter-

face unit (e.g., Bellfield-Seeley Interface) which converts bit
j streams transmitted by one terminal into inputs of another. This con-

version process includes synthesizing an estimate of the original
waveform using one speech processing algorithm and then analyzing the

resulting signal via another scheme. With this procedure, distor-
tions are introduced in the processed speech which are due to the

fact that most speech encoding methods are only optimized for clean

input speech, but not for inputs that have been corrupted. Moreover,

j interactions between distortions of the first coder with that of the

subsequent one further degrade the overall voice quality-

I In light of the poor tandem performance between wideband and

narrowband terminals, the objective of this study is to define ways

that will improve it. Instead of devising a newer or better terminal

interface, this effort investigates the alternative of replacing con-

ventional wideband/narrowband terminals with multiple-rate processing

(MRP) ones, each of which is capable of operating at several data

I 1-1
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rates. In particular, this study highlights the embedded MRP schemes
that employ only one speech processing algorithm for all transmissions.

Two methods are dealt with in detail and they are:

1. a 2.4/16.0 Kb/s Linear Predictive Coding (LPC)/Adaptive
Predictive Coding with Adaptive Quantization (APCQ)

2. a 2.4/8.0/9.6/16.0 Kb/s Linear Predictive Coding (LPC)/

Split Band Voice Coding (SBVC)

The first algorithm employs conventional LPC for 2.4 Kb/s trans-
mission, and by applying APCQ to the LPC residual, 16.0 Kb/s trans-
mission -results. Though the scheme produces highly intelligible

speech at 2.4 Kb/s and good quality outputs at 16.0 Kb/s, reasonable
performance cannot be attained at medium-band transmission (8-10 Kb/s)

using LPC/APCQ owing to the tradeoffs between input bandwidth and levels

of residual signal quantizers. In corparison, the second method,

LPC/SBVC, is more versatile since it can operate at the data rates of
2.4, 8.0, 9.6, and 16.0 Kb/s. Similar to the first technique, LPC is

also utilized for 2.4 Kb/s speech encoding. In this case, the LPC
residual is split into eight subbands where each of them is individ-
ually quantized. Depending on the quantizer used, transmission at

8.0, 9.6, or 16.0 Kb/s is achieved. Though the LPC/SBVC operates at all

rates of interest, unfortunately, quality obtained at the high rates
is rather disappointing as compared to that of APCQ. This is attri-
buted to the configuration of the quantizer in SBVC which is outside

the prediction loop. Discussions of the above schemes can be found

in Part I of this report.

Though the LPC/SBVC coder appears straightforward, its processing

requirement is a combination of two coders, namely, LPC and SBVC.
Henceforth, real-time implementation of the algorithm is generally

unthinkable onmanymachines. To illustrate its complexity, LPC/
SBVC transmitter functions include a LPC analyzer, computation of the

LPC residual, three stages of split band filtering, and individual
quantization of the eight subbands. Fortunately, the Sylvania PSP's,
after modification under the Subband Coder Study (DCA 100-79-C-0001)
are equipped with high speed multiplier-accumulators which can multi-
ply two 16-bit numbers and accumulate the 32-bit product with 35 bit

1-2



precision in 206 nsec. Moreover, this hardware is especially effi-

cient for linear filtering operations. With these PSP's, real-time

implementations of the LPC/SBVC in half-duplex mode is possible.

Flow charts and brief discussions of the real-time software are in-

cluded in Part II of the report.

1-3



5 SECTION II

MULTIPLE-RATE SPEECH PROCESSING SYSTEMS

2.1 Introduction

j Voice security terminals presently in use operate at dif-
ferent transmission rates, and in daily communications, sub-

scribers of high data rate (wideband) terminals may have to con-
verse with that of the low data rate (narrowband) ones. However,

such a connection proves to be non-trivial owing to the fact
that the terminals employ a variety of speech encoding schemes.

One approach to facilitate such communication is to make use of

a terminal interface which converts outputs of the first terminal
into a new bit stream that is compatible with those of the sub-

sequent terminal. As an example, the connection between a
2.4 Kb/s narrowband terminal which processes speech via Linear

Predictive Coding (LPC) 1 and a 16.0 Kb/s wideband terminal

which employs Continuously Variable Slope Delta modulation

(CVSD) 2 is illustrated in Figure 2-1. To connect a call from

the 2.4 Kb/s terminal to the 16.0 Kb/s one, synchronization has
to be first established between the narrowband terminal and the inter-

face and between the interface and the wideband terminal. Then the

interface performs the decryption of the incoming LPC bit stream

followed by the reconstruction of the input waveform using an

LPC synthesizer. The resulting waveform is processed by a CVSD
analyzer, and the 16 Kb/s output after encryption are transmitted
to the wideband terminal. Though this connection seems trans-
parent to the users, synchronization has to be maintained between

the two subscribers and the interface throughout the entire con-
versation. Also shown in Figure 2-1, the terminals are secure
(black), that is, only encrypted data are generated. However,
"clear" data and speech (in digital or analog form) are

created within the interface in such a way that communications

between terminals are protected only if the entire interface is

secure. This restriction increases the cost of the interfaces
which may consequently limit their availability to the subscribers.

2-1
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I
I Furthermore, though terminals may individually produce

acceptible outputs, the overall speech quality obtained when they
are connected through an interface is less than satisfactory.

This is exemplified by the more muffled and buzzy speech quality
obtained when a 16 Kb/s CVSD terminal is hooked up to a 2.4 Kb/s

LPC terminal. 3 The distortions can be attributed to the fact
that the speech processing algorithms are only optimized for
clean speech, but not for inputs derived from another speech
encoding scheme. Moreover, t-hese degradations are further com-

pounded by the interactions of distortions introduced by the
first speech processing method with that of the subsequent one.

In light of the costs and speech distortions associated

with the terminal interfaces, it is desirable to find other
means that will improve the tandem performance of the terminals.

The obvious solution is to use only one type of terminal for all
transmissions. In other words, identical terminals that operate at

one data rate are utilized, henceforth,communications between sub-

scribers require no interface hardware. Unfortunately, differences

in transmission media tremendously limit the effectiveness of such
communication systems. Another approach to improve the tandem per-

formance between wideband and narrowband terminals is to develop

new or optimize existing speech processing algorithms in the
terminals in such a way that they will yield good quality outputs
regardless of the input material. However, these techniques may not
exist or be readily available and this approach may not be possible.
A more viable method is to employ terminals known as multiple-

rate processing (MRP) terminals each of which has a (or a collec-

tion of) speech encoding algorithm(s) that is capable of trans-
mitting at various data rates. So, instead of the fact that
users of either narrowband or wideband terminals can only function
at a fixed rate, MRP terminal users have a choice of several trans-

mission modes. As long as both subscribers are set on the same

data rate, communications between them can be established without
any terminal interfaces and this eliminates the tandeming problem.

2-3



I
I 2.2 Multiple-Rate Speech Processing Terminals

A multiple-rate processing (MRP) terminal is basically one
that utilizes a single voice processor for both wideband and

narrowband speech transmission. The heart of the processor is a

speech processing scheme that is capable of encoding speech at a

list of data rates. In general, there are two types of MRP

schemes, namely, embedded and non-embedded methods. The non-

*embedded MRP algorithm utilizes a combination of several inde-

pendent speech processing techniques that operate at different

rates. In this situation, subscribers of a terminal can select
from the available rates one which is compatible with that of the

other terminal. Since the coder's algorithms are inde-

pendent of each other and as a result, they can be individually

optimized with respect to channel characteristics, speech qualtiy,

computation, and hardware requirements. Unfortunately, these

MRP terminals requires a complicated and sometimes cumbersome

call-up procedure in order to set up identical rates for both

terminals. Another MRP strategy is to employ an embedded coding
technique where the binary bit stream of the lower data rate scheme

is buried in the outputs of the higher rate. So in contrast to

non-embedded schemes where speech processing algorithms utilized

are independent of each other, the lower data rate scheme

of the embedded MRP terminal is a subset of the higher rate.

Moreover, to facilitate communications between wideband and

narrowband terminal users, an intelligent switch has to be in-
serted between the embedded MRP terminals in order to perfort the

stripping or filling in of the bits required for the particular

rate of transmission. When compared to the tandem interface as

shown in Figure 2-1, this switch does not convert the bit stream

into analog waveform and then resample the waveform. Consequently,

all problems associated with the interface are not present in these

intelligent switches. However, constraints have to be incorpor-

ated in the design of higher data rate scheme, and this signifi-

cantly increasei the complexity of the embedded MRP scheme. The

following sections discuss in detail the operations of both types

of MRP terminals and their utility in narrowband/wideband communi-

cations.

2-4



2.2.1 Non-embedded MRP Schemes

The non-embedded MRP scheme is basically a collection of several
independent speech processing algorithms. Employing either a manual

or an automatic procedure, the subscribers can select one of the

available schemes for transmitting or receiving speech. In general,

the lower data rate technique yields intelligible speech of synthetic

quality whereas the higher rate scheme produces a more natural

S sounding output. An example of the above MRP terminal is the bi-rate
STU-2 terminal which has a 2.4 Kb/s Linear Predictive Coder (LPC) and
a 9.6 Kb/s Adaptive Predictive Coder (APC)! Since the two coders with-

in the terminal bear no relationship to each other, the can function

independently. The lower rate LPC is known to yield speech with a
"buzzy" and unnatural quality whereas the higher rate APC results in

slightly granular but mcre pleasing processed speech.

To Aetail the utility of the non-embedded MRP scheme, a block
diagram depicting the connection of an MRP and a narrowband terminal

is shown in Figure 2-2. The MRP terminal shown is a tri-rate ter-
minal which can transmit at 2.4, 9.6, and 16.0 Kb/s, whereas the
narrowband terminal shown functions only at 2.4 Kb/s. So, in order

for the MRP terminal to communicate with the narrowband one, it is
clear that the speech processing schemes at 2.4 Kb/s for both ter-
minals have to be identical. Hence, if LPC is utilized in the narrow-

band terminal, the 2.4 Kbps coder of the MRP terminal also has to be
an LPC. To establish a call between the two terminals, protocol
information concerning the data rates has to be passed between them.
In practice, initiating a call from the MRP terminal may require

the subscriber to set manually the mode of the terminal to be 2.4
Kbps. On the other hand, if users of the narrowband terminals wish
to speak to those of the MRP ones, information about the 2.4 Kbps
data rate has to be first transmitted to the MRP terminal. From it,
the mode of the MRP terminals can be automatically switched to
2.4 Kbps. Then communications between the terminals can commence.
Utilizing a similar procedure, communications between a MRP and a
wideband terminal that operates at 16 Kb/s, as shown in Figure 2-3,

can also be established.

2-5
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Though connections between MRP and narrowband or MRP and wide-
band terminals are straightforward, communications between two non-
embedded MRP terminals are rather complicated owinq to the variety

of available rates. Ideally, subscribers of these terminals may
wish to transmit and receive at the highest possible rate for the
purpose of achieving the best voice quality. Unfortunately, this
may not always be possible due to the limitations of the channels.
Furthermore, these subscribers may not necessarily want to restrict
their utility of MRP terminals only to the lowest rate that only
results in speech of vocoder quality. So, instead of fixing the
communications between MRP terminals to a pre-determined and fixed
data rate, an ideal alternative is that the MRP terminals can
change and adjust their data rates according to media/threat condi-
tions of the channel. To illustrate the above idea, a block dia-
gram depicting the connection of two non-embedded MRP terminals is
shown in Figure 2-4. Initially, these terminals may start up at
the highest data rate and synchronization between the units is
attempted with the transmission of preambles. Depending on the
channel conditions, synchronization may fail between the units.
Then the systems will automatically switch to a lower data rate
mode and synchronization procedures are repeated. This process is
iterated until reliable synchronization can he established. Through-
out the entire conversation, the data rate at which synchronization
is achieved has to be employed.

It is clear that the utilization of the non-embedded MRP
terminals elimates the wideband/narrowband tandeming problem since
these terminals can function at different data rates. Another

advantage is that the MRP terminals can be used in the existing
media, such as commercial telephone networks and no additional
modification or hardware (e.g., tandem interface) is required in
the networks. One further point is that the speech processing

algorithms within each telephone terminal can be optimized with
respect to each individual method since they are independent of
each other.

However, an apparent disadvantage of the above MRP terminal

is that in order to setup the same data rate between the terminals,

2-8
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7.

a complicated calling procedure has to be setup. This may include
the polling of the terminals (MRP or independent ones) which deter-
mines the correct data rate needed to facilitate an efficient trans-Imission. Also, the nonuniformity of the available speech processing
algorithms at the different data rates can tremendously increase the

complexity of the terminal hardware.

2-10
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2.2.2 Embedded MRP Schemes

A relatively new concept to facilitate wideband/narrowband
communications without the tandeming problem is to make use of MRP
terminals that employ embedded coding schemes. In this approach,
a single processing algorithm encodes speech at different data
rates by allocating various number of bits to quantize the trans-
mission parameters. Hence, quantizers with more levels are used

to convert these variables into bit streams for the higher data
rate transmission, and, consequently, this results in processed

speech of good quality. On the other hand, quantizers with fewer
bits can be applied to the same set of transmission parameters, and

the resulting lower data rate method yields processed speech of
poorer quality. Since in both rates the same speech processing

algorithm is utilized and the same transmission variables are com-
puted, the only difference between them is on the quantization of
the outputs. So, by properly designing these quantizers, it is con-
ceivable that bit streams needed for synthesizing the lower data
rate schemes can be derived from that of the higher one, and these
class of speech processing methods are, in general, referred to as
embedded coding schemes.

To illustrate the utility of this algorithm in wideband/

narrowiand communication, connection between two such MRP terminals
is shown in Figure 2-5. In this figure, the bottom MRP terminal is
assumed to be functioning at 16 Kb/s while the top terminal is
transmitting at 2.4 Kb/s. To complete this connection, a switch
has to be utilized to perform the data rate conversion. In con-

trast to conventional switches whose sole function is to route calls

from one location to another, the switch, as shown in Figure 2-5,
is intelligent in the sense that it performs bit strippings or in-
sertions. In addition, functions such as the determination of the

two data rates, synchronizations between the switch and the MRP ter-
minals, have to be done by this switch. For instance, if the user
of the 16 Kb/s terminal wishes to converse with that of the 2.4

Kb/s one, connections between the 16 Kb/s terminal and the intelli-
gent switch have to be established initially. Then protocol infor-

2-11
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I

mation pertinent to the caller's terminal is transmitted
to the switch via a preamble. From this, synchronization between
the 16 Kb/s terminal and the switch is made, and, in a similar
fashion, synchronization between the switch and the 2.4 Kb/s ter-
minal is also established. After the synchronization process,

jtransmission of data can comrence, and the switch will be respon-
sible for stripping from the 16 Kb/s data stream the bits needed
to synthesize 2.4 Kb/s and transmitting the resulting bits to the

2.4 Kb/s terminal.

Unfortunately for this scheme, the design for the higher

data rate is more complicated that it is necessary since bit streams

for the high rate have to include those of the lower rates. Some-
times this results in inefficient coding of the transmission para-
meters.

However, there are a lot of advantages associated with this
embedded scheme. As shown in the Figure 2-5, no tandem interface
is needed as far as the need to resynthesize the waveform and then

redigitize again. Consequently, the operations involved in the
intelligent switch are also secure (black) and this simplifies the
overall security requirements. Not only does this "embedded"
multirate processing (MRP) approach eliminate tandeming requirements,
it permits designers to consider a number of interesting options

when transmitting voice over packet switching networks. For example,
when a packet switched voice network is lightly loaded, the sub-
scribers can send at 16,000 bps. As the network becomes saturated,
however, "data reducers" located within the switching system can
reduce the 16,000 bps transmissions to 2400 bps transmissions
merely by stripping off the extra 13,600 bps. Voice quality drops,

of course, but extra voice channel capacity is obtained and the
network can now accept more subscribers. Thus, during light loading,
the subscribers receive good service in the form of high voice
quality but during peak loading, which under conventional system
design would produce unacceptably long delays, users can still com-
municate, but with degraded voice quality.

In this report, two examples of embedded MRP schemes are
dealt with in detail and they are:

2-13



i) a 2.4/16.0 Kbps Linear Predictive Coding (LPC)/Adaptive

Predictive Coding with Adaptive Quanti-

zation (APCQ)

ii) a 2.4/8.0/9.6/16.0 Kbps Linear Predictive Coding (LPC)/

Split Band Voice Coding (SBVC)

2-14



Ij 2.3 The 2.4/16.0 'In/s LPC/APCQ System'

The embedded MRP scheme that utilizes 2.4 Kb/s LPC and 16.0
APCQ is shown in Figure 2-6. At the transmitter, the incoming

speech is low-pass filtered and converted to digital by a PCM con-
verter. A LPC algorithm calculates the reflection coefficients
while separate logic determines pitch and voicing information.

Many forms of LPC exist and any can be used for this operation.
The output of the LPC analyzer is then encoded at 2400 bps. To
obtain the remaining 13,600 bps, the input speech is then passed
through an APC2 whose predictor uses the reflection coefficients
or predictor coefficients as calculated in the LPC. Quantization
of the residual signal is performed using either a 4- or 5-level

adaptive quantizer as described by Jayant8 with modifications
suggested by Goodman.9  After quantization, the residual signal is

encoded to 13,600 bps. Since the 13,600 bps allocated to the resi-
dual signal is fixed, using more levels to encode each residual
sample requires a lowering of the sampling rate. Table 2-1 indi-
cates the input bandwidth for a 4- and 5-level quanitzer, assuming

that three samples, each having five levels, can be encoded in one

7-bit word.

Table 2-1 Input Bandwidth vs. Number of
Residual Signal Quantizer Levels

Number of quantizing Input bandwidth
levels (Hz)

4 3400
5 2914

The choice of residual signal quantizer thus involves a tradeoff
of input bandwidth versus processing noise. The 5-level quantizer

introduces a little perceptible noise when heard through a telephone
handset whereas the 4-level quantizer produces audible noise.

The operation of the receiver depends on whether it is receiving

2400 or 16,000 bps. Assuming it receives 16,000 bps of meaningful

data, the synthesizer acts as a typical APCQ system. The 13,600 bps

2-15
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are fed to the error signal generator which regenerates the resi-

dual signal. The residual signal enters the synthesis filter con-
structed from the received predictor coefficients and the output
is converted to analog, filtered and presented to the listener.

Assuming instead that it receives only 2400 bps, the receiver
then uses an LPC algorithm to reconstruct the voice. Here pitch
information feeds a pulse generator, the voicing decision actuates
a voiced/unvoiced switch, and an artificial residual signal ex-
cites the synthesis filter which is shared by the APCQ coder. Again
the output is converted to analog, low pass filtered, and pre-

sented to the listener.

To indicate how this device eliminates synthesis of voice
followed by analysis of voice at data rate changes, let us con-
sider the following tandems: 16,000 to 2400 bps and 2400 to
16,000 bps. Figure 2-7 shows a transmitter operating at 16,000 bps.
The frame rate is 22.5 ms implying that 360 bps are sent each
frame. Fifty-four of these are for the LPC algorithm, divided
up as shown in Figure 2-7. The remaining 306 bits are for the
residual. At the data rate conversion point, the 306 bits of the
residual signal are stripped off, leaving only the 54 bits for the
LPC. The receiver reconstructs voice with this data.

Figure 2-8 illustrates the 2400 to 16,000 bps data rate chance.
the 54 bits/frame of LPC information is supplemented with 306
"dummy bits" which carry no information except, perhaps, to inform
the receiver that they should be ignored. The 360 bits/frame

(16,000 bps) travel over the 16,000-bps channel to the receiver
which then uses only the 54 LPC bits to synthesize voice.

When the receiver has only the 2400 bps information, its
voice quality and intelligibility is that of LPC. Voice quality
is better than most channel vocoders but the voice still sounds
synthetic and the pitch and voicing errors are audible and annoy-

ing.

When the receiver operates in the 16,000-bps mode, the

received voice is natural and pitch and voicing errors do not

2-17
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I affect voice quality. Instead, the residual signal quantizer intro-

duces speech related quantization noise which, for the 5-level
i quantizer, is barely perceptible when heard over the Western Elec-

tric U3 earpiece found in many telephone handsets. Though this 5-
level quantizer produces higher quality speech than the 4-level one,

it cannot be employed in the APCQ of the embedded coding scheme.
This is due to the fact that the 5-level quantizer is only feasible
if the input waveform has a bandwidth smaller than or equal to 2914
Hz. Unfortunately, at this bandwidth, the LPC algorithm does not
perform well owing to the fact that accurate voicing decisions cannot

be obtained in the absence of high frequency energy. Hence, to
achieve reasonable performance in both the LPC and APCQ schemes, a
compromise is to make use of a 4-level quantizer in encoding the
error signal of APCQ thus making the overall system bandwidth 3400 Hz.
In this configuration, unvoice/voice detections are relatively reli-
able for the LPC. Perceptually, the 4-level quantizer of the APCQ
introduces a small amount of quantizing noise, but the resulting
processed speech is still better than the 16,000 bps Continuously
Variable Slope Delta Modulation (CVSD) based on our informal listen-

ing judgments.

The above LPC/APCQ system is capable of producing highly intelli-
gible LPC encoded speech at 2.4 Kb/s and good quality APCQ processed
speech at 16 Kb/s. By applying a 2-level quantizer on the error sig-
nal, the APCQ system is reduced to a modified APC that functions at
9.6 Kb/s. However, the resulting APC will perform suboptimally due
to the omission of the pitch prediction loop. Often, tradeoffs

between input bandwidths and quantizer levels have to be made in
order to achieve satisfactory performance in all data rates. This
illustrates a disadvantage inherent in all embedded MRP systems that
the speech processing schemes are not independent of each other, and
this often imposes a severe constraint on the design of these algo-

rithms.

I21
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j 2.4 The 2.4/8.0/9.6/16.0 Kb/s LPC/SBVC System

A second example of embedded MRP scheme is the 2.4/8.0/9.6/16.0

Kb/s Linear Predictive Coder/Split-Band Voice Coder. Block diagrams

depicting the LPC/SBVC transmitter and receiver are shown in Figures

2-9 and 2-10, respectively. In this system, conventional LPC is

used for the transmission of speech at 2.4 Kb/s, and employing a new

technique known as Split-Band Voice Coding, the LPC residual signal

is encoded which results in the higher transmission rates (8.0, 9.6,

and 16.0 Kb/s). As shown in Figure 2-9, the transmitter first per-

forms a linear prediction analysis on the incoming waveform which

includes the computations of pitch, voicing decision, and predictor

coefficients. Incorporating these parameters in two prediction

loops, a residual signal of smaller dynamic range is generated in

the same manner as shown in conventional APC schemes. Then a

split-band technique is applied to partition the frequency band of

the error signal into subbands, each of which is individually quan-

tized. In particular, the method calls for the use of a 3-stage

tree structure of quadrature mirror filters (QMF) to split the error

signal band into 8 subbands.11 For an input signal of 4000 Hz band-

width, subbands of 500 Hz are resulted. At the first stage of the

transmitter, the QMF filters split the input into two bands; that is,

0-2000 Hz and 2000-4000 Hz. Then a downsampling procedure is

utilized to reduce the number of samples by a half. At the second

stage, the identical bandsplitting process is applied to each sub-

band. Consequently, 2 more subbands are generate,' each of which has

a 1000 Hz bandwidth. At the end of the second stage, a total of 4

subbands is obtained. The method is repeated one more time and

eight subbands, each of which is 500 Hz wide spanning frequency

from 0 to 4000 Hz, are created. After performing the bandsplitting

process, the subband signals are individually quantized for trans-

mission. As it is pointed out in Section 2.2.2, the embedded MRP

scheme utilizes only one speech processing algorithm (e.g., LPC/

SBVC), but the utilization of different level quantizers in encoding

the output parameters results in the transmission of several data

rates. In the case of SBVC, by encoding the subband signals with

quantizers of different bits, transmissions at 8.0, 9.6, and 16.0

data rates are possible. Bit allocations for the LPC/SBVC embedded
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I
MRP scheme for the various rates are shown in Table 2-2.

Depending on the data rate, different synthesizers are used to
j reconstruct the input waveform. For the 2.4 Kb/s data rate, a con-

ventional LPC synthesizer is utilized. As for the hiaher data
j rates, reverse operations of the SBVC transmitter, which include

up-sampling and bandpass filtering, are performed. The resulting
subband signals are later recombined yielding an estimate of the
LPC residual signal. Then the original signal is reconstructed

using an APC synthesizer as shown in Figure 2-10.

To illustrate the operations of the LPC/SBVC system, trans-
mitter output bits are considered. For the 2.4 Kb/s rate, a frame
of 180 input samples are brought in every 22.5 msec where a tenth
order linear prediction analysis is performed resulting in 54 output
bits per frame. For the higher rates, additional bits are utilized
to characterize the error signal. As in the case of 8.0 Kb/s, an extra
128 bits are employed yielding a total of 180 bits of frame. For
9.6 Kb/s, the output frame length is 216 bits whereas 360 bits per
frame are outputted from the 16.0 Kb/s transmitter. Furthermore.

to understand how the LPC/SBVC system eliminates synthesis of voice
followed by analysis of voice at data rate changes, the tandems

between all possible data rates as indicated in Figure 2-11 have to

be considered. For the sake of simplicity, let us only examine, in
detail, the 2400/16,000 bps tandem.

To convert the 16 Kbps data rate into 2.4 Kbps, 306 bits used

to encode the splitband filtered LPC error signal are discarded
leaving only the 54 LPC parameter bits which are transmitted to the
2.4 Kbps synthesizer. On the other hand, to change the 2.4 Kbps to
16 Kbps, 306 zero or "dummy" bits have to be inserted at
the switch or data rate conversion point and the entire 360 bits
are passed to the 16 Kbps receiver. Realizing only 54 bits out of
the 360 received are of importance, an LPC synthesizer is then
utilized to reconstruct the input waveform. Employing these LPC/
SBVC terminals in conjunction with intelligent switches, communica-
tions between wideband and narrowband terninal users are made possi-

ble.
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I
Operations needed to change data rates between 2.4 K and 16.0

Kb/s in the LPC/SBVC system are identical to that of the LPC/APCQ.
I However, conversions between any two higher rates call for the use

of embedded coding. To illustrate this, let us consider subband #1
in the LPC/SBVC scheme. For the 16 Kb/s data rate, a 3-bit quanti-
zer, as shown in Figure 2-12(a), is utilized to quantize the sub-

band waveform. For the 9.6 Kb/s data rate, only a 2-bit one, as
depicted in Figure 2-12(b), is employed. As for the 8.0 Kb/s, a
1-bit quantizer shown in Figure 2-12(c) is applicable. Hence, con-

Sversion from a high data rate to a low one requires the intelligent
switch to strip out the correct bits and transmit them to the

I receiver. For example, to reduce the data rate from 16 Kb/s to
9.6 Kb/s, the switch has to derive two bits from the available
three for each sample of subband 1. If code words of the 3-bit

quantizer are chosen as shown in Figure 2-12(a), then the switch
will only retain the first two bits resulting in a 2-bit quantizer

whose code words are shown in Figure 2-12(b). Similarly, conversion
from 16 Kb/s to the 8 Kb/s is achieved if only the first bit is
kept for every 3-bit code word. At the receiver, a de-quantization
procedure is performed which converts the code words back to output

I levels.

On the other hand, to convert data rates from a lower rate to3 a higher one, "dummy" or zero bits are inserted at the end of each
output code word of the lower rate. To illustrate this, let us con-
sider subband #1 of the LPC/SBVC system. Conversion from the 8.0
Kb/s encoder to the 9.6 Kb/s one only requires the insertion of a
zero for every 1-bit code word outputted from the lower data rate
scheme. In the same manner, additions of two zero bits for every
code word outputted will boost the data rate from 8.0 to 16.0 Kb/s.3 Hence, utilizing this embedded coding procedure, quantizations for

subband signals can be converted easily from one data rate to3 another. Furthermore, the similar strategy has to be applied to

the encoding of the overhead bits in order to make the LPC/SBVC3 algorithm to be truly embedded.
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J 2.4.1 The Theory of Quadrature Mirror Filter

In the Split Band Voice Coding systems, quadrature mirror
filters (QMF) are utilized to band-split/reconstruct the input
waveform via decimation/interpolation methods1 1 This section

shows that the use of QMF filters will achieve perfect splitting/
reconstruction without any spectral aliasing.

For explanatory purposes, consider the ideal splitting/recon-
struction process described in Figure 2-13. For this system, the
following definitions apply:

a. x(n) is a Nyquist band-limited residual signal with

z-transform X(z).

b. h, is the impulse response of the low-pass filter and
the z-transform of which is H1 (z).

c. h2 (n) is the impulse response of the high-pass filter

and the z-transform of which is H2 (z).

d. yi(n) is a baseband equivalent low-pass signal with

z-transform Y (z)

e. y2 (n) is a baseband equivalent high-pass signal with

z-transform Y2 (z).

The signal x(n), is processed by filters hi (n) and h2 (n) yield-

ing the low-pass and high-pass equivalents, xl (n) and x2 (n), of the
residual signal. As their spectra occupy half the Nyquist bandwidth
of the original signal, the sampling rate in each band can be halved
by decimating (ignoring) every second sample. For reconstruction,

the signals yi(n) and y2(n) are interpolated by inserting one zero-

valued sample every other time and then filtered, respectively, by
hi (n) and hz (n) before being added to give the signal x(n). The
dashed lines, shown in Figure 2-8, represent the data passed to the

communication channel(s) by the speech processing system.
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1 
In order to minimize (x(n) - x(n)), certain restrictions on

the filters, h 1 (n) and h2(n), must be met. We will derive these

restrictions by constructing the transfer function of the QMF

structure.

Using z-transform notation and referring to Figuer 2-11, we

may write the intermediary filtered output as

/,, ) :I- (Z) _)(2-1)
and

X2 -. Cz2 ) X Z) (2-2)

The transforms of the decimated signals, y1 (n) and y2 (n), and of

the interpolated signals, ul (n) an4 u 2 (n) , are yi-,en h',

Y () 'L&K (~t AZJ_ (2-3)

+iZ /L' (A;2(z) (2-4)

Ulfz. (2-5)

After the final filtering operating, the transforms of the recon-

structed waveform components, tj (n) and t 2 (n), are given by

T U) - HCF), ( )(2-7)
T4( Z-) :- LK. E) 0 , ?- ) (2-8)

Using the relations expressed in (2-3) through (2-8), the z-trans-

forms can be rewritten as

(2-9)12- Wg / (h (Z-) X C ) H 2-a(-: ×-) ) (-0
The z-transform of the reconstructed waveform, x(n) is obtained by

adding (2-9) and (2-10)

If we assume that

then the reconstructed waveforn transform becomes
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jEvaluating z on the unit circle gives the Fourier transform of

X(z)
A U

JLC,.t ) -1 2- 6 (2-14)

For the case when h 1 (n) is an even, symmetrical FIR filter of order

N, then it can be shown that (2-14) reduces to

X (cJ '/ 04- x(&A. (2-15)

where H 2 (eJw ) exhibits an odd symmetric property about Ws/ 4 and

t'he hal- o,.er 'oint T1 2 (Ws/4) = 0.5.

The inverse transform yields a perfectly reconstructed signal

(no frequency distortion) with a gain factor of 1/2 and delay of N-1

samples as shown by

X '/2-&X,( M-r ) (2-16)
Therefore, we have shown that to guarantee perfect reconstruction

of the original LPC residual spectrum, the following filter constraints

must be satisfied

ki(n) ) Y IVr"ne~rc. evet-\ (CA-Je_. Vitz (2-17)

oi, W--H,( Z)w(): , n-Ol...N-1 (2-18)
HL-(?)t (- ._) = (2-19)

Throuahout the formulation of the bandsplitting/reconstruction

process with OPF filters, there is no stipulation on the length of the
FIR filter (as long as it is even). Hence, perfect splitting/recon-

struction can he achieved with relatively short filters. hn example
of n,'IF filters is given by the 12-tap one whose coefficients are
tabulated in Table 2-3.12 Frequency response of the filter is

depicted in Figure 2-14. As illustrated in the Figure, the filter
is characterized by a flat-passband response, a 3 dB point at 2000
Hz, and relatively small stopband rejection. However, the comrosite
frequency response after 3 stages of bandsplitting and reconstruction
yields only 0.5 dB of ripple as shown in Figure 2-15. Therefore,
this 12-tap filter is employed in the study and real-time implemen-

tation of the LPC/SBVC scheme.
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Low-Pass High-Pass

Filter Coefficients Filter Coefficients

h ( ) = - 3 . h 2 (i ) = - 3 .

h, (2) = 10. h 2 (2) = 10.

hi(3) = -4. h 2 (3) = -4.

hi (4) = -24. h 2 (4) = 24.

hi (5) = 28. h 2 (5) = 28.

h,(6) = 120. h2(6) = -120.

h,(7) = 120. h 2 (7) = 120.

h,(8) = 28. h2 (8) = -28.

hi(9) = -24. h 2 (9) = -24.

h,(10) = -4. h 2 (10) = 4.

hi(ll) = 10. h 2 (11) = 10.

hl(12) = -3. h 2 (12) = 3.

TABLE 2-3 TABULATION OF COEFFICIENTS FOR BOTH THE

LOW-PASS AND HIGH-PASS QMF FILTERS
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2.4.2 Results of the LPC/SBVC System

In contrast to the LPC/APCQ system as discussed in Section 2.3,

the LPC/SBVC is more versatile since it can be utilized to transmit

speech at 2.4, 8.0, 9.6, and 16.0 Kb/s. This can be attributed to

the fact that the latter scheme does not have a rigid relationship

between the full input signal bandwidth and quantizer levels. In-

deed, by splitting the band of the LPC residual signal into subbands

and encoding each one separately, the LPC/SBVC system trades part

of the output speech bandwidth off with data rate. To further

illustrate this, the bandwidth of the 8.0 or 9.6 Kb/s system, as

shown in Table 2-2, is only 2500 Hz whereas the 16.0 Kb/s system

has a 3 KHz bandwidth. Unfortunately, in comparison to conventional

APC or APCQ at 8.0, 9.6, or 16.0 Kb/s, the LPC/SBVC scheme does not

produce good quality speech outputs. This can be partly explained

by the fact that splitband voice coding is not directly applied to

the input signal. Instead, it is utilized in the coding of the LPC

error signal which spectrally is flatter than the original one. In

this situation, split-band voice coding system may not be as advan-

tageous. Furthermore, as a result of the split-band filters, quan-

tizers cannot be configured within the prediction loop. Accumula-

tions of quantizing errors greatly hamper the success of such coders

and this result has been substantiated by recent reports 12,15
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J SECTION III

Conclusions and Recommendations!
3.1 Conclusions

7his contra-t has resulted ii) the development of two embedded

multipe-rate processing (MRP) schemes, namely, the 2.4/16.0 Kb/s

..i;,ear Predictive Coding/Adaptive Predictive Coding with Adaptive

,uantization (LPC/APCO) and the 2.4/8.0/9.6/16.0 Kb/s Linear Pre-
(dictive Codino/Split Band Voice Coding (LPC/SBVC) ; ii) the real-

time implementation of the LPC/SBVC algorithm on the Sylvania Pro-

-irammable Signal Processors (PSP). Both schemes utilize LPC as

the 2.4 Kb's coder since LPC is known to produce highly intelligi-

ble speech at 2.4 Kb/s data rate. For the LPC/APCQ scheme, APCQ

is employed to encode the LPC residual signal and this results in

;ocd quality speech at 16 Kb/s which is relatively insensitive to

2Itch and voicing mistakes. Unfortunately, this method does not

perform well in the medium-band transmission (8-10 Kb/s) owing to

tho strict relationship between the full input bandwidth and the

levels of error signal quantizers. On the other hand, the LPC/

is more versatile in the sense that it functions at 2.4, 8.0,

9., and 16.0 Kb s. In contrast to the LPC/APCQ algorithm, LPC/

ec.-zv-s split-band technique to encode the LPC residual sicnal.

B-nart_ritninc the full bandwidth of the input into subbands, each

f the7 is cuantized differently to obtain the various data rate.

Unlike the LPC/APC0, there exists no direct relationship in the LPC/

SV'C scheme between the full bandwidth of the input signal and the

cuantizer levels. Instead, the latter method trades off the number

f cuantized subbands and data rates. Unfortunately, when compared

conventional APC or APCQ schemes, the LPC/SBVC system does not

duce cood cuality speech at the high data rates. This is probably

~e to the confiauration of the SBVC quantizers which are outside

the APC piredictor loops.
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~3.2 Recommendations
In this study, the concept of embedded multiple-rate processing

schemes and their utility in facilitating narrowband/wideband com-
munications are presented. This idea of being able to use a single
"universal" voice digitization algorithm to encode speech for a
variety of data rates is indeed very appealing and it should be

pursued further.

Though the LPC/SBVC algorithm discussed in this report does
not provide the speech quality as good as expected at the higher

data rates, however, it illustrates the fact that encoding schemes
in the frequency domain are the most flexible in achieving a list
of different data rates. One of the reasons is that in the fre-
quency domain, reduction in allocation of bits does not affect
the entire frequency band. Instead, distortions are only localized

in a particular frequency region which may not be perceptually
noticeable. Recently, new frequency domain speech processing tech-

niques, such as adaptive transform coding (ATC), have been studied
and they are known to produce high quality processed outputs at
data rates above 8 Kb/s.. 3 '. Since these ATC algorithms have
great potential in embedded MRP applications, they should be further

investigated.
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