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ABSTRACT 
The majority of current speech coding algorithms for 
medium-to-low bit rates transmit two information 
components, a short-time specuum estimate aud an 
excitation signal. Even though advanced intmframe 
quantization schemes have been proposed, the spectml 
informationstillconsumesalargeproportionoftheavailable 
bit rate. For many speech sounds, the speech speurum is 
relatively smooth for time intervals much longer than the 
sampling rate of the spectrum estimates. Thus, compression 
can be obtained by identifying smoothly varying segments 
ofthespeechspecuumaudoulytmnsmitthespecual 
iuformation once for each segment. The segment spectml 
information is then an approximation to the true speurum, 
but if the segmeutatiou criterion is properly chosen, the 
induced distortion cau be controlled to be within the 
acceptable MB mean specual distortion limit. In the present 
paper we show that segment quautization can be applied to 
reducetherequimdbitrateforthespectmlinformationbya 
factor of approximately two without compromising the total 
spectml distortion. 

INTRODUC’IION 
The transmission of the speech spectml information 
consumes a major part of the available bit rate in current 
medium-to-low bit rate speech coders. Several researchers 
have made important contributions to the design of efficient 
quantization schemes for the spectml information, thereby 
reducing the previously lower bound for acceptable 
quantization (i.e. achieving a meau spectml distortion of 1 
dB) from 40 bits per K&coefficient spectml vector first to 32 
bits[l] and then to 24 bits&ctor[Z]. 
Although the above achievements have resulted iu a 
significant bit rate reduction, they have only exploited 
intrafmme properties of the speech spectrum. The bit rate 
required for proper transmission of the speural information 
isdependentupoatheframerateaswellasthenlrmbetof 
bits used to quantize each individual frame. The frame rate 
has traditionally been determined by the frequency of 
performing the spectml analysis, i.e., the sampling rate (in 
time) of the timefrequency pattern. This sampling rate has 
been chosen such as to obtain a compromise between 
conflicting interests. The rate should be high enough to 
capturethespectmltmnsitionsthatareimportanttothe 
perceptualqualityofthecodedspeechandatthesametime 
be low enough to give a reasonable bit rate. The speech 
spectmm is mostly slowly varying, in some cases it cau be 
consideredasbeingstationaryoverasmuchasafewhundmd 

ms. However, the spectral transitions between phonemes 
(and in some cases also within phonemes, e.g. in plosives) 
canberapidinsomecasesontheorderof3-5ms.Thetypical 
compromise taken in speech coders is to estimate and 
transmit the speech specuum every lo-25 ms irrespective of 
the current spectml variation. 

Because of the necessary compromise when selectiug a faed 
sampling rate of the specual information, there is a 
siwt fxmWi0x1 between successive spectml 
estimates. T&is cau be exploited iu inter-frame differential 
coding schemes (see e.g. [3]) to reduce the bit rate. 

Another appmach to exploiting the inter-fmme correlation 
is taken in segment (or matrix) quantization schemes [4]. In 
thiscasetbespeechissegmentedintovariableorf~~length 
segments. If the segment length is variable, some 
segmentation criterion needs to be applied. Each speech 
segment is quantized as a single entity by codebook look-up. 
The codebook entries am matrices consisting of a spectml 
vector sequence. For 6xed length segments, this is a 
straightfmard extension to vector quautization. If variable 
length segments are USed an interpolation scheme is 
necessary to align the input with the codebook entries. The 
matrix quantization approach is well suited for very low bit 
rate applkations. For applications where the requirements 
to the spectml distortion caused by the quautizer is higher, 
the codebook size will be prohibitive for real time 
-0ns. 

The use of variable length segments is appeahng as this 
makes feasible the utilization of the varying station&y 
duration of the various speech sounds. When the length of 
the segments used is dependent upon the rapidity of the 
tqkxml variation, steady state vowels will produce longer 
segments thau e.g. plosives. These quasi-stationary segments 
can be efficiently represented by some simple mathematical 
approximation, which is much more computationally 
efficient than the ma&ix quantization approach. A number 
of different strategies for obtaining a segmentation proper 
foriow bitrate uzumission of the spectml information have 
been proposed in the literature. 
A linear intezpolation approach is taken in [5]. Here, starting 
with a segment length of 2 frames, the first and last frame in 
a segment is taken as reference vectors. An approximation 
0ftheLARspeuralvectors 
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Fii. 1. Segment quark&on in a speech coder. 

is then made by linearly inteipolating between these two 
vectors. If the mean segment distortion is below a threshold 
all fmmes within the segment are considered to belong to 
that segment. ‘Ibe segment length is then increased by 1 and 
the procedure is repexed. This method was originally 
developed for LPC vocoders. It has later been applied to 
CELP based speech coders [61. Recently, a similar method 
searching for anchor points at instances of maximal spectml 
change has been proposed [7J. 
Most of the above methods have been targeted for very low 
bit rate coding schemes. In the present paper we investigate 
methods for segment quantixation aimed at producing low 
spectml distortion (i.e. -1dB ). A segment quantixation 
schemecanbeembeddedinaspeech~asshowninfig. 
1. In addition to the linear interpolation method, a new 
method for segment quautixation is described. Experimental 
data show that the methods could reduce the required bit rate 
relative to staudard iutratiame coders by a factor of 
approximately two for speech passages, possibly by more 
for silent portions of a conversation. The schemes cau be 
applied to any speech coder using explicit representation of 
the specaal information in a forward adaptive manner. The 
drawbacks of the method are increased coding delay and 
variable bit rate. 

PARAMETFUC REP RESENTATION OF 
SEGMENTS 

Assume that a speech segment consists of a sequence of 
contiguous parameter vectors, S = {s,,% . . . . s,}. For the 
present purposes, the parameter vectors can be any suitable 
parametric representation of the speech spectmm, e.g., 
reflection coefficients, log area ratios, Line Spectml Pairs 
etc. We wish to represent the speech vectors by a vector 
sequence, R = {r,,r?.., r,} in such a way that the distortion 
introduced by the new representation is minimized. Ideally 
we would like to minimizethemeau spectmldistortion which 
ouaikunebasisisdefmedas 

4(n) WI = (1) 

4.34 
L 

+-I IlogS,(e’“)-logS,(e’m)12do 
1 

u2 

‘his measure wiIl however be impractical when seeking the 
best approximation to the sequence S, and we have to resort 
toasimplermeaslaefor~timatingtherepresentationvectar. 
A simple and efficient measure is the squared parameter 
error, defined as 

0) = 6, - rJr 6. - rJ (2) 

where the T denotes vector transpose. Minimization of (2) 
will be used to obtain the best approximation of the input 
sequences. However, in order to evaluate the performance 
of the representation, the spectml distortion will be 
employed. 
The parametric representatiou of the speech segmeut, 
S = {s,,%. . ., 4}, can be calculated in a number of ways. One 
possibility is to represent each segment by its centroid, i.e. 
the single vector that minimizes the intrasegment squared 
parameter error. Then, 

(3) 

If we wish to exploit that the speech speurum can be slowly 
varying, we can represent the speech segment using a first 
order approximation: 

r,,=na+b (4) 

Selectingbtobethesegmentcenaoidandaasthefirstorder 
orthogonal polynomial coefficieut vector will miuimixe the 
meausquaredpammetererror.lheGrstorderapproximation 
wiIl give the opporhmity of repmsenting approximately 
linearly varying segments, and results in a longer average 
segment leugth. However, the segment representation now 
consists of two vectors that must be transmitted. 

In a sequential segmentation scheme, au instant decision is 
made as to if the input spectml vector belongs to the current 
segment. Denoting the first speech frame of a segment s,, 
subsequent speech spectml vectors are classified as 
belonging to the segment if the resulting meau parametric 
distortion is below some predetermkd threshold 0, i.e., if 

th Csl,~..., sN) belong to the same segment. 

Another method for sequential segmentation is based on 
linear iutapolation [5],[7]. Hem, the first iiame of the 
segment is selected as an anchor point For each new frame, 
4, the segment representation is taken as the linear 
interpolation of vectors between frame 1 and frame k. The 
representation and resulting segmentation criterion can be 
computed from (4) and (5) using 
a = (s - s,)/(k - 1) 

b = (ks, - s$(k - 1) (6) 

Here, the segment length is k-l and k is the index of the next 
anchor point. 
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Fll.2. Segmentation variation when the buffer position is 
changed 

Locally optimal segmentation 

The sequential methods described above am inherently 
sensitive to a single specual estimate deviating from its 
neighbors. Spurious frames will induce the sequential 
segmentation to regard the segment as completed, thus 
reducing the obtainable compression rate. In [5] it has been 
suggested to overcome this problem by delaying the decision 
of segment termmabon until the immediate future has been 
examined. We will adopt a different segmentation strategy 
that alleviates the problem of spurious frames. 
If we, instead of making the decision of whether or not to 
place a new segment boundary at the instance of receiving 
a new spectml estimate, buffer a sequence of frames 
sufficiently long to contain at least one segment, we can 
obtain a segmentation that is optimal withiu the scope of the 
buffersize.Thiscanbecomparedtotheadvantagesofvector 
quautization over scalar (instantaneous) quautization, and 
should be able to obtain a better segmentation, i.e., the 
average segment length should be at least as long as for the 
sequential strategy, at the same level of spectml distortion. 
Assume that our buffer contains the input vectors 
C%,%.. . .? sw). Our segmentation criterion is now 

(7) 

Here, m is the number of segments, B = {b&, . .., b,,,, 1} are 
the segment bounties where we have defined b, = 1 and 
b m+l =~+1and0isapredeterminedthreshold.Segmenti 
will then consist of the sequence {sb,&,+r )-, sb,+,-r}. Gibe 

optimal segmentation (and the corresponding number of 
segments) is found by evaluating D(m) for m = 12,. . ., m, 
until D(m) Si 0. 

Straightfomard mhimdrion of (7) will mean having to try 

out 11; 
( 1 

boundary combinations for each m. An 

efficient method for fmding the optimal segmentation based 
on dynamic programming level building, Constrained 
Clustering Segmentation (CCS), is described in [8],[91. 
I.fitwempossibletofittheentirespeechsequencetoencoded 
into the buffer, the CCS algorithm would yield the optimal 
segmentation. This is generally not possible, both due 
computation and to delay considerations. ‘Ihus, we have to 
deal with a situation where the locally optimal boundaries 
may change if the buffer position is changed. This is 
illustrated in fig. 2. 

Because of this, a strategy for adjusting the buffer position 
after each local segmentation must be devised. Several 
possibilities are open. One can encode the entire buffer and 
shift by the buffer length. Ibis has the disadvantage that the 
last segment always will be krm&ued at the buffer end, 
which only rarely is the optimal point. 
Strategies like shifting by a fixed or variable number of 
segments and make arrangements such that the segment 
lmmdaries from succeeding segmentations coincide are also 
possible. We have however found that the simple method of 
transmitting all segments but the last will give a slightly 
better pexfomance in tems of compression at a given 
distortion level. 

Quantization 

The compmssion schemes outlined above will yield a coding 
gaiuthatisdependentupontheratioofthenumberoforiginal 
speech spectml vectors versus the rapid number of 
segment representation vectors: the reduction factor. In the 
outline of the system it is assumed that the quantization .of 
the segment representation vectors is performed after the 
actual segm~tation, thus any suitable quantization scheme 
can be applied. In order to get a fair evaluation of the coding 
gain it is reasonable use the same type of quautizer in the 
compression scheme and in a system without segment 
compression. 
The quautization of the segment representation will lead to 
an increase in the spearal distortion at a given compression 
ratio.Thetotaldistomonresultingfromthecompressionand 
the quautization wiIl however be much smaller than the sum 
of the distortions from the two conmbuting sources. This is 
due to the requirement of a high quality segment 
mpresentation. When the thresholds are set to yield an 
uuquantizedsegmentmpresentationwithanaveragespecual 
distortionoflessthanldB,~specaalvariationwithina 
segment wiIl be minor. lhis meaus that if a suitable spectml 
representation is uSed the parameter variations within the 
segmentwiUalsobeminor,oftensnallerthanthesizeofa 
quantization interval. Thus, the subsequent quautlzation of 
the segment representation vectors will lead to only a small 
inmase in spearal distortion. In our experience, using a 
quautizer (vector or scalar) designed to yield an average 
specml distortion on the order of 1 dB will be sufficieut to 
rieldameanspecaaldistortiononthequantizedandsegment 
compmsseddataofapproximately1dBiftheunquautized 
compression results in a spectml distortion of 0.9 dB. 
It should be noted that performiug the segmentation and the 
quantization in separate steps is suboptimal, and that some 
irmease in performance should be expected by using a 
segmentation scheme where the quantization is embedded 
in the segmentation process. 

EXPERIMENTS 
The various methods for compmssion of the data rate of the 
speech spectml infoimation have been tested using the 
TIMlTspeechdatabase.‘lheTIMITdatahavea8kHz 
bandwidth and are sampled at 16 kHz. The present study is 
aimed at telephone bandwidth speech and thus the original 
TIMIT speech data were lowpass filtered using a 128 order 
Blackmau FIR filter with cut-off frequency of 3650 Hz and 
dechmuedto8kHz. 
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The decimated speech was then pre-emphasized using a first 
order filter with coefficient 0.95. A 10th order LPC analysis 
were then performed using a 200 sample (25 ms) Hamming 
window with a frame shift of 80 samples (10 ms). The 
resulting LPparameters wemstoredasreflectioncoefficients 
and duly converted to the parametric representation desired 
in the experiments. 
For the experiments, some 11500 speech frames from the 
SXportionoftheTIMITdambasewereused.Thespeakers 
were chosen to cover the various dialect regions and only 
one sentence per speaker was used. 
The segmentation methods can be used for any suitable 
parametric representation of the speech spectmm. Initial 
experiments we113 carrid out using reflection coefficients, 
LPCcepstra,LogAreaRatios(LAR),arearatiosandLine 
Spectml Fairs (LSP). It is well known that the LAR aud LSP 
representations in geueral have relatively smooth time 
evolutions and thus should be well suited for a segmentation 
based on a liuear (or even xeroth order) approximation. 
However, the results showed no significant differences in 
teams of compression ratio for a given distortion level. 
At the next stage, the various segmentation approaches were 
compared.Iuthepreviousandinthisexperimentthesegment 
representation was not quantized as the p-se of the 
exercisewastoinvestig~theprapertiesofthesegmenmtion 
methods. lhe experiments showed that all the described 
methods were capable of representing the speech spectml 
information adequately (i.e. at au average specual distortion 
of-1dB)whilstreducingtheaveragenumberofparameters 
for transmission by a factor of approximately two. only 
minor differences were found between the methods in terms 
of reduction factor aud average specual distortion. As an 
example, in table 1. we have given the results obtained for 
the LSP repmsentation of the specual informatiou. In the 
table, CCS denotes ccmstrained clustering segmentation 
SEQ denotes sequential segmentation aud LlN denotes 
sequential segmentation with litmr interpolation 
representation. lhe digits 0 and 1 denote zeroth aud first 
order approximations respectively (ie. segment 
rep~tatiollS acmrding to eq. (3) or eq. (4)). 

It should however be noted that the average spectral 
distortion does not give the full picture of the performance 
of the methods. ‘Ihe distribution of the frame distortions am 
of major importance to the perceived quality. In table 1 we 
havealsoiudicatedtheproportionoffmmeswithintheO-2dB 
and2~rangesaswellastbepercenmgeofframeswitha 
dis~~ongraterthan4dB.Ascanbeseenfiromthetable, 
the sequential segmentation with linear interpolation 
between anchor frames gave a significantIy greater 
proportion of frames in the 2-4dEt range thau the other 
methods. This means that a larger proportion of frames will 
have an audible distortion when using this method. 
Further experiments were performed using quantization of 
the segment representation vectors. Simple scalar quantixers 
for - 1 dE3 spectml distortion performance were designed. As 
expeaed, the introduction of quantixation did not result in a 
large ina in speuraI distortion. As an example, a 40 
bit/frame quantizer for LP-cepstral parameters at an average 
reductionfactorof1.95yieldedanaveragespectmldistortion 
of 1.06 dE3. Including 4 bits/segment for the segment length 
this 

Method 

ccs-o 

Spectral Reduction 0-2dB 24dB >4dB 
diStOltiOU factor 

l.OOdB 2.05 96.7% 3.3% 0% 

ccs-1 1.05 dB 2.06 97.2% 2.8% 0% 

SEQXJ 0.99 dB 2.01 96.9% 3.1% 0% 

SEQ-1 1.04dB 2.04 95.7% 2.4% 0% 

I & i l.oo~ i 2.1g i 7g.14bi 20.g%i 0% I 

Table 1. Performance of the methods using LSP parameters. 

means that 22.6 bits/frame is the mean transmission rate for 
the specrml infoimation. A better quantizer should give the 
possibility of reducing the necessary bit rate by another 
2545%. 

The introduction of quantizers led the overall distortion to 
increase by 0.01-0.1 dB depending on what type of 
LPderived Specsa representation and segment 
repmsentationwereused. lhevarlationmperformancewere 
however not consistent enough to lead to conclusions as to 
which combinations were preferable. 

CONCLUSIONS 

In this paper several methods for compression of the speech 
spearal information have been presented and investigated 
Segment quantixation schemes capable of representiug the 
LP-based specua at distortions of approximately 1 dEl have 
been shown to be able to reduce the necessary bit rate for 
uansmi&on by a factor of two. 
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