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[57] ABSTRACT 
An improved digital communication system, e.g., a 
CELP code/decoder based system, is improved for use 
with a wide-band signal such as a high-quality speech 
signal by modifying the noise weighting ?lter used in 
such systems to include a ?lter section which affects 
primarily the spectral tilt of the weighting ?lter in addi 
tion to a ?lter component re?ecting formant frequency 
information in the input signal. Alternatively, the 
weighting is modi?ed to re?ect perceptual transform 
techniques. 

20 Claims, 2 Drawing Sheets 
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LOW-DELAY CODE-EXCITED 
LINEAR-PREDICI‘IVE CODING OF WIDEBAND 

SPEECH AT 32 KBITS/ SEC 

FIELD OF THE INVENTION 

The present invention relates to methods and appara 
tus for ef?ciently coding and decoding signals, includ 
ing speech signals. More particularly, this invention 10 
relates to methods and apparatus for coding and decod 
ing high quality speech signals. Yet more particularly, 
this invention relates to digital communication systems, 
including those offering ISDN services, employing 
such coders and decoders. 

BACKGROUND OF THE INVENTION 

Recent years have witnessed many improvements in 
coding and decoding for digital communications sys 
tems. US. Pat. No. 4,133,976, issued on Jan. 9, 1979; RE 
32,580, issued on Jan. 19, 1988; 4,701,954, issued on Oct. 
27, 1987; 4,472,832, issued on Sep. 18, 1984, and 
4,827,517, issued on May 2, 1989, to B. S. Atal, et a1 and 
assigned to the assignee of the present invention, all 
present important improvements in this ?eld. 
One area of such improvements have came to be 

called code excited linear predictive (CELP) coders 
and are, e.g., described B. S. Atal and M. R. Schroeder, 
“Stochastic Coding of Speech Signals at Very Low Bit 
Rates,” Proc. IEEE Int. Conf Comm., May 1984, p. 
48.1; M. R. Schroeder and B. S. Atal, “Code-Excited 
Linear Predictive (CELP): High Quality Speech at 
Very Low Bit Rates,” Proc. IEEE Int. Cary‘.~ ASSP., 
1985, pp. 937-940; P. Kroon and E. F. Deprettere, “A 
Class of Analysis-by-Synthesis Predictive Coders for 
High-Quality Speech Coding at Rate Between 4.8 and 
16 Kb/s,” IEEE J. on Sel. Area in Comm SAC-6(2), 
Feb. 1988, pp. 353-363, and the above-cited U.S. Pat. 
No. 4,827,517. Such techniques have found application, 
e.g., in voice grade telephone channels, including mo 
bile telephone channels. 
The prospect of high-quality multi-channel/multi 

user speech communication via the emerging ISDN has 
increased interest in advanced coding algorithms for 
wideband speech. In contrast to the standard telephony 
band of 200 to 3400 Hz, wideband speech is assigned the 
band 50 to 7000 Hz and is sampled at a rate of 16000 Hz 
for subsequent digital processing. The added low fre 
quencies increase the voice naturalness and enhance the 
sense of closeness whereas the added high frequencies 
make the speech sound crisper and more intelligible. 
The overall quality of wideband speech as de?ned 
above is suf?cient for sustained commentary-grade 
voice communication as required, for example, in multi 
user audio-video teleconferencing. Wideband speech is, 
however, harder to code since the data is highly un 
structured at high frequencies and the spectral dynamic 
range is very high. In some network applications, there 
is also a requirement for a short coding delay which 
limits the size of the processing frame and reduces the 
efficiency of the coding algorithm. This adds another 
dimension to the dif?culty of this coding problem. 

SUMMARY OF THE INVENTION 

Many of the advantages of the well-known CELP 
coders and decoders are not fully realized when applied 
to the communication of wide-band speech information 
(e.g., in the frequency range 50 to 7000 Hz). The present 
invention, in typical embodiments, seeks to adapt exist 
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2 
ing CELP techniques to extend to communication of 
such wide-band speech and other such signals. 
More particularly, the illustrative embodiments of the 

present invention provide for modi?ed weighting of 
input signals to enhance the relative magnitude of signal 
energy to noise energy as a function of frequency. Addi 
tionally, the overall spectral tilt of the weighting ?lter 
response characteristic is advantageously decoupled 
from the determination of the response at particular 
frequencies corresponding, e.g., to formants. 

Thus, whereas prior art CELP coders employ a 
weighting ?lter based primarily on the formant content, 
it proves advantageous in accordance with a teaching of 
the present invention to use a cascade of prior art 
weighting ?lter and an additional ?lter section for con 
trolling the spectral tilt of the composite weighting 
?lter. 

BRIEF DESCRIPTION OF THE DRAWING 

FIG. 1 shows a digital communication system using 
the present invention. 
FIG. 2 shows a modi?cation of the system of FIG. 1 

in accordance with the embodiment of the present in 
vention. 
FIG. 3 shows a modi?ed frequency response result 

ing from the application of a typical embodiment of the 
present invention. 

DETAILED DESCRIPTION 

To simplify the description of the present invention, 
the above-cited publications by Atal and Schroeder, 
and the cited US. Pat. No. 4,133,976 to Atal and 
Schroeder are hereby incorporated by reference and 
should be deemed included in the present disclosure as 
if set forth in their entirety. 
The basic structure of conventional CELP (as de 

scribed, e.g., in the references cited above) is shown in 
FIG. 1. . 

Shown are the transmitter portion at the top of the 
?gure, the receiver portion at the bottom and the vari 
ous parameters (j, g, M, B and A) that are transmitted 
via a communication channel 50. CELP is based upon 
the traditional excitation-?lter model where an excita 
tion signal, drawn from an excitation codebook 10, is 
used as an input to an all-pole ?lter which is usually a 
cascade of an LPC-derived ?lter l/A(z) (20 in FIG. 1) 
and a so-called pitch ?lter l/B(z), 30. The LPC polyno 
mial is given by 

A - 1i’ -i 
(Z) — [:0 an 

and is obtained by a standard M'h-order LPC analysis of 
the speech signal. The pitch ?lter is determined by the 
polynomial 

where P is the current “pitch” lag-a value that best 
represents the current periodicity of the input and bj’s 
are the current pitch taps. Most often, the order of the 
pitch ?lter is q=l and it is rarely more than 3. Both 
polynomial A(z), B(z) are monic. 
The CELP algorithm implements a closed-loop (anal 

ysis-by-synthesis) search procedure for finding the best 
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excitation and, possibly, the best pitch parameters. In 
the excitation search loop, each of the excitation vectors 
is passed through the LPC and pitch ?lters in an effort 
to ?nd the best match (as determined by comparator 4-0 
and minimizing circuit 41) to the output, usually, in a 
weighted mean-squared error (WMSE) sense. As seen 
in FIG. 1, the WMSE matching is accomplished via the 
use of a noise-weighting ?lter W(z) 35. The input 
speech s(n) is ?rst pre-?ltered by W(z) and the resulting 
signal x(n) (X(z)=S(z) W(z)) serves as a reference sig 
nal in. the closed-loop search. The quantized version of 
x(n), denoted by y(n), is a ?ltered excitation, closest to 
x(n) in an MSE sense. The ?lter used in the search loop 
is the weighted synthesis ?lter I~I(z)=W(z)/[B(z) A(z)]. 
Observe, however, that the ?nal quantized signal is 
obtained at the output of the unweighted synthesis ?lter 
l/[B(z) A(z)], which means that W(z) is not used by the 
receiver to synthesize the output. This loop essentially 
(but not strictly) minimizes the WMSE between the 
input and output, namely, the MSE of the signal 
($(Z)—$(Z)) W(z) 
The ?lter W(z) is important for achieving a high 

perceptual quality in CELP systems and it plays a cen 
tral role in the CELP-based wideband coder presented 
here, as will become evident. 
The closed-loop search for the best pitch parameters 

is usually done by passing segments of past excitation 
through the weighted ?lter and optimizing B(z) for 
minimum WMSE with respect to the target signal X(z). 
The search algorithm will be described in more detail. 
As shown in FIG. 1, the codebook entries are scaled 

by a gain factor g applied to scaling circuit 15. This gain 
may either be explicitly optimized and transmitted (for' 
ward mode) or may be obtained from previously quan 
tized data (backward mode). A combination of the 
backward and forward modes is also sometimes used 
(see, e. g., AT&T Proposal for the CCITT l6 Kb/s 
speech coding standard, COM N No. 2, STUDY 
GROUP N, “Description of 16 Kb/s Low-Delay Code 
excited Linear Predictive Coding (LD-CELP) Algo 
rithm," March 1989). See also U.S. patent application 
Ser. No. 07/298451, entitled “A Low-Delay Code 
Excited Linear Predictive Coder for Speech or Audio,” 
by J-H. Chen, ?led Jan. 17, 1989, and assigned to the 
assignee of the present invention, which application is 
hereby incorporated in this disclosure by reference as if 
set forth in its entirety. 

In general, the CELP transmitter codes and transmits 
the following ?ve entities: the excitation vector (j), the 
excitation gain (g), the pitch lag (p), the pitch tap(s) (B), 
and the LPC parameters (A). The overall transmission 
bit rate is determined by the sum of all the bits required 
for coding these entities. The transmitted information is 
used at the receiver in well-known fashion to recover 
the original input information. 
The CELP is a look-ahead coder, it needs to have in 

its memory a block of “future” samples in order to 
process the current sample which obviously creates a 
coding delay. The size of this block depends on the 
coder’s speci?c structure. In general, different parts of 
the coding algorithm may need different-size future 
blocks. The smallest block of immediate future samples 
is usually required by the codebook search algorithm 
and is equal to the codevector dimension. The pitch 

' loop may need a longer block size, depending on the 
update rate of the pitch parameters. In a conventional 
CELP, the longest block length is determined by the 
LPC analyzer which usually needs about 20 msec worth 
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4 
of future data. The resulting long coding delay of the 
conventional CELP is therefore unacceptable in some 
applications. This has motivated the development of the 
Low-Delay CELP (LD-CELP) algorithm (see above 
cited AT&T Proposal for the CCITT l6 Kb/s speech 
coding standard). 
The Low-Delay CELP derives its name from the fact 

that it uses the minimum possible block length-the vec 
tor dimension. In other words, the pitch and LPC ana 
lyzers are not allowed to use any data beyond that limit. 
So, the basic coding delay unit corresponds to the vec 
tor size which only a few samples (between 5 to 10 
samples). The LPC analyzer typically needs a much 
longer data block than the vector dimension. Therefore, 
in LD-CELP the LPC analysis can be performed on a 
long enough block of most recent past data plus (possi 
bly) the available new data. Notice, however, that a 
coded version of the past data is available at both the 
receiver and the transmitter. This suggests an extremely 
ef?cient coding mode called backward-adaptive-cod 
ing. In this mode, the receiver duplicates the LPC anal 
ysis of the transmitter using the same quantized past 
data and generates the LPC parameters locally. No 
LPC information is transmitted and the saved bits are 
assigned to the excitation. This, in turn, helps in further 
reducing the coding delay since having more bits for the 
excitation allows using shorter input blocks. This cod 
ing mode is, however, sensitive to the level of the quan 
tization noise. A high-level noise adversely affects the 
quality of the LPC analysis and reduces the coding 
efficiency. Therefore, the method is not applicable to 
low-rate coders. It has been successfully applied in 16 
Kb/s LD-CELP systems (see above-cited AT&T Pro 
posal for the CCITT l6 Kb/s speech coding standard) 
but not as successfully at lower rates. 
When backward LPC analysis becomes inefficient 

due to excessive noise, a forward-mode LPC analysis 
can be employed within the structure of LD-CELP. In 
this mode, LPC analysis is performed on a clean past 
signal and LPC information is sent to the receiver. For 
ward-mode and combined forward-backward mode 
LD-CELP systems are currently under study. 
The pitch analysis can also be performed in a back 

ward mode using only past quantized data. This analy 
sis, however, was found to be extremely sensitive to 
channel errors which appear at the receiver only and 
cause a mismatch between the transmitter and receiver. 
So, in LD-CELP, the pitch ?lter B(z) is either com 
pletely avoided or is implemented in a combined back 
ward-forward mode where some information about the 
pitch delay and/or pitch tap is sent to the receiver. 
The LD-CELP proposed here for coding wideband 

speech at 32 Kb/s advantageously employs backward 
LPC. Two versions of the coder will be described in 
greater detail below. The ?rst includes forward-mode 
pitch loop and the second does not use pitch loop at all. 
The general structure of the coder is that of FIG. 1, 
excluding the transmission of the LPC information. 
Also, if the pitch loop is not used, B(z)=1 and the pitch 
information is not transmitted. The algorithmic details 
of the coder are given below. 
A fundamental result in MSE waveform coding is 

that the quantization noise has a ?at spectrum at the 
point of minimization, namely, the difference signal 
between the output and the target is white. On the other 
hand, the input speech signal is non-white and actually 
has a wide spectral dynamic range due to the formant 
structure and the high-frequency roll-off. As a result, 
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