
A Real-Time System for Voie over IP using theAdaptive Multi-Rate Speeh CoderFrank Mertz�, Rainer Martin�, Benoit Bossu�,Tim Fingsheidty, and Tobias Färbery�Institute of Communiation Systems and Data Proessing ( ), Aahen University of TehnologyMu�eter Weg 3, 52056 Aahen, Germany / E-mail: {mertzjmartin}�ind.rwth-aahen.deySiemens AG, Information and Communiation Mobile (ICM)Grillparzerstraÿe 10a, 81675 Münhen, Germany / E-mail: Tim.Fingsheidt�mh.siemens.deAbstratThe transmission of oded speeh over paket-swithed networks, suh as the Internet, has to deal withpaket loss and paket delays, not ourring in the traditional iruit-swithed speeh transmission. In thisontribution we present paket-swithed transmission methods for speeh frames enoded by the AdaptiveMulti-Rate (AMR) speeh oder, a state-of-the-art oding sheme that provides di�erent swithable bit rates.By expliitly adding redundany to the transmitted data pakets we ahieve a high degree of robustness withrespet to frame erasures. The results we present were obtained by our real-time Voie over IP transmissionsystem whih are also desribed in this paper.1 IntrodutionFuture teleommuniation systems will probably uti-lize a single network for all kind of teleommuniationservies and they will integrate traditionally separatedservies into powerful uni�ed appliations. These sys-tems will be based on an all-IP infrastruture us-ing paket-swithed tehnology. This will also a�etthe iruit-swithed plain old telephone system, whihwill most likely migrate to a paket-swithed systemas well.To ahieve toll quality, the speeh proessing teh-nology, mostly designed for iruit-swithed networks,has to be adapted to deal with network ongestion,paket delay and paket loss, ourring in paket-swithed networks. Furthermore, network protoolshave to be adapted and/or enhaned to support real-time transmission of, e.g., speeh or video data.An inreasing use of Voie over IP systems will leadto higher network ongestion, and therefore a rea-sonable data rate alloation has to be applied. Thissuggests the use of a sophistiated speeh ompres-sion algorithm like the modern oders from the �eldof mobile ommuniation systems. In our studies onVoie over IP transmission we use the AMR speehoder [1℄ for ompressing the speeh signal. This oderis based on CELP tehnology (Code Exited LinearPredition) using algebrai odebooks (ACELP). The

AMR has been standardized by ETSI1 / 3GPP2 andwill be the mandatory speeh ode in UMTS sys-tems. It provides eight di�erent bit rates, rangingfrom 4.75 kbit/s up to 12.2 kbit/s. It is possible toswith between adjaent modes bak and forth evenfrom one frame to the next. The ode was designedto allow a �exible alloation of the overall bit rate tothe soure and hannel oders. To enhane the ro-bustness against errors in bad hannel onditions thebit rate used by the hannel oder may be inreasedat the expense of the soure oder bit rate. Adaptingthe oder mode to the hannel quality provides high-est possible speeh quality in good hannel onditionsand a slightly lower base quality but inreased errorprotetion in noisy hannel onditions. This �exibil-ity of the AMR ode an also be utilized in paket-swithed speeh transmission systems, as we will showin setion 4 of this paper.Paket-swithed transmission of real-time data likespeeh will not be restrited to �xed networks. As theupoming third generation of wireless ommuniationsystems will be apable of paket data transmissionat reasonable data rates, the appliation of Voie overIP tehnology in mobile ommuniations is thinkable.This an be streaming audio as part of a video-streamor real-time telephony, e.g. in a video-onferene or1European Teleommuniations Standards Institute2Third Generation Partnership Projet



as all initiated from a web-site.In the following setions we will desribe whih pro-tools from the Internet protool stak are alreadyavailable for real-time data transmission, how ourVoie over IP transmission system is strutured, andwhat an be done to enhane the robustness of speehtransmission with respet to frame erasures aused bypaket losses.2 Internet Protools forReal-Time AppliationsThe standard protools from the Internet protoolstak were not developed to provide transmission ofreal-time data streams, e.g. for audio or video ap-pliations. There is no means of requesting a speialQuality of Servie (QoS) within the urrently usedversion of the Internet Protool (IPv4). However, theshortage of available Internet addresses has been oneof the reasons to initiate the development of a newversion (IPv6), that among various modi�ations ad-ditionally provides QoS features.It will still take some time until the Internet in-frastruture will be upgraded to use the new proto-ol features in a large sale and until QoS guaran-teeing routing strategies will be available. Until thenthe real-time dependent data pakets have to ompetewith all other transmitted pakets.2.1 IP - Internet Protool& UDP - User Datagram ProtoolThe Internet Protool (IP) is the network layer proto-ol of the Internet, among others providing the fun-tion for addressing the target host. One layer above,the transport layer provides two di�erent protools,TCP (Transport Control Protool) and UDP (UserDatagram Protool).The onnetion-oriented TCP numbers the paketsand requests repeated transmission of lost pakets. Inreal-time appliations, however, there is no time forre-transmission in ase of a paket loss. Thereforethe smaller UDP is used in suh appliations, basi-
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Figure 2: Assembling Internet pakets forVoie over IP transmissionally providing the addressing of the target applia-tion via port numbers. UDP works onnetion-lessand operates a best-e�ort transmission of data pak-ets. No guarantee is given whether the pakets arrivein orret order or that they arrive at all. It does notnumber the pakets and does not request repeatedtransmission of lost pakets as TCP does. The abil-ity to reassemble the speeh data in orret order atthe reeiver is provided by the Real-Time TransportProtool (RTP), desribed in the next setion.2.2 RTP - Real-Time TransportProtoolThe Real-Time Transport Protool (RTP) [2℄ hasbeen developed for the transmission of real-time datastreams over the Internet. It provides paket num-bering and timestamps to insure orret reordering ofpakets at the reeiver.The header that is added to the data pakets byRTP is shown in Fig. 1. The most signi�ant �eldsof the RTP header are the following. The payloadtype (PT) �eld de�nes the type of data ontained inthe RTP paket (e.g. MPEG-4 video or AMR speehoder frames). The SSRC (synhronization soure)identi�er is a unique number within an RTP session,identifying the sending soure of the paket. Time-stamp and sequene number allow orret reorderingat the reeiver and the synhronization of parallelvideo/audio paket streams. The sequene numberis inremented with eah paket being sent, and thetimestamp re�ets the sampling time of the �rst datasample from the paket's payload.The payload of RTP pakets itself gets a speialRTP payload header, dependent on the type of pay-load whih is sent via RTP. There is urrently a stan-dardization in progress to speify the payload formatfor AMR enoded speeh frames [3℄. The board re-sponsible for standardization of Internet protools isthe Internet Engineering Task Fore (IETF) [4℄, andresponsible for audio and video transmission is theAudio Video Working Group within the IETF.Aording to the urrent draft, the RTP payloadheader for AMR enoded speeh frames provides �eldsfor optionally speifying the use of CRC bits (yli
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Figure 3: Real-time system for Voie over IP transmission using the Adaptive Multi-Rate(AMR) speeh oder and frame erasure onealment.redundany hek), a �eld for requesting the usageof a speial oder bit rate (Code Mode Request -CMR), et. It is possible to send an arbitrary numberof speeh frames within one RTP paket, the times-tamp �eld desribing the �rst speeh frame within thepaket. Following frames have to be interpreted a-ordingly.2.3 RTCP - RTP Control ProtoolThe RTP standard [2℄ additionally spei�es a RTPControl Protool (RTCP) whih provides the trans-mission of feedbak information on the quality of theurrent transmission. RTCP periodially transmitsso-alled Sender and/or Reeiver Reports ontaininginformation on the amount of pakets sent/reeived,the number of pakets lost and an estimate of theinter-arrival jitter. The inter-arrival jitter is de�nedas the mean deviation of the time di�erene in paketspaing at the reeiver ompared to the sender. Fromtimestamp �elds an estimate of the urrent round-triptime an be alulated.This feedbak information an be utilized by thesender to hoose an appropriate transmission shemethat is suitable for the urrent hannel onditions.The reeiver an use the information to adapt its jitterbu�er length.2.4 Assembling the Internet PaketsFig. 2 depits how the Internet pakets are assembled.The speeh data, together with the payload header,is �rst embedded into RTP pakets that are subse-quently attahed to UDP and IP headers. The as-sembled RTP/UDP/IP pakets are transmitted overthe network.

From the given numbers it beomes lear that theoverhead in data rate introdued by the various head-ers is enormous ompared to the fairly small speehdata rate. For instane, when sending one speehframe per RTP paket, enoded by the highest AMRbit rate of 12.2 kbit/s, a 40 byte header is neessaryto transport about 31 byte of speeh data. This be-omes partiularly relevant when there is a wirelesslink within the transmission route, like the link be-tween a base station and an UMTS hand-held. In thisase header ompression algorithms [5℄ are absolutelyneessary to redue the protool overhead.3 Voie over IP SystemWe developed a system that provides a frameworkto study, develop and test transmission shemes andmethods of frame erasure onealment for Voie overIP appliations. Its struture is shown in Fig. 3. Thespeeh data an be in-/exported by �les or a miro-phone/speaker. The program works in real-time, pro-viding studies with real-life networks and the apa-bility of live telephone onferenes. The speeh datais enoded in frames of 20ms by the AMR oder andpaked into RTP pakets using a spei�ed pakingsheme (e.g. one or more frames per paket, op-tional redundany). The RTP pakets are attahed toUDP/IP protool headers and submitted into a emu-lated or real-life network.The reeiver blok, realized as separate programthread, evaluates the reeived RTP pakets and re-trieves the enlosed speeh frames. The timestamp�eld from the RTP header desribes where the �rstframe from the pakets payload belongs in the ur-rent speeh stream. Other �elds from the payloadheader de�ne if there are further frames enlosed in



this paket and where they are plaed in time relativeto the �rst frame. The frames are retrieved from thepaket and sorted into a frame bu�er, the so-alledjitter bu�er. This bu�er is needed to deal with thedeviation in paket inter-arrival times, but also intro-dues a delay whih depends on its length. The jitterbu�er an be made adaptive to adjust its length tothe urrent transmission delay [6℄.Some of the pakets might get lost during the trans-mission. This an be aused by over�owing queues atnetwork nodes, or the pakets do not reah the re-eiver in time and therefore have to be disarded. Ina real-time appliation there is only a limited timeto wait for pakets to arrive. When a frame is stillmissing at the time it has to be deoded by the AMRdeoder and played out, a frame erasure onealmenttehnique has to be ativated to replae the missingpaket by an approximation in order to maintain anuninterrupted output signal. One possible method isto set the so-alled BFI Flag (Bad Frame Indiation)whih is part of the AMR deoder. In wireless om-muniation systems this �ag is set in ase a frameontains too many bit errors. When set the deoderuses information of previous frames to approximatethe missing speeh parameters. In the ase of sin-gle missing pakets this method is very e�etive, onlyslightly degrading the speeh quality. In ase severalonseutive frames are lost, the signal is muted.In addition to the RTP paket stream a RTCPpaket stream is generated on another port to pro-vide feedbak information as desribed in setion 2.3.Besides the possibility to use the real Internet fortransmission, we implemented a simple hannel modelthat introdues determined paket loss rates. Thepakets may also be sent through a network emulationsoftware. We use the emulation features of the Berke-ley Network Simulator ns [7, 8℄ to emulate a om-plex paket-swithed network, onsisting of variousnodes and links with spei�ed attributes like queuelength, transmission bandwidth, delay, et. The em-ulation feature of this simulator allows to send a real-life paket stream (generated by our Voie over IPprogram) through the emulated network, running inreal-time. The real-life stream is a�eted by emu-lated onurrent TCP and UDP streams and delayedor even lost in ase of over�owing queues at ertainnetwork nodes.4 Transmission MethodsThe amount of speeh frames e�etively lost duringa Voie over IP transmission an be redued by ex-pliitly introduing redundany into the transmittedpakets. To maintain the overall transmission datarate the base quality of the speeh has to be slightlyredued by using a lower enoder rate. Several strate-gies are possible and the hoie whih to use might
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Figure 4: Shemes for paking AMR framesin RTP paketsa) single frame / paketb) 2 frames / paket, paket sent twie) 2 frames / paket, overlap of 1 framed) 3 frames / paket, overlap of 2 framesbe adaptively ontrolled by the information on theurrent transmission quality supplied by the RTCPsender and reeiver reports.Fig. 4 shows some possible transmission shemesthat have an overall payload data rate of about 12-14 kbit/s. When the paket transmission is reliableand only very few pakets get lost or arrive too late,method a) is hosen, using the highest possible AMRoder rate (12,2 kbit/s) for the best possible base qual-ity. When more paket losses our, a swith tomethod b) or ) would be reasonable. Method b)paks two suessive enoded speeh frames into oneRTP paket and transmits it twie. By reduing theoder rate to 5.9 kbit/s the overall bit rate inlud-ing headers would be the same as with transmitting12.2 kbit/s with method a). Sending the pakets twieresults in a redution of the e�etive loss rate, asonly one of them needs to be reeived in time. Alter-natively method ) sends eah paket only one butpaks two suessive speeh frames in one paket inan overlapping fashion (eah at 5.9 kbit/s). When apaket gets lost its bakup sent with the next paketan be used instead. Thereby, single paket losseshave no e�et on the speeh quality. Both methods



Paket Loss Rate 0% 2% 5%Method a) 91% 55% 20%Method ) 9% 45% 80%Table 1: Subjetive preferene of transmissionmethods at di�erent paket loss ratesredue the base quality of the speeh signal by redu-ing the oder rate and utilize this to add redundanyto the transmission and thereby inrease the robust-ness against paket losses.When there our even more paket losses result-ing in an inreasing amount of losing two suessivepakets, the oder rate might be further redued andthree suessive speeh frames with an overlap of twoframes ould be paked in eah RTP paket.5 Simulation ResultsUsing our Voie over IP system desribed in setion 3we ran some �rst simulations to study the di�erentframe paking methods presented in the previous se-tion. In ase all redundant data of a speeh frame islost, the BFI �ag is set, ativating the onealmentalgorithm of the AMR deoder as explained in se-tion 3.Tab. 1 shows the results of a listening test at ourlaboratory. In an A/B omparison test the listenershad to judge between speeh �les transmitted by themethods a) - 12.2 kbit/s enoded frames without addi-tional redundany - and ) - 5.9 kbit/s enoded frameswith redundant transmission - at di�erent paket lossrates. Ten listeners partiipated in this test. Eightphonetially balaned speeh �les were used for eahtest ondition. With zero paket losses the qualityjudgment is redued to a deision between the AMRoder modes 12.2 kbit/s and 5.9 kbit/s. For this on-dition the listeners mostly preferred the quality of thehigher bit rate mode. At 2% paket loss rate thequality of the 12.2 kbit/s mode is slightly degraded bythe use of BFI frame erasure onealment in methoda). In method b), however, single missing paketsdo not result in missing speeh frames beause of theredundant opy in the following paket. The listen-ers judged the quality of both methods as about thesame in this ase, slightly preferring the higher bitrate mode beause of its higher base quality. Whenthe paket loss rate is inreased to 5%, the oneal-ment e�orts in method a) beome more audible, re-sulting in a speeh quality inferior to method ). Thelatter only needs to use the BFI onealment in asetwo suessive pakets are lost.The quality of method b) proved to be about thesame as method ). Beause of its poorer base quality,method d) will not perform better until the loss rateinreases muh further and/or a higher burstiness ofpaket losses our.

6 ConlusionsIn this paper we have given an introdution into thetransmission of speeh data via paket-swithed net-works and presented our Voie over IP transmissionsystem. As we have shown, a fairly high robustnesswith respet to frame erasures an be reahed by ex-pliitly adding redundany to the transmitted pak-ets. However, some speeh frames might still be lost.This requires an e�etive frame erasure onealmenttehnique at the reeiver to make these losses subje-tively less audible. The BFI algorithm of the AMRspeeh ode has proved to be e�etive to oneal theremaining frame losses. Possible improvements of theframe erasure onealment tehnique, e.g. by exploit-ing information from already reeived pakets, bothbefore and behind the missing paket, will be part ofour further studies. In this ontext MMSE parameterestimation tehniques are useful [9℄.Referenes[1℄ ETSI, Spe. GSM 06.90: Adaptive Multi-Rate(AMR) Speeh Transoding. European Teleom-muniations Standards Institute, 2000.[2℄ IETF, RFC 1889: RTP: A Transport Protoolfor Real-Time Appliations. Internet EngineeringTask Fore, Jan. 1996.[3℄ INTERNET-DRAFT, RTP payload format and�le storage format for AMR and AMR-WB audio.IETF, http://www.ietf.org/ietf/lid-abstrats.txt,5 ed., June 2001.[4℄ �IETF (Internet Engineering Task Fore).�http://www.ietf.org.[5℄ IETF, RFC 2508: Compressing IP/UDP/RTPHeaders for Low-Speed Serial Links. Internet En-gineering Task Fore, Feb. 1999.[6℄ Y. J. Liang, N. Färber, and B. Girod, �Adap-tive Playout Sheduling Using Time-sale Modi�-ation in Paket Voie Communiations,� in Pro.of the Intern. Conf. on Aoustis, Speeh and Sig-nal Proessing (ICASSP), IEEE, 2001.[7℄ S. MCanne and S. Floyd, �ns Network Simula-tor.� http://www.isi.edu/nsnam/ns/.[8℄ K. Fall, K. Varadhan, and the VINT projet,The ns Manual. VINT Projet, Feb. 2001.www.isi.edu/nsnam/ns/ns-doumentation.html.[9℄ R. Martin, C. Hoelper, and I. Wittke, �Esti-mation of Missing LSF Parameters Using Gaus-sian Mixture Models,� in Pro. of the Intern.Conf. on Aoustis, Speeh and Signal Proessing(ICASSP), vol. 2, IEEE, 2001.


